HARMONIC ANALYSIS OF TwO PROBLEMS IN
SIGNAL QUANTIZATION AND COMPRESSION

C. SINAN GUNTURK

A DISSERTATION
PRESENTED TO THE FACULTY
OF PRINCETON UNIVERSITY
IN CANDIDACY FOR THE DEGREE
OF DOCTOR OF PHILOSOPHY

RECOMMENDED FOR ACCEPTANCE
By THE PROGRAM IN
APPLIED AND COMPUTATIONAL MATHEMATICS

NOVEMBER 2000



(© Copyright by C. Sinan Glintiirk, 2000.
All Rights Reserved



Abstract

This thesis is composed of two inpendendent parts:

Part I is on one-bit quantization of bandlimited functions, i.e., functions on the
real line with compactly supported Fourier transforms. In such a scheme, a given
bandlimited function « taking values in [0, 1] is represented for each sampling density
A, by a {0, 1}-sequence ¢y such that convolving this sequence with an appropriately
chosen filter kernel produces an approximation of the original function =, which, as
A — 00, is required to converge to x in a given functional sense. A popular example
of such a scheme is sigma-delta quantization, in which representative bitstreams are
produced via a symbolic dynamics associated with a nonlinear discrete dynamical sys-
tem forced by the input sample sequences. This thesis presents a new framework and
improved techniques for the error analysis of sigma-delta quantization. A combina-
tion of tools from analytic number theory, harmonic analysis and dynamical systems
are used to sharpen the existing error estimates.

Part II is on the functional space approach in the mathematical study of image
compression. This approach, inspired by various toy models for natural images and
the characterizations of linear and nonlinear approximation in wavelet bases through
norm equivalences, treats images as functions in suitable Besov spaces. This thesis
analyzes the validity and accuracy of this approach to a further extent, and demon-
strates that while this is in general a fruitful approach, it can fail or be misleading in
a variety of cases.
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Part 1

One-Bit Quantization of
Bandlimited Signals






Chapter 1

Introduction

The first part of this thesis is on the approximation theory of oversampled quanti-
zation methods for bandlimited functions, with a particular emphasis on sigma-delta
schemes. Our treatment of this subject will employ ideas and tools from a number
of areas in pure and applied mathematics, ranging from harmonic analysis and ap-
proximation theory to dynamical systems, analytic number theory and information
theory. Our aim is to give an integrated account of the various formulations of the
problem as well as to separate and isolate some of its abstract ingredients, which turn
out to lead to very interesting problems that can be studied on their own. We shall
present many improvements to the previously known estimates of the performance of
existing as well as new schemes.
kkk

Audio signals are modeled as bandlimited functions, i.e., real valued functions on
the real line with compactly supported Fourier transforms. More formally, we define
the class Bg of bandlimited functions by

Bo ={z:R — R |z is a finite Borel measure supported on [—2, Q]} . (1.1)

Here, & denotes the Fourier transform of x. A bandlimited function is completely
determined by its sample values on a sufficiently dense uniform grid: Any x € Bg
can be recovered from its samples {z(%)}nez for A > Q/7, as a weighted sum of
translates of a single kernel:

o(t) =) w(R)elt - %), (1.2)

ne”L

where ¢ is an appropriate function in L'(R). This is the classical sampling theorem
whose precise statement we shall give in the next chapter.

Sampling is the first step of analog to digital conversion. The next step is quanti-
zation, which is the reduction of the sample values from their continuous range to a
discrete set. The final step is coding, after which a digital bitstream is generated as
the final representation of the continuous time signal. Quantization sometimes con-
tains some of the ingredients of coding as well, as we shall see in the case of one-bit
quantization.



In the simplest setting, the discrete set of quantization levels is an arithmetic
progression As with spacing 0. Then, the approximate signal takes the form

Esa(t) =) asa(n)e(t — ), (1.3)

neL

where each gs\(n) is selected from the set As. The selection procedure is usually
“memoryless”, meaning that there is a mapping ()5 : R — A; for “rounding” such that
g (n) = Qs(x(%)). Classically, the trade-off between the size of the representation
and the error of the approximation is controlled by the quantization step, while the
sampling rate A is fixed at a value \j slightly above the critical Nyquist density /7.
Closer approximations are then obtained by letting 6 — 0, to result in

lim 55, = @ (1.4)

in some functional sense.

The situation is reversed in an oversampled quantization scheme in which the
quantization procedure is fixed and is coarse, and approximations are improved by
increasing the sampling density only. For instance, Aj; is fixed at say § = dp, and the
¢s,.1(n) are appropriately chosen so that instead one now aims at achieving

)\llirolo Tsy ) = . (1.5)
In the case when there is an a priori bound M for the maximum amplitude of
the signals in consideration, the set A, can be truncated to consist of the two values
{—=M, M} only. This is what we shall assume from here on. Thus, we shall be
interested only in one-bit schemes. It is by no means immediate that it is possible
to construct such schemes. Indeed, the quantization procedure needs to be designed
carefully; for instance, it can easily be checked that the simplest procedure of rounding
every sample to the closest value in As, is not capable of producing arbitrarily fine
approximations to bandlimited functions as A — co. Schemes used in practice, called
sigma-delta modulators (quantizers) are smart ways of circumventing this problem.
A sigma-delta modulator runs a nonlinear discrete dynamical system forced by
the sample sequence {x(%)}nez of the function; an associated symbolic dynamics
(the quantization) produces the bitstream of representation. The dynamical system
typically takes the form of a difference equation

Afu(n) + gy (n) = (%), (1.6)
where A is the difference operator defined by Au(n) = u(n) —u(n — 1), and
asor(n) = Q(u(n — 1), u(n —2),..., 2(2),z(%2),...) (1.7)

for some appropriate quantizer function (). There are various sigma-delta mod-
ulators of different orders and different rules of quantization given by k and Q(-),
respectively; in some cases the Afu(n) term is replaced by (a * A*u)(n), where a
is a fixed finite sequence and * stands for the convolution of sequences. A common
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crucial property of all the schemes is that an approximation to the original function
is obtained via a convolutional operator acting on the quantized representative se-
quence, as given in (1.3). Although the dynamical systems are defined to fit such a
reconstruction procedure, very little had been established, until recently, about the
mathematical approximation theory for these schemes.

A sigma-delta scheme is called stable when the associated sequence u is bounded.
Certainly, stability depends crucially on the function Q(-). Major problems start to
arise for orders greater than one. Even for second order schemes, proving stability is a
non-trivial task for most of the popular quantization rules used in practice. For orders
of three and higher, ad hoc schemes have been designed in practice, but without any
proof of stability [1, 2]. The first construction of a family of arbitrary order stable
sigma-delta schemes is due to Daubechies and DeVore [3]; they also gave the first
rigorous proof that the error of approximation for a stable k-th order sigma-delta
scheme is bounded by O(A~%) in the L> norm. We shall briefly describe their scheme
in Chapter 4.

In the special case of first order schemes, the approximation estimate of [3] re-
duces to O(A™1). This falls short of the experimentally observed decay rate, which
is O(A=%/%). (This estimate has always been stated in the folklore in an “averaged”
sense.) One of the main results we shall present in this thesis is an improvement
of the rigorous O(A™!) estimate towards this empirical decay rate. By employing
various ideas and techniques from analytic number theory and harmonic analysis, we
improve the pointwise estimate by raising the exponent from 1 to 4/3. This is the
best result so far for first order schemes and for arbitrary bandlimited functions. We
shall give a proof of this result in Chapter 3. For second order schemes, which have
better approximation potential, more variety in the rules of quantization is possible.
We fix on two particular choices, and analyze the corresponding dynamical systems
for constant inputs. By applying techniques analogous to those for the first order
scheme, we improve the error estimate both in the pointwise and the mean square
sense.

One feature of the sigma-delta schemes is that the bits in the representation se-
quences play a “democratic” role in the convolutional reconstruction procedure. We
analyze this aspect of the problem in an information theoretical framework in Chap-
ter 4. A related problem in this context is the robustness of the symbolic dynamics
arising from sigma-delta modulation under certain perturbations and with respect to
the convolutional reconstruction procedure (1.3). This is of great practical impor-
tance as well as of theoretical interest. We provide tight upper and lower bounds
on the mean square error of the optimal reconstruction for a uniformly distributed
random constant input, and we prove its robustness under certain small systematic
perturbations of the dynamical system. This result was obtained in collaboration
with J. C. Lagarias and V. Vaishampayan [4]. This is a first step towards a theory
of robust quantization, which will be complementary to the well-understood classical
theory. Another interesting problem in sigma-delta quantization is connected to the
approximation in a general LP-norm; this will also be explored in Chapter 4.



Chapter 2

One-Bit Quantization: A (eneral
View

In the Introduction, we stated the problem of one-bit quantization in terms of general
bandlimited functions. The problem remains interesting and still far from trivial when
one considers only constant functions, which are, of course, an extreme special case of
bandlimited functions. Indeed, a whole new set of problems, most of which strongly
connect to number theory, arise in the study of this special case. Insight in these
problems may shed more light on the general case, and certainly provides limits on
what can be expected for more general bandlimited functions. In this chapter, we
shall give a general account of one-bit quantization for both constant and arbitrary
bandlimited functions.

2.1 On a Representation of Real Numbers

Consider the problem of representing real numbers in [0, 1] by binary sequences in
the following translation invariant manner: Each x € [0,1] is mapped to a sequence
q == ¢ € {0,1}% such that for some appropriate sequence h € ¢*(Z), called the
reconstruction filter, one has

gxh=ux, (2.1)

where * denotes convolution of two sequences, and the symbol x also denotes the
constant sequence (...,x,x,...). A natural normalization for A is the condition
> h(n) = 1, which means that for each z, the “density” of 1’s in the corresponding
sequence ¢ has to equal x. This also implies that the number 1 is necessarily rep-
resented by the sequence (..., 1,1,...) and the number 0 is necessarily represented
by the sequence (...,0,0,...). While these two sequences are the unique represen-
tations of these two numbers, there can be many possibilities for other values of
x. For instance, the number 1/2 may be represented by (...,0,1,0,1,...), or by
(...,0,0,1,1,0,0,1,1,...), since for both cases, there are appropriate (and in fact,
plenty of) choices for the reconstruction filter h so that (2.1) is satisfed.

On the other hand, as we shall show in §2.1.1, this problem is too strict in terms
of the reconstruction formula (2.1) to be solvable for all x; we will see that a solution
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exists if and only if x is rational, and the solution ¢ is necessarily a periodic sequence.
An alternative approach is to ask for a sequence of filters (hy) >0 such that

qxhy— x, (2.2)

uniformly, or at least pointwise, as A — oo. The normalization condition can be
relaxed to the weaker form > hy(n) — 1 as A — oo. Clearly, there would not be any
gain in introducing this alternative for a choice of sequence (h,) that converges in ',
since the problem would then be immediately reduced to the case (2.1). Indeed, a
typical choice is hy(n) = %X[m)(%), which converges to 0 uniformly as A — oo, but
not in ¢!. (We shall call this filter the rectangular filter or the rectangular window of
length A.) It turns out that in this new formulation, the problem has many solutions
valid for all z; moreover, it is possible to employ “universal” filter sequences (h,) that
remain the same for all values of x.
Yet another possibility is to let the binary representation vary with A as well; that
is, we require
Qo xhy —x (2.3)

as A — o0o. We shall give examples of constructions in the case of this more general
formulation later, when we discuss more general results in Chapter 4.

The last two settings are quite flexible and the main question consists in finding
efficient representations in the sense that (2.2) or (2.3) converges rapidly in A\. We
shall restrict ourselves to filters h) that are scaled versions of an averaging window,
as in the example of rectangular filter we have just given. It is also desirable to
determine the exact rate of convergence for particular schemes that have other features
of interest.

2.1.1 General Considerations

Let us start with the problem (2.1). We claimed that a solution exists if and only if
x is rational. This claim will follow simply as a corollary to a theorem of Szegd. We
first recall the definition of spectral set for bounded sequences.

Definition 2.1. Let a be a sequence in (*°. Then the spectral set o(a) is the set of
all ¢ € T such that bxa =0 (b € (') implies Y, b(n)e " = 0.

The spectral set of a sequence a in ¢! is precisely the closed support of its Fourier
transform a(¢) := Y., a(n)e ™. Definition 2.1 extends this notion to arbitrary se-
quences in £*°, whose Fourier transforms are in general not functions. It is always
true that o(a) is a closed subset of T.

Szegd’s theorem, as stated in the following form in [5, 6] by Helson, deals with
spectral sets of sequences whose terms come from finite sets:

Theorem 2.2 (Szego-Helson). Let a be a sequence whose terms are all drawn from

a finite set S of complex numbers. Unless the sequence is periodic, its spectral set fills
T.



Let us apply this powerful theorem to the sequence ¢ — x. Certainly, the terms
of this sequence come from the finite set {—z,1 — z}. On the other hand, h x z = z,
since Y h(n) = 1. Thus, (2.1) is a restatement of (¢ — z) x h = 0. According to the
conclusion of the theorem, a nonperiodic ¢ (hence a nonperiodic ¢ — x) would mean
o(q— ) = T. This implies h(€) = 3 h(n)e=¢ = 0 for all € € T, and hence h = 0, a
contradiction. Hence, only periodic solutions of (2.1) may exist.

Now, consider a periodic solution ¢, whose period is N. Then ¢ h is also periodic
and its period divides V. It is a simple calculation to show that

> (gxh)(n) = q(n). (2.4)

Since the left hand side is equal to Nz and the right hand side is an integer M such
that 0 < M < N, it follows that x = M /N, i.e., = is rational. This proves the “only
if” part of our assertion. The “if” part follows from a trivial construction. Consider
a rational number x = M /N and let h be the rectangular averaging window of length
N. Let ¢ be a periodic sequence in {0, 1}Z with period N and set exactly M elements
of the set {q(k) : 1 <k < N} to 1. Then, it is clear that ¢ x h = z. In summary, we
have proved the following:

Theorem 2.3. There is a solution to (2.1) if and only if x is rational. The solution
q 1s necessarily periodic and its period is a multiple of the denominator of x in its
reduced form.

The rectangular filter of length N is an admissible reconstruction filter for all
the rational numbers in the set {P/Q : 0 < P < @, and @ divides N}. So, all the
numbers in the Farey series’ Fy can be decoded using a rectangular filter of length
l.em.(1,...,N). Now, let us consider the implications of (2.4) on the filter h, that
is, we would like to know under which conditions on the filter h, the formula (2.4) is
satisfied for a given z. If a rational number z = r/s (in its reduced form) is represented
by a sequence ¢ of period N, then s must divide N and precisely M = Nr/s elements
of the set {q(k): k=1,..., N} must be equal to 1. Let the corresponding indices be
l1,...,ly and define P(§) = Z]Ail e~ %, Then, a straightforward calculation shows

~

that ¢ x h = = implies P(§)h(§) =0 for all ¢ =27ap/N, p=1,....N—1. f M # N
(i.e., 2 # 1), then h(€) must vanish at least at one of these points. Indeed, for almost
any choice of {ly,...,ly}, almost all of these roots would have to belong to h. Since
h can not admit a dense set of zeros in T when h € ¢*, this leads us to conjecture the
following:

Conjecture 2.4. It is impossible to construct a “universal” filter that can decode all
rationals simultaneously. That is, there is no collection of sequences in {0,1}% such
that for every x € QN[0, 1], there is a sequence q in this collection for which qxh = x,
where h is fixed.

!The Farey series Fy of order N is the ascending series of irreducible fractions between 0 and 1
whose denominators do not exceed N [7].



Remark: One may weaken this conjecture by considering only filters h € ¢! with
exponential decay (which would require h to be analytic). On the other hand, an
independent (trivial) argument easily rules out all finitely supported filters.

We now consider the alternative formulation (2.2). We have already stated in the
introduction that in this more flexible approach it is possible to find solutions for
all x € [0, 1]; even stronger, universal filter sequences (h)) can be employed. Before
looking at sigma-delta quantization more closely as a scheme that generates such
solutions, let us state the following result, which is merely an extension of Theorem
2.3.

Theorem 2.5. A solution q to (2.2) for an irrational x is necessarily non-periodic.

Proof. Suppose (2.2) is satisfied for some x and a periodic ¢ € {0,1}%. Let N be the
period of g. Then, similar to (2.4), we have

N N

Z(q x hy)(n) — Zq(n), as A — oo. (2.5)
n=1 n=1
N
Combined with (2.2), this implies z = & 3 ¢(n), i.e. z € Q. O
n=1

2.1.2 Sigma-Delta (XA) Quantization

We briefly described a typical XA scheme in the Introduction. In this chapter, we
shall be interested only in the basic properties of the first order XA scheme, which
given a sequence (x(n))nez taking values in [0, 1], constructs a binary sequence ¢ such
that

n2

> aln) ~ Y an) (2.6)

ni

for all n; and ny,. Here, we have used the symbol ~ to mean that the two running
sums differ from each other at most by a fixed amount that is uniform for all n; and
no. This is done by the following procedure: Define the sequences X, () and g by

X(n) = Y =x(m), (2.7)

Q(n) = T):((n)J, and (2.8)
g(n) = Qn) —Qn—1). (2.9)

Since x takes values in [0, 1], we have ¢(n) € {0,1}; and at the same time (2.6) is
satisfied, up to an error less than 1. X can be defined naturally for negative indices
as well, by integrating backwards. Note that the equations (2.7), (2.8) and (2.9)
correspond to “Y”, “quantization” and “A”, respectively; hence giving the name of
the scheme.

Define the auxiliary variable u(n) := X(n) — Q(n). From (2.8), u(n) is equal to
the fractional part of X (n), which we denote by (X (n)). In practice, neither X (n)

9



nor (Q(n) are computed in an electronic circuit, since these variables are in general
unbounded. However, the sequence u is bounded and satisfies the recursion relation

u(n) —u(n —1) = x(n) —q¢(n), u(0)=0. (2.10)

In fact, this recursion is taken as the starting point in practice. One asks for a
bounded solution u of (2.10) such that ¢ € {0,1}%. The particular construction of ¢
we have considered in (2.7)-(2.9) is just one of the solutions of (2.10). This solution
can also be constructed by requiring u(n) to satisy (2.10) and to lie in the interval
[0,1) for all n. Then, ¢(n) is automatically given by

1 ifu(n—1)+z(n) > 1,
aln) = { 0 ifu(n—1) +a(n) < 1. (2.11)

We shall now restrict the YA algorithm to the case in which = is a constant
sequence. Our setting is (2.2), i.e., we shall reconstruct each = € [0, 1] from its
representative binary sequence ¢ as the limit )\lim q * hy where the family (h,) of

filters obey the scaling relation hy(n) := $¢(%) for an appropriate function ¢ € L.
For a given filter hy, let us derive an estimate for the error ey := x — ¢ % h). The
error may be bounded by a sum of two contributions:

lea(n)| < [o(1 =) ha(n))| + ‘ > (@ = q(k)ha(n = k)| (2.12)
n k

Let us call these two terms e} and €3. It is possible to choose ¢ such that the first
error term is zero for all A. For instance, ¢ = x[o,1) has this property for all integer A;
on the other hand, ¢ € BV N B, with ¢(0) = 1 has it for all real A > 1 (which may
easily be seen using Poisson’s summation formula). Assume a choice of ¢ with this
property, which leaves us with €3 = (x — q) * hy.

Theorem 2.6. For all A, ||e][e < Var(p).

Proof. Let A denote the difference operator acting on sequences, defined by Au(n) :=
u(n) — u(n — 1). Using the recursion relation (2.10), and that u is bounded by 1, it
follows that

el = [|Au s hyllee,
|| Ahy ||, (2.13)
< lullee || AN,
< %Var(w). (2.14)

O

We call this the “basic estimate”, in the sense that only boundedness of u was
used in the derivation. In the next chapter, we shall improve the exponent of A by
examining the expression (2.13) more closely.
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It is natural to ask how much information about x is “stored” in the first N
bits of the binary sequence ¢, instead of checking the error of reconstruction for the
specific convolution formulas considered above. So, let us consider the bit sequence
(q(1),...,q(N)). It is clear that the integer-valued N-tuple (Q(1),...,Q(N)) contains

the same amount of information as the N-tuple (¢(1),...,q(N)), since each can be
recovered from the other. It is also clear that
Q.(N) :=(Q(1),...,Q(N)) = (lz],..., [Nz]) (2.15)

is a monotonic function of z in the sense that if ;7 > xs, then Q. (N) > Q.,(N)
(meaning the inequality holds for all coordinates). It is easy to check that the number
of distinct vectors in the set {Q.(N) : 0 < x < 1} is exactly given by the number
of distinct couples (n,r) such that there is a value of z € [0, 1] for which |nz]| = r,
where n ranges between 1 and N. This number is the same as the number of lattice
points inside the triangle defined by {(n,r) : 1 <n < N; 0 <r < n}, which is equal
o N(N +1)/2. Thus, there are only O(N?) possible distinct values for Q.(N). In
fact, each of these values correspond to an interval in [0, 1] defined by the Farey series
Fn. This is the scalar quantizer* corresponding to the first N bits produced by a
first order YA scheme.

It is well known that the lengths of intervals produced by the Farey series vary
between 1/N? and 1/N. This means that for each N, the smallest possible error
interval cannot be smaller than 1/N?: even for the most favorable (g(1),...,q(N)),
the value of x giving rise to these ¢(k) cannot be determined with accuracy better
than O(1/N?). In the next chapter, when we improve the basic estimate for the error
of convolutional reconstruction, we shall see that this lower bound can in fact be
achieved (up to a logarithmic factor) as N — oo.

2.2 Arbitrary Bandlimited Functions

2.2.1 General Setup

The general formulations given by (2.2) and (2.3) lead to an extension of the problem
of one-bit quantization to more general functions than constants. Let z(-) be a func-
tion on R, taking values in [0, 1]. Given a sequence u, we define the measure pu,(u)

by .
pa(u) = 5 > u(n)dna, (2.16)

where 0, denotes the Dirac mass at the point a. Then, for each function x in some
appropriate class C, the problem is to find a family (g, ) of binary representations such
that, for a fixed, pre-chosen filter ¢ in L'(R), we have

({0 = 9)0) = 3 S arlmel- —2) — () (217)

neL

2A scalar quantizer is a partition of an interval [a, b] into subintervals and an associated sequence
of representative points for each subinterval in this partition.
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in a given functional sense, as A\ — co. (More generally, we can replace ¢ by a sequence
(px) of filters.) Note that (2.3) is already contained in (2.17) if we define the discrete
filter hy by hy(n) = 3(%), and restrict our attention to constant functions.

Functions for which there exist solutions to the above problem include bandlimited
functions, which was defined in Chapter 1 as

Bo = {z:R — R| z is a finite Borel measure supported on [—2, Q]}, (2.18)

where Z denotes the Fourier transform of x. Below, we list some of the important
properties of bandlimited functions to which we shall frequently refer in this thesis.

1. A bandlimited function x € Bq is the restriction to R of an entire function of
exponential type 2. That is, the function defined by

1
o7

x(z) /e‘iszdi(f), z =1+ 1y, (2.19)

is entire and satisfies the growth bound z(z) = O(e¥).

2. The sampling theorem. In the literature, this theorem is more often stated
for L? bandlimited functions, and not necessarily for the more general class
Bg defined above. Below, we provide a statement and proof of the sampling
theorem in this more general setting. (In our discussion here and all the rest of
this thesis, we will work with the space B, to ease the notation. The analyses
we present can always be transposed to arbitrary € by rescaling.)

Theorem 2.7. Let x be in B,, A\ > 1, and ¢ a function in L*(R) such that
satisfies

w0 ={ o JesT ™ (220)

Then, the following equality holds in the Cesaro mean for all t:

o) = 3 S el ~ 1), (221)

neL

Proof. Let B be the space of continuous functions on [—Am, Aw| identified with
the 1-torus. Its dual B* is then the space of finite Borel measures on [—A7w, Ax].
B is a homogeneous Banach space on [—Am, Aw] (see [8] for a definition), so that
for any f € B and p € B*, Parseval’s theorem holds in the Cesaro mean [8, p.
35, i.e.,

N—oo
n=—

o= Jim, 3 (1= i) oo (222)

where f(n) and ji(n) denote the n Fourier coefficient of f and y, defined by
jun) = (™A ), and (f,u) == 555 [N, fdpu. For each t € R, set f(¢)

P€)e** and = 3. Then (f,1) = Lr(t), f(n) = Lo(t — 2) and ) = La(3
so that (2.21) (in the Cesaro mean) follows from (2.22).

> |
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Remark: The formula (2.21) holds pointwise everywhere for the Cesaro mean,
and hence for all values of ¢ for which the right hand side converges. Typically,
¢ is chosen to be smooth so that the corresponding fast decay of ¢ enables an
almost “local” reconstruction of = from the samples {x(%)}nez, which removes
any concern about the method of summation. (The formula (2.21) holds also
in the L? sense when z € L?(R), including the case A = 1. However, in this
critical sampling case, a smooth ¢ cannot be chosen; ¢ = X[_x is the only
candidate.)

3. Bernstein’s inequality [8]: If f € Bq, then || f®)||z < Q|| f||z=. An LP version
also exists ([9, p. 14]).

We shall study solutions of (2.17) for the class
B.(R,[0,1]):={z:R—[0,1] | z € B;}. (2.23)

In contrast to the constant function case, all known methods for generating solutions
for this more general class fall under YA schemes. (A brief definition for a general
k-th order XA scheme was given in the Introduction.) Next, we give a basic analysis
of the first order scheme. Improvements will be presented in Chapter 3.

2.2.2 YA Quantization: Basic Estimates
First Order

We described the first order YA algorithm in (2.7)-(2.9) for an input sequence z.
The notation = will now refer to a function in B (R, [0, 1]), and z, to the sequence of
samples defined by x(n) = x(%). Similarly, we use the notations Xy, @ and gy to
denote the quantities defined by

Xa(n) = Y x\(m), (2.24)

Qx(n) = [Xi(n)], and (2.25)
o(n) = Qx(n) —Qx(n—1). (2.26)

Again, we assume that by integrating backwards, X is defined for the negative indices
as well.

In this section, we generalize the results of the previous section to arbitrary band-
limited functions. The difference equation now reads as

ux(n) —ux(n —1) =zx(n) — qn(n), u(0) =0; (2.27)

where uy(n) is defined to be X)(n) — Qx(n) = (Xi(n)). Clearly, uy takes its values
in [0, 1]. Our setting is (2.17), and in general we will allow ¢ to depend on A, which
will then be denoted by ¢,. We start with the corresponding “basic estimate” given
in [3], where it is possible to use a fixed filter ¢ for all A.

13



Theorem 2.8 ([3]). Let x € B, with 0 < xz(t) < 1 for all t, and ¢ € BV (R)
satisfying (2.20) for some fized \g > 1. Then for all X > Xy, one has

1
lz = pa(an) * pllz < < Var(e). (2.28)
Proof. The sampling theorem states that x = py(xy)* ¢ for all A > ). Let A, be the
difference operator whose action on a measure is given by A, u(-) = pu(-) — (- —n),

and let 1 denote the constant sequence of 1’s. Then

r— () x o = (s —qn) * o,

= ,U)\(AU)\) * ¢,

= Aqnma(un) * @,

= (un) * Aiyne, (2:29)
so that

[ = palan) * el < llua(1) * [Auae] [|e,
1

< XVar(ap). (2.30)

In the last step, we made use of the identity px(1) * f = £ > f(- — %) O

Basic estimate for stable k-th order schemes

A stable k-th order XA scheme outputs a bit sequence ¢, that satisfies the difference
equation
AFuy(n) = zx(n) — gr(n) (2.31)

for a bounded sequence u,. The first construction of stable XA schemes for all orders
is due to Daubechies and DeVore [3]. We shall return to their construction later in
Chapter 4. The following is the corresponding basic estimate for a stable k-th order
scheme:

Theorem 2.9 ([3]). Let x € B, with 0 < x(t) < 1 for allt, and suppose p € BV (R)
satisfies (2.20) for some fized \g > 1. Then, for any sequence q that satisfies (2.31)
for some sequence uy € £, the following estimate holds:

1
[ = pa(gn) * @l < V||UA||£°°||<P('€)||L1 : (2.32)

Proof. The proof follows the same ideas as in the first order case. The identity in
(2.29) now becomes

z — pagn) * @ = pa(un) x A 5. (2.33)
This implies

lo = palan) = @l < lluallellia(1) = 1AY y] 2,

14



1 _
< SlualleVar(AL7L),

1 k—1
< Slualle A5,
1

< F||UAH£°°||<P(I€)||L1- (2.34)

In the last step, we have made use of the fact that

1A @l < wima (@ A
< AT (2.35)

where w,.(f,-)r» denotes the r-th modulus of smoothness of f in L* (see, [10, p. 44]
for a definition) and the final step is due to the well-known inequality:

we(f, ) <t flws, (2.36)

which can be found in [10, p. 46]. O
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Chapter 3

Improving Error Estimates for
Sigma-Delta Systems

This chapter presents some of the main results of the first part of this thesis; namely,
improvements on the basic error estimates for YA systems that were given in Chapter
2. These improvements will heavily utilize the theory of uniform distribution for point
sequences and stationary phase methods for exponential sums. Below, we summarize
the basic definitions and theorems that we shall use in the proofs.

3.1 Preliminaries From The Theory of Uniform
Distribution and Exponential Sums

Let {u,}2, be a sequence of points in [0,1) identified with the 1-torus T = R/Z.
The sequence {u,} is said to be uniformly distributed (in short, u.d.) if
<n< :
o #HLISnEN :u, el
N—oo N

= || (3.1)
for every arc I in T. Define the N-term discrepancy of the sequence {u,} as

1<n<N : u,el
Dy := Dy({u,}) := sup il < _N !
IcT

It is an elementary result that {u,} is u.d. if and only if Dy({u,}) — 0 as N — oc.
Equivalent characterizations of uniform distribution are given by Weyl’s criterion:

— 1. (3.2)

Theorem 3.1 (Weyl).

{up} is u.d. <= e>™kun (0 for each nonzero k € Z, (3.3)

=]~
WE

n=1

[
2| =
WE

flu,) — / f(u)du  for every Riemann-integrable
T

n=1

(or, equivalently, continuous) f on T. (3.4)
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These are “qualitative” statements. The relation between how good the distri-
bution of a sequence is and how fast (3.3) and (3.4) converge are studied in the
“quantitative” theory. The second Weyl criterion is especially relevant to numerical
integration. The following two results are fundamental quantitative measures in the
theory:

Theorem 3.2 (Koksma’s inequality). For any function f € BV([0,1]) and a

finite sequence of points uy,...,uy in [0, 1],
1 & !
7 2 ) - | s < varpp, (35)
where Dy denotes the discrepancy of the sequence uy, ...,uyn and Var(f) is the total

variation of f.

Theorem 3.3 (Erdds-Turdn inequality). The discrepancy Dy of any real numbers
Uy, ..., uyn 18 bounded by

1 K 111 N
< : § § 2mikun
DN ¢ lrgl ( k=1 k ‘ N n=1 ‘ ) 7 (36)

for some absolute constant C'.

Multidimensional discrepancy

The theory of uniform distribution generalizes naturally to higher dimensions, how-
ever with some added complexity. For our analysis of higher order sigma-delta
schemes, we shall need the multidimensional versions of the theorems listed above.
We will be working mostly in two dimensions.

Let {u,} be a sequence in [0,1)? identified with T¢ = R?/Z?. For a measurable
subset H of [0,1)?, define

B #1<n<N :u, €H}

DN(H) : N

— |H||, (3.7)

where |H| denotes the d-dimensional Lebesgue measure of H. Let Z¢ denote the set
of all intervals (i.e., the set of all rectangles whose sides are parallel to the axes) in
T?. The discrepancy Dy is by definition
Dy = sup Dy(H). (3.8)
Hezd
The sequence {u,} is said to be u.d. if the condition limy_.. Dy(H) = 0 holds

for every H € Z¢ Again, this is equivalent to limy_.. Dy = 0. Weyl’s criterion
naturally extends using multidimensional versions of (3.3) and (3.4).
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A definition of discrepancy exists also for arbitrary non-negative Borel measures
p on [0,1)% The discrepancy of u with respect to the set H € [0,1)¢, denoted by
D(p; H), is defined to be |u(H) — |H||. Similarly, one has the definition

D(p) = sup D(u; H) (3.9)

for the discrepancy of u. Clearly, Dy({u,}) = D(un), where uy is defined by
pn(A) = £ 3N yau,) for A T

If the supremum in (3.9) is taken instead over all convex subsets of T?, then this
quantity defines the isotropic discrepancy J(u). Clearly, one has D(u) < J(u); on
the other hand, an inequality in the reverse direction exists only in a weaker sense:
J(p) < CyD(u)Y4, where Cy is a constant that depends only on the dimension d.

While the family of convex sets is much larger than the family of intervals, we will
need to be able to work with an even larger class of sets to prove our results in Section
3.3. The family of sets whose topological boundaries have zero Lebesgue measure (i.e.
Jordan measurable sets) will suit our purposes. Every such set in this family belongs
to a sub-family M, of sets H C [0,1)? for which |[{u € H¢: dist(u, H) < e}| < b(e)
and |[{u € H : dist(u, H°) < €}| < b(e) for every € > 0, where b : (0,00) — (0,00) is a
monotonically increasing function such that lim,_q+ b(e) = 0. The following theorem,
found in [11, pp. 173] and also in [12], gives a discrepancy estimate for sets in such a
family:

Theorem 3.4 (Niederreiter, Wills). Let b : (0,00) — (0,00) be monotonically
increasing such that b(e) > € for all ¢ > 0, and lim._+ b(e) = 0. Then, for every
H e My, one has

D(p; H) < 4b(2v/dD()"*). (3.10)

A multidimensional version of Koksma’s inequality (called the Koksma-Hlawka
inequality) holds for functions of bounded variation in the sense of Hardy and Krause.
We will not go into the details but refer to [13, 14] only. (However, a “baby” version
of this theorem will be employed later in Section 3.3.) On the other hand, a general-
ization of Erdos-Turan inequality is simpler to state and is given by the following:

Theorem 3.5 (Erd6s-Turdn-Koksma'’s inequality). The discrepancy Dy of any
real numbers uy, ..., uy in T¢ is bounded by

N
1 11 ,
< : - I 2mik-up )
Dy < Cy 11<I§1 + E 1K) ’N nE:1 e (3.11)

0<[kfloc <K

d
for some absolute constant Cy, where r(k) := [[ max{1,|k;|} for k = (ki,...,kq) €
i=1
VAS
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Exponential sums of a single variable: two theorems

It is clear from the Erdés-Turan inequality that the problem of estimating the discrep-
ancy can be turned precisely into the problem of estimating certain exponential sums.
In proving our results, we shall actually make use of only a relatively tiny section of
the theory of exponential sums. With regards to sigma-delta quantization, two types
of exponential sums will be relevant for us. The first type is the well-studied class of
Weyl sums

N
S=> e, (3.12)
n=1

where, by definition, f is a polynomial (with real coefficients). This type of sums
will arise in XA schemes with constant input. The second type of sums are given
by more general functions in the exponent, that are not necessarily polynomials, yet
still have a certain amount of smoothness. These sums will arise when the input is
an arbitrary bandlimited function. For both types of sums, extremely sophisticated
tools are available in the mathematical literature to estimate their sizes. We shall
require here only outcomes of more “general purpose” tools, for they already lead to
substantial improvements of the basic estimates. We shall make use of the truncated
Poisson formula and van der Corput’s Lemma, which we give below; we shall have
no need of more sophisticated tools, such as the method of exponent pairs (e.g. see
15)).

Theorem 3.6 (Truncated Poisson, [15]). Let f be a real-valued function and
suppose that f' is continuous and increasing on [a,b]. Put o = f'(a), 8 = f'(b).
Then

b
Z p2mif(m) _ Z / e2mif(T)=v7) gr | O(log(2 + B — «)). (3.13)

a<m<b a—1<v<p+1v4

is decreasing, taking the complex conjugate of the above expression applied to
If f'isd ing, taking th 1 jugate of the ab i lied t
—f leads to the same expression with a and 3 switched.)

Theorem 3.7 (van der Corput, [16]). Suppose ¢ is real-valued and smooth in the
interval (a,b), and that |¢")(t)] > p for all t € (a,b) and for a positive integer r.
If r = 1, suppose additionally that ¢' is monotonic. Then there exists an absolute
constant ¢, such that

b
’/ ") dt‘ < et (3.14)

Discrepancy of arithmetic progressions modulo 1:

Maybe the most important examples of uniformly distributed sequences are arithmetic
progressions modulo 1, defined by u, = (na), with a € R\Q. These sequences
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arise in the first order XA quantization with constant input and the corresponding
discrepancy estimates will directly relate to the error estimates.

There will be two different types of statements for us: metric results which are valid
for almost every « (with respect to the Lebesgue measure), and results that depend
on the finer Diophantine properties of . Below, we give a few basic definitions and
important theorems that will be relevant for our purposes.

Denote by |lu|| the metric dist(u,Z). Let ¢ : Zt — R* be a given function. The
irrational number « is said to be of type <t if the inequality n|na|| > 1/ (n) holds
for all positive integers n. If « is of type <@ for a constant function v, then one says
a is of constant type. A related concept is the following: Let n € Rt U {oo}. The
number « is said to be of type n if n = sup{~y : liminf, ., n7||na| = 0}.

Let us use the notation Dy(«) for the N-term discrepancy of the sequence (na).
It follows from the Erdos-Turan inequality that

1 1< 1
D < — 4+ — 1

1
E|lkel

the type of a [13, Lemma 3.3]. Then it follows, for instance, that if « is of finite
type 7, then for every € > 0, the discrepancy satisfies Dy (a) = O(N~Y/7+¢) [13, pp.
123, Theorem 3.2]. This says that the sequence (na) shows a better distribution
behaviour for « that are badly approximable by rationals. The celebrated theorem
of Thue-Siegel-Roth! implies that every irrational algebraic number is of type n = 1,
the smallest possible type attainable. Yet, better estimates are possible for irrationals
of constant type (for instance, all quadratic irrationals). For these, the discrepancy
satisfies Dy (o) = O(N~!log N). This is the smallest possible order of discrepancy for
any infinite sequence {u,} due to the following lower bound: Dy ({u,}) > ¢ N~tlog N
for infinitely many N, where c¢ is an absolute constant.

An important metric result for us (due to Khinchine) is the following: Let € > 0
be given. Then, almost all v are of type <C, log! ™ 2¢, where C,, is a constant that
may depend on «. This result may be used to prove the following theorem which will
be used in the next section:

for any positive integer K. The sum term Z,[::l can be estimated in terms of

Theorem 3.8 ([13]). For any ¢ > 0, the discrepancy Dy(a) = O(N~'log*™ N) for
almost all c.

Remark: It is easy to check that the same estimate holds uniformly (with the same
constant) for any translate of the sequence ((n«a)). This strengthens the qualitative
result that for irrational a, ({(na)) is not only u.d. but also well distributed [13].

IFor every irrational algebraic number o and for every e > 0, there exists a positive constant
¢ = ¢(a, €) such that

for all integers ¢ > 0 and p.
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3.2 Improved Estimates for First Order Systems

Improving the Basic Estimate for Constants

The basic estimate for first order YA quantization with constant inputs was given in
Theorem 2.6. Below is an improvement of this estimate:

Theorem 3.9. Let € > 0 be given. Set hy(n) = +¢(%), where ¢ is the triangular
filter defined by ¢(t) = (1 — |t])xj=1,1)(t). Then for almost every x € [0, 1], the error
ex = & — q * hy satisfies the estimate

llex]|ee < CeA™2log? e A, (3.16)

Proof. We start with the error expression given in (2.13). First, note that for any
constant ¢, one has u * Ahy = (u — ¢) * Ahy. For the triangular filter, and choosing
¢ = 1/2, this expression can be rewritten as

>/
,_.

A
(0= 3w Bh)() = 25 - (uln 4 8) — )~ 5 S (uln— k)~ 1) (317)
0 k=1

B
Il

The choice ¢ = 1/2 was made in order to exploit that the state variable u(n) =
(X(n)) = (nx) forms a uniformly distributed sequence in [0, 1] for all irrational val-
ues of x and its average value is 1/2. Koksma’s inequality reduces the problem to
considering the discrepancy values for the two sequences u(n — \),...,u(n — 1) and
u(n),...,u(n + A —1). The discrepancy can be bounded using the Erdés-Turdn
inequality, which gives

a-‘,—)\

K 111 A
~|<mic 2|2 N7 gzmikmal | (3.18)
‘)\ u(k ‘ % ( Zk A;e )

k=a+1

Note that the bound obtained in this way is uniform in a. This observation, together
with (3.17) and Theorem 3.8 yields the desired result. O

A Mean Square Error Estimate for Constants

Let us use the notation ey, to denote the dependence of the error ey on the input
value . We assume that ¢ is the triangular filter, so that (3.17) and (3.18) hold. The
precise behaviour of ey, can be described only by means of the continued fraction
expansion of x (see, e.g. [13, 17, 14]). However, the mean behavior is simpler. Let us
consider the mean squared error (MSE)

1
MSE(ey) := / lex.e|7=dz. (3.19)
0
A straightforward bound for MSE(e,) follows directly from (3.18):
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Theorem 3.10. MSE(ey) < CA~3log® A, for some absolute constant C.

Proof. Let Py (z) denote the trigonometric polynomial A=* 32 _ ¢2mme Note that
I Prill 2oy = A™/2. Then,

C ot K 2

A2
=1
Cl 1 1 K 2
S — -1
< 3z 1%f/0 <K2 + (;k |P>\k(x)\> ) dx

c’ 1 & 1 /[
< Tt <ﬁ+ZZH / |PA7k<x>||PA,l<x>|da:)

k
! 1 1
< gi%f <—+—log2K),

A2 K? A
where we have used the Cauchy-Schwarz inequality in the last step. Finally, by
choosing K ~ A2, we arrive at the desired bound. O

Remark: The exponent of A in this estimate is optimal. Indeed, using number
theoretical tools, it is shown in [4] that

1
CiIa 3 < / lex(0)]?dz < Coa™. (3.20)
0

We will give a proof of this result in Chapter 4, where we’ll discuss in more detail
several related results. It is natural to conjecture that the quantity defined by

1
/ lene() 2
0

satisfies a similar estimate. (Note that MSE'(e)) < MSE(ey).) On the other hand, it
is shown in [18] that the quantity

MSE/(ey) := ‘ (3.21)

[

N

1
1
/0 NI > lena(n)Pde (3.22)

=—N

(which is even smaller) also behaves as O(A™3) as N — occ.

Improving the Basic Estimate for Bandlimited Functions

We shall apply the ideas of the previous section to prove the following theorem, which
is an improvement of the basic estimate that was given in Theorem 2.8:

Theorem 3.11. For all n > 0, there exists a family {©\}r>1 of filters such that, for
all x in Theorem 2.8, and all t for which x'(t) does not vanish, we have

() = (a(an) * @a) ()] < CAZ/3H (3.23)
for some constant C = C(n, 2'(t)).
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Note that bandlimited functions are analytic, so that the derivative 2’ of a non-
constant bandlimited function x has at most countably many zeros, with no accumu-
lation point. It is also possible to carry out a higher order analysis at the zeros of 2/,
but we shall not go into this here.

As is customary, we shall use the notations C,C’, (4, Cy, ... for generic constants
that may change value from one proof to another; constants of different values occur-
ring in the same argument will be distinguished by different indices.

Proof. We divide the proof into a number of steps.
1. Fix ¢ (for which 2/(t) # 0). For each A, let Ny = |At], and define the sequence Uy
by
1
U)\(TL) — U,\(n — 1) = U)\(TL) — 5, U)\(N)\) = 0. (324)

Let also t, = N)/A and §, =t —t,. Note that [§y] < 1/A. Now, (2.29) can be written
as

2() = (ualan) * ) (1) = ZAUA ) Ayap(t - 1),
= )\ZU)\ 1/,\80 - %) (3.25)

= 3 Z Ux(Ny + n)A%/ASD(—§ +0)), (3.26)

for any ¢ that decays sufficiently fast. Denote the error expression by ey (t).
2. Our purpose is to find non-trivial bounds for U,(N, + n) by accounting for the
cancellations in

Ur(Ny +n) = i (m(NA ) — %) (3.27)

m=1

where we have assumed n > 0, the other case being essentially the same. Note that
the trivial bound is |n|/2. We shall prove the following estimate:

\1/2 )

|Ur(Ny +n)| < 01()\2/3 + W ;

(3.28)

for all n < Col2/(t)|\ and A > Csla’(t)| L.
The inequalities of Koksma and Erdés-Turan result in the bound

K n
1 .
[Ux(Nx + n)| < inf C (% +) j%‘ > je2mk“A<NA+m>D : (3.29)
k=1 m=1

which reduces our task to analyzing the behaviour of the exponential sums

S)\k: Z 627r7,k:X>\ N>\+m (330)
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since uy(n) = (Xx(n)).
3. We will use the stationary phase methods of van der Corput to estimate the
exponential sums given in (3.30).

In our case, X, is initially defined only on the integers; however, (2.7) immediately
yields an (analytic) interpolation of X:

Lemma 3.12. The sequence X, can be extended to an analytic function, which we
shall denote by X, as well. Moreover, for X > Cla'(t)|™, and all real T in the range
0 <7 < Csl2'(t)|\, one has

o |”“"§)| < XNy + 7)) <C2|I>(\)| (3.31)

where C, C1, Cy, and C3 are absolute numerical constants.

Proof. Using the Taylor expansion of x about the point t,, we proceed as follows:

X)\(N)\—i-m) = X)\(N)\)—sz(t)\‘i‘%)
=1

= X.(Ny) +Z ASS' Z (3.32)

Note that the sum Py(m) := 37", [* can be written as a polynomial » °"; P, ymi of
degree s + 1 in m.? Then,

s+1
Xa(Nx+m) = X\(N,) +Z ASS' Z P, jm’ (3.33)
7j=1
— j S (t)\)
= X.(Ny) +Zm AS - Pe (3.34)
s=j—1

2This elementary result can easily be seen from the identity
ZZS:/ de+2/ (1)
=1
by expanding (x + [)® in powers of | and evaluating the integrals. This results in the recursion
relation _
m* "L (=1)7 (s
Ps = - B . Psf j 5
(m) s+1 j_zlj+1<j> 3(m)

which proves that Ps(m) is a polynomial in m of degree s + 1, and further leads to a recursion
relation in terms of the coefficients P ;:

s—1

: ()
Ps 541 = ) Py = ———\ .| Pk, k=1,...,s
ST s a j:zkzls—j—f—l i)k

It then follows by a straightforward inductive argument that |Ps ;| < s!/j!. The numbers P; ; have
explicit representations in terms of the Bernoulli numbers. Note that Ps s = 1/2 for all s > 1.
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We use this last expression to define

Xy (Ny +7) = X\(Ny) Zaﬂj (3.35)

for all 7 > 0, where a; is the sum term appearing in (3.34). The simple bound
| P ;| < s!/j! and Bernstein’s inequality easily yield

2 /m\Ji-1
la;| < ﬁ(X) (3.36)
for A > 27. Let us show that
X\(Ny+7) =x(ty + 1)+ Ra(7), (3.37)

where Ry (7) is small compared to x(ty + ) for 7 = O(\). We start with noting that
P11 =1/(s+1) for all s. Then, starting from (3.32),

, = 20)(ty) Sa .
X\(Nyx+71) = ol ZPSJ-jTj

s=0 j=1

(s
T t)\ 1
- S Assl < i ZPS]]TJ )

s=0

= a(tx+ )+ Ra(7 ), (3.38)

where

) = )xssl Z Py g™

jzl

_ 1 (tA)
- Z] & )\SSI Ps’j

= ijj-lbj. (3.39)
j=1

A similar estimate for b, is

2 rm\J
|bj] < ﬁ<X) : (3.40)
which, through (3.38) and (3.39), provides us with the estimate
| XY (Ny +7) — 22/ (b + T)| < 2(Z)%e™/. (3.41)
Now,
(1+1) ,

T, (3.42)

(0 +5) - ()] < 5
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so that ] 5
SO < 12/t + DI < S/ (3.43)

for all 0 < 7 < CM|2/(t)|, where C is a sufficiently small absolute constant. Hence,
from (3.41) and (3.43), it follows that

1
[ XY(Na+7)] 2 Xlx’(tx+§)|—2€””(§)2

|2'(1)]
> Gy (3.44)

it A\ > C'|2/(t)|7. Tt follows similarly that

[ XJ(Ny+7)] < 02|I§t)| (3.45)

for the same range of A and 7. O

Let us now apply Theorem 3.6 with f = kX, a = N, + 1, and b = N, + n, and
assume n < Cslz/(t)|\. Tt follows from (3.31) that the number of integral terms in
the right hand side of (3.13) is bounded by

IB—a+3] < 34+k(n—1) sup |[XYV(Ny+7)]

1<t<n

/
t
< 3+k(n— 1)C2|I)(\ I (3.46)
On the other hand, using Theorem 3.7 (for r» = 2) together with (3.31), each expo-
nential integral term in (3.13) is bounded by C(k|2’(¢)|/\)~'/2. Combining this with
the bound on the number of terms that we have just found, we get
k1t k

|Sxk(n)| < C’m(—) 2 + (X

5 ) PO+ Otogz + k), (47

where in the first term we have made use of ||2/||p~ < 7 (which follows from Bern-
stein’s inequality), and in the logarithmic term, of |5 — | < k for the given range of
n. Note that, for small k, this bound significantly improves the trivial bound n. Now,
if in (3.29), one chooses K ~ A3, then (3.47) yields our desired estimate (3.28).

4. We finish the proof of Theorem 3.23 by bounding (3.26) for a particular family
of filters which we construct next. For this, we fix a filter ¢ such that ¢ is C*°,
supp(@) C [—com, com] for some small fixed ¢g > 1, and ¢p(§) = 1 on [—m, 7]. Then ¢
is a Schwartz function, i.e., ¢ has rapidly decreasing derivatives: there are constants
C](\l,) for all N > 0 and [ > 0 such that

0 cy

) < —FF. 3.48
[HO0) < (3.48)
For a small n > 0, we set 2y = A2 and define ¢y by
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for A > 1. Then ¢,(§) = ¢(§/92) and hence {p,} is an admissible family of
reconstruction filters. We return to the expression (3.26). For small n (i.e., for
In| < c|lz’(t)|\ for a sufficiently small constant ¢), we will use the estimate (3.28) in
the form O(|2'(t)|~'/2X?/3), and for large n, the trivial estimate |n|/2. Thus,

. 1 .
e e S D D L T e Y

In|<cla’(t)[A

1 n
- TN E ] (3.50)

[n|>[2/(t)]eA
The sum in the first term can easily be bounded by
22718l = 207" | s, (3.51)

and the sum in the second term by

In| 2 BCY .
L < N / 0 +3 59
Z XL+ Qun-0)N = C(N, [#"(@)[)™, (3.52)

[n|>cla’ ()| A

for all N. We choose N such that (N — 3)n/2 > 1/3. Combining (3.50), (3.51), and
(3.52) results in the estimate

lex(t)] < C'(n, |2/ (H))A=, (3.53)
concluding the proof. O

Remarks and an experiment: The key estimate in obtaining the error bound
in this theorem was the estimate (3.47) for the exponential sums S) x(n). Therefore
better estimates for these exponential sums can potentially yield improvements of the
exponent of A we have obtained to be —4/3 + 1. To test this, we can examine the
growth of these exponential sums numerically. Noting that the dependence on n for
these estimates did not really matter much in our analysis, we smooth out the role
of n by looking at the behavior of

sup |Sak(n)]
1<n<c|z’/(t)|A

as we fix A\ and vary k. However, this quantity still has a wild behavior in k. Recon-
sidering the role of k in the Erdds-Turan inequality (3.29), we look at the maximal
value

My(Ko) = sup  sup  [Syu(n)] (3.54)

1<k<Kp 1<n<c|z’(t)|A

for a fixed Ky, whose value is to be set depending on \. We must then consider the
quantity A/ Ky + M (Kp)log(Kp) in (3.29). Clearly, the behavior of this quantity
is determined by the asymptotic behavior of M (Kj) for large Kjy; in order to lead
to any improvement in the estimate (3.28), the “optimal” K{ should be larger than
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Figure 3.1: Plot of My(A'/?) vs. X for z(t) = sin(¢) and around ¢t = 1. The solid
curve is 1.5 A\'/2. The exponential sums Sxk(n) were computed for n < 0.3\

A3 On the other hand, certainly we would not want to set it too large. Since the
empirical estimates for |ey| (which are usually computed in various average senses)
are of the order A=%/2, let’s set K, ~ A\'/2. For K, this large, the bound (3.47) cer-
tainly gets worse, giving only the naive O(A\**). However, if the true behavior of the
exponential sums is better than indicated by (3.47), we may do better. A numerical
behavior of M(A/2) of smaller order than O(A**) would be an indicator of possible
improvement. However, we would still need to beat O(A\?/3) for an improvement.

To test this approach, we employ the function z(t) = sin(¢) and consider the
point ¢t = 1, at which the derivative z/(1) = cos(1) ~ 0.5403 is nonvanishing and
not too small. For A in the range [1,10000], we compute My(A/2). The result
is an O(A!/2) behaviour, as plotted in Figure 3.1. If true, this would imply that
lea(1)] = O(A™3/2) for this function. This is a good sign that with a more refined
analysis of the exponential sums Sy x(n), it may be possible to achieve a similar bound
for arbitrary bandlimited functions. In fact, further numerical experiments indicate
that M (Kj) does not depend significantly on Ky. One can conjecture the bound

My (Ky) = O(A\?1og” Ky) (3.55)
for some v > 0.
Let us point out a possible strategy to improve our bound towards this conjecture.

In Figure 3.2, we have plotted the sums {Syx(n) : n =1,...,¢|2'(t)|A} in the complex
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Figure 3.2: Plot of {S\x(n) : n = 1,...,0.3\} for z(¢) = sin(¢), around ¢t = 1.
A = 10000, k£ = 30.

plane for the same sinusoidal function given above, and for a fixed A and k. We have
set t = 1, A = 10000, c|2/(t)| = 0.3, and k£ = 30. Remember that our method for
estimating these sums had two ingredients: The truncated Poisson formula (3.13),
and van der Corput estimate (3.14). The first one basically decomposes the graph
into its “arms” where each arm starts from the center of a spiral and ends at the next
center. (There are 3 arms in Figure 3.2.) Then the length of each arm is estimated
using (3.14). However, this method does not really take into account the phase
cancellations due to the relative orientations of these arms. This can be important
when the number of arms is large. In Figure 3.3, we have k& = 350, leading to many
arms; their orientation changes sufficiently from one part to the other to contain the
whole figure in a small square.

The estimates using the truncated Poisson summation formula can be refined by
computing the phase of each integral. The resulting method is called the “Process
B” of van der Corput [15, p. 54]. This method amounts to solving the roots of the
equation f'(x) = v, for integers v € [f'(a), f'(b)], where f is the phase function for

2mif(n

b
the exponential sum S = > e ). This method is certainly powerful for functions

a
that have explicit analytic forms. But given the generality assumed for the functions
we consider, it becomes much more challenging to apply this method to our case.
However, we believe that further analysis in this direction will improve the bounds.
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Figure 3.3: The same plot as in Figure 3.2, but for k£ = 350.

3.3 Second Order Systems
A second order scheme satisfies the difference equation
A?u(n) = x(n) — q(n), (3.56)

where z is a sequence in [0, 1] and ¢ is the output bit sequence in {0, 1}Z. The value
of each ¢(n) is computed by applying some nonlinear rule Q(+) to finite collections of
previous values {u(n — 1), u(n — 2),...} of the state variable u, and previous values
{z(n),x(n—1),...} of the input x, so that the difference equation (3.56) can be solved
by recursion. In our discussion, we shall consider schemes in which ¢(n) depends on
u(n —1),u(n —2), and x(n) only. By defining

v(n) = Au(n), (3.57)

(3.56) can be rewritten in the following canonical form:

(26)-(1 D) (58 sm-aon (). oo

We will use the short-hand notation

u:(Z), Az(}(l)),and e:G) (3.59)

so that (3.58) reads
u(n) =Aun—1)+ (z(n) —q(n))e. (3.60)

We set g(n) = Q(u(n),z(n)) and define a partition {Q9 QL} of the plane by
setting Q0 = {u: Q(u,x) = 0}, and Q! = {u: Q(u,z) = 1}. Hence, defining the
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piecewise affine transformation T, : R? — R? by

[ Au+ e, ifueQ?,
Tou= { Au+(z—1)e, ifuel, (3.61)
the recursion (3.60) can be rewritten once again as
u(n) = Typyu(n —1). (3.62)

In this setup, the whole variability of the second order schemes is reduced to the
selection of the sets Q0 and QL. In schemes used in engineering practice, these sets
have been chosen to be half-spaces in R?, for then the computation of ¢(n) in an
electronic circuit is relatively easy since q(n) = H(aju(n—1)+asu(n—2)+azx(n)+ay),
where H = X[o,«) is the Heaviside step function. We shall be interested in such half-
space partitions as well as in schemes with more general partitions of the plane.

There are two types of questions regarding the transformation T, and the as-
sociated dynamical system. The first is the question of stability; once stability is
established, one can then immediately derive the basic decay estimate in A, as we saw
in Chapter 2. The second type of questions have to do with further properties of these
dynamical systems, such as investigation of finer analytic and algebraic properties of
the invariant sets of T,. As we shall see, improved estimates will depend on results
in this direction.

3.3.1 Stable Schemes and Tiling Invariant Sets

We shall give two examples of stable second order sigma-delta schemes corresponding
to two different types of “quantization rules”. The first one will be a linear rule. For
us, a general linear rule is given by

0, if yw+u+k(z) <O,

Qu,z) = { 1, if yw+u+k(z) >0, (3.63)

where v is a real number and k(+) is a real-valued function that controls the positioning
of the line separating the corresponding half-spaces QY and Q.. Denote by V, the
vertical translation defined by V,,(v,u) = (v,u+vy). Let T, be the transformation for
which k£ = 0. It is easy to check that
_ 11

T, =V TeVaw- (3.64)
Hence, for constant inputs (i.e., x(m) = x for all m), there is no loss of generality if
we assume k = 0, since then one has

T =V LTV, 0. (3.65)

T K(z) ~x K

On the other hand, for variable input, there may be significant gains by employing
a rule with nonzero . For instance, it is conjectured [19] that if x is adjusted to fix
the centroids of the invariant sets of T, at the same point for all x, then this leads
to a better decay of the approximation error.
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#1. A particular linear rule (v = 2)

In this example, we shall analyze the following particular rule in which v = 2, and
k = 0. That is,

| w+z,v+u+a), if 2v+u <0,

T:”(U’u)_{(v+x—1,v+u+x—1), if 2v+u>0. (3.66)

By the global stability of T, we mean that all initial points in R? eventually get
trapped by a fixed bounded set (independent of z), in which they stay forever. This
is actually stronger than what is sufficient to ensure that (u(n)) is bounded for an
arbitrary sequence (z(n)) in [0, 1]. For the latter, it is enough to have some bounded
set I that is positively invariant under all T, i.e. T,(T") C T, for all z. For constant
inputs, the uniformity condition over z can be relaxed and these questions can be
asked for individual values of = only.

We shall not analyze in detail the issue of global stability, but only note that the
following Lyapunov function can be used to prove this property for the linear rule we
have described (and actually, for all v > 1/2):

B r(—2u+v) + 0% if 20+u <0,
La(v,u) _{ (1—2)(2u—v)+% if 2v+u>0. (3.67)
In the following discussion, we give an explicit parametrization of polygons P,
that stay invariant under the transformation T, for x in the range [%, %] Note that
for all u ¢ 992, one has Ty _,(u) = —T,(—u), so that it suffices® to consider only
the range [

12
3 3)
For each x € (%, %], we define

1 1
ky = {5 L 5 J , (3.68)
and for k=1,2,.. .,
1 1 1

One easily checks that k, = 1 for z = oy = 2/3, and k, = k for x € [ag, 1),
where k£ > 2. We also note that ()%, is a monotonically decreasing sequence that
converges to 1/2.

Given x € [ay, 1), we define the polygon P, with the following set of vertices
listed in the counter-clockwise direction (see Figure 3.4):

{017 ka ey P17 Qk7 .. '7@17R37 R27 Rh 517 sy Skv Sa7T17 cee 7Tk+1}7 (370>

where these points are parametrically defined as in the following list:

3The small exception for the points u on the line 2v + v = 0 does not affect the discussion.
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X Pk
Pr-
0 .
Q
X P
Q 2
k P1
Qk—l
Q2 A\Qs
1 (@]

3
Rz
R1
Sk+2
Sk+1
Sa
Sk
S
2
S1

Figure 3.4: The invariant set for the dynamical system given in (3.66) for an arbitrary
k value. (In this figure, k =5 and = € [as, ay).)
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It is straightforward (albeit lengthy) to verify that, under the action of T, these
vertices are mapped onto each other as follows: The first group is given by

Q@
T;
Oy
b

o

|

—

—

S1
Sj+1, jzl,,]{?—i—l,
P

34



Figure 3.5: A schematic diagram of the action of T, on I',.

Qr1 — R
Qa — R17
which corresponds, in Figure 3.5, to the mapping of the shaded polygon on the left

to the shaded polygon on the right.
The second group is given similarly by

Qo — By

Q; — P, j=1,..., k=2,

Ry — Siio

Ry +— Sp

R — S,

S; — Ty, j=1,...k,

Se +— Tin

Qy — O,

where for (), and @), the mapping is understood in the sense that

lim T,(P)=F, and lim T, (P)= 0. (3.71)
ped] bedl

Hence, it follows, due to the affinity of T, on each half-space Q0 and Q! that the
set I',, defined to be the interior of the polygon P,, is mapped onto itself under the
action of T,.

#2. The quadratic rule of N. Thao

We saw above that although a linear quantization rule is simple, it leads to compli-
cated invariant sets which are somewhat cumbersome to analyze. On the other hand,
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the following scheme designed by N. Thao leads to much simpler invariant sets. From
a topological view point, these invariant sets are equivalent to a square: each of them
is a simply-connected set with a piecewise quadratic boundary that is composed of
four pieces. This follows from a clever choice of the partition {Q2,QL} where the
boundaries of these sets are particular parabolas. To construct the scheme, we shall
first make a change of coordinates:

i = &, (u), (3.72)

where @, is a bijection to be specified soon. Let ’i‘m denote the transformation in the

new coordinate system, i.e., 3
T,o, =o,T,. (3.73)

We shall seek to define the transformation ®, so that
®,(T,u) = ¢,(u) + (z — 1)f, forallue QL (3.74)

for some fixed f, ensuring that the transformation T, would reduce to a translation
by (z —1)f on QL := ®,(Q2L). This can be achieved by a shift of the ordinate u by an
amount quadratic in v, given by

(0,0) = Pu(v,u)
= (v,u—av+B)?), (3.75)
where o and (3 are appropriately chosen. The Simple choice of a horizontal translation
(for which f = (1 0)7) yields the values o = se and 8=

The transformation T, is still affine on QO := <I> (29). A stralghtforward compu-
tation gives B )
T,0=A,u+2g,, foralliaecQ (3.76)

1
A, = ( 11 (1) ) , and g, = < 1 ) : (3.77)
To—1 T 2(z—1)

The final ingredient is the specification of the partition {Q0 QL}, or equivalently
the partition {Q9, QL}. This is given, for 1/2 <z < 1, by

where

le{(@,a)f_xil : (3.78)

xT

for a suitable constant C,. (This constant can be arbitrary, but we shall choose its
value to be (1.5z —1)/(x —1) for normalization purposes.) To summarize, T, is given
by

Tx(@’a):{(1?—|—x,—z7/(:c—1)+11—x/2(3:—1)), if @—9/(x—1)< g

—

(0+z—1,a), it a—0/(z—1)>
(3.79)
For 1/2 < x < 1 and the given choice of C,, the invariant set L, of ’i‘m turns
out to be a trapezoid whose vertices {P;, Py, Ps, P} are given by Py = (1 — 0.5z, 1),
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Figure 3.6: The invariant set in the transformed domain. (z ~ 0.7357)

Py = (—=140.52,1), Py = (—0.52,0), Py = (0.52,0). Let us also define Q; = (0.5, 1),
Q2 = (=0.52,1), Q3 = (=1.5z + 1,0), @, = (1.52 — 1,0). The invariance of T,
under T, is easily verified by checking that the trapezoid P;QsQsP; is mapped to the
trapezoid Q1 P, P3Q, and the parallelogram Qs P, P3Q; is mapped to the parallelogram
Q1Q.P,P,. (Note that while the first mapping is a pure translation in the horizontal
direction, the second is a shear followed by a translation in both directions. See
Figure 3.6.)

Let I', be the corresponding invariant set of the original transformation T,.. Then,
it is clear that I', will have a boundary that is composed of four parabolic pieces.
This is illustrated in Figure 3.7.

For 0 < x < 1/2, on the other hand, one simply defines T, as T, (u) = —T;_,(—u)
by setting Q0 := —Q! _ and QL := -Qf .

1—x>

3.3.2 Improved Estimates for Constant Inputs

The following proposition summarizes some of the properties of the dynamical systems
given in §3.3.1. These properties will be used in this section to prove the error
estimates regarding second order XA systems.

Proposition 3.13. For each of the dynamical systems #1 and #2 given in §3.5.1,
there ezists a subinterval I of [0,1] such that for each x € I, the map T, possesses
an tnvariant set 'y with the following properties:
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Ql
X

Figure 3.7: The invariant set in the original domain. (x ~ 0.7357)

1. T,(Ty) =T,
2. There exists a positive constant My such that

sup sup |u| < M, (3.80)
zel uel'y

3. There exists an absolute positive constant Cy such that 'y € M, for all x € I,
where b(e) = Cye. (see 3.1 for the definition of the family M,.)

4. For each x € I, the set I'y, is congruent to T? modulo translations by vectors in
72, up to possibly a set of measure zero. Ie., the translates of I'y, by the integer

lattice tile the plane:
I, +7? =R (3.81)

where the equality is (possibly) up to a null subset of R

Proof. All of these properties can be checked in a straightforward manner using the
explicit descriptions of the invariant sets given in §3.3.1. O

We continue with the definition of a particular filter that we shall employ to
improve the basic estimate we gave in Chapter 2. While this filter is not the only
possibility for this purpose, its simplicity will suit our purposes. Given the positive

n

integer A, let the discrete filter g, be defined by g\(n) = %X[O,l)(j) and set
ha = gx * g * gx, (3.82)
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and ey 1= ey, := & — ¢ * hy, as before. As in (3.21), we define

/ lexa()|? dx
for a subinterval I of [0, 1].

For each of the second order sigma-delta schemes given by the dynamical systems
#1 and #2, we assume that for each = € I, the initial condition u(0) is chosen from
I, and the sequence u(n) is defined for n < 0 by running the recursion backwards.
(Note that this is possible since the transformation T, is a bijection on the invariant
set I';.) We also assume that the output bit sequences are filtered by the family {h,}
given in (3.82). The following theorem is our improved estimate for second order
schemes:

MSE/(ey, I (3.83)

OO

Theorem 3.14. Under the assumptions listed above, the mean square error defined
by (3.83) satisfies the estimate

MSE'(ex,I) < CA™9?1og? \. (3.84)

Proof. We will divide the proof into several steps.

1. The filter h, is piecewise quadratic in n, and supported on {0,...,3\ — 1}. Fur-
thermore, Y gx(n) = 1 implies that Y hy(n) = 1 as well. Since we assume that x is
constant, this reduces the error e to (r — q) * hy as before. Substituting (3.56) into
this expression yields

€y — A2u * h)\
= Uu* A2h)\
U* gy (Agx) (Agx)
= U*g)* ﬁ(éo - 25)\ + 52)\) (385)

In the last step we have made use of the fact that Agy = %(50 —0y), where §, denotes
the sequence d,(n) =1 if n = a, and d,(n) = 0 if n # a. Thus, (3.85) reads

ex(n) = % (2 uln—m) =2 ufn—m)+ 3 uln - m>> | (3.86)

m=2\

Define F : R? — R by F(w) := F(wy, ws) := ws, and for integers a < b, let

1
e 3 Pl - [ P,

where I, is the attracting invariant set of T, defined in §3.3.1. Thus, (3.86) leads to
the following inequality:

(3.87)

lea(n)] < ;2( (n=An)+2E(m—22n—A)+Emn—3\n—2\). (388)
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2. Our next objective is to find a good bound for E(a,b). The definition given
in (3.87) suggests using Koksma’s inequality in two dimensions (or more precisely
the Koksma-Hlawka inequality). However, the domain of integration is I', which,
at the moment, does not seem to fit the set-up for this inequality. We also do not
have a closed form expression for the sequence {u(n)}. We shall overcome these
two difficulties by using the properties listed in Proposition 3.13 and the auxiliary
sequence (u) whose elements are the fractional parts of (u(n))ez.

For v = (v1,ve) € Z?, define T'p(v) =T, N [v1,v; + 1) X [vg, v + 1). This results
in a partition of [', as

I, = JT.(v) (3.89)
vey

for some finite subset V of Z?, and (including the possibility of having empty sets in
the partition) uniformly in x, due to property 2 listed in Proposition 3.13. The tiling
property of ', results in the equality

UIra(v) = v =1[0,1)> (3.90)

vey

(One may also write (I';(v)) for I';(v) — v.) Since F' is linear, one has

/rz(v) Flw)dw = /Fz(v)—v Flw)dw + E(V) / dw, (3.91)

Ty(v)—v

which, after summing over all v € V. results in

/ Flw)dw = /[0 ) aw S F(v) / dw. (3.92)

vey Pa(v)—v

Because of the tiling property, u(n) € I';(v) if and only if (u(n)) € I'y,(v) — v. Hence

() = uln) =Y v, ()

vey
= u(n) = Y VX, ((u(n), (3.93)
vey
so that
Y. Flum) = Y Flm) + Y Fv) D X ((u(n) (3.94)
a<n<b a<n<b vey a<n<b

Hence, it follows from (3.92) and (3.94) that

1
E(a,b) < |—— F({u(n))) — F(w)dw
@b < 5= X Fltt) [, F
SO 3 e () - / dw| (3.95)
vey b—a a<n<b e z(v)—v
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Denote by D ({u)), the discrepancy of the sequence of points {(u(n))}a<n<p, and
by Das((u), H), the discrepancy of the same set of points with respect to the set
H. (Note that, through u, these quantities implicitly depend also on x.) Using the
Koksma-Hlawka inequality [14, Theorem 1.14], we have

S Pl - [ Fyda

a<n<b [0,1)?

< CD@y((w)) (3.96)

for some absolute constant C. (Note that in general C' = C(F'), but F is fixed in
our whole discussion.) Now, from Proposition 3.13 and the definition of F', we have
|F(v)| < |[v] £ My, so that

E(a’ b) < CD(a,b} (<u>) + MO Z D(a,b](<u>> Fx(v) - V)' (397)

vey

The cardinality #) is bounded by Mg so that Proposition 3.13 (Property 3) and
Theorem 3.4 lead us to the estimate

E(a,b) < CDy((u)) + Ca Mg Digy((u))*/?

<

< (C+ Co M§)Diayy((u))''2. (3.98)
Considering (3.88), any non-trivial bound for the discrepancy D, ((u)) will thus

lead to an improved bound for the error e,.

3. Next, we derive a closed form analytical formula for the sequence (u) and use

this formula to estimate the discrepancy D(((u)) via the Erdés-Turdn-Koksma

inequality. On T?, the recursion relation (3.60) turns into the bijective transformation

(T u) = (Au+ze), (3.99)
which can be iterated forwards and backwards to write a solution for (u(n)):
n—1
(A"u(0) +z(> AYe) ifn >0,

(u(n)) = = (3.100)
(A™u(0) — :I:(Z;1 A')e) ifn <0.

On the other hand, after evaluating these two expressions, one finds a single analytical
formula for all n € Z:

(v(n)) (0(0) +n)

{u(n)) = ( (u(n)) ) = ( (n0(0) + u(0) + Ln(n + 1)z) ) ' (3.101)
Define, for k = (ky, ko) € 72,
Stap(k, 7) = b% D ermielum), (3.102)

a<n<b
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where the dependence on = becomes explicit if the formula (3.101) is inserted in this
expression. Using the periodicity of the exponential function, one can rewrite Sq4
as .
_ 2midnT
Stan (k) = 7— D et (3.103)

a<n<b

where ¢, = e2mOkiHuOFnODk] and d,, = nk; + in(n + 1)ks. This quantity is
initially defined only for x € I, where I is one of the intervals defined by Proposition
3.13, since we have evaluated u only for this interval. Using (3.103), we extend the
definition of S(a(k,z) to all x € T.

Note that |c¢,| = 1 and d,, € Z for all n. Since d,, is a quadratic polynomial
in n, it can attain any given value at most twice. Hence, if S5 (k,x) is rewritten
as a trigonometric polynomial in x with distinct frequencies, the amplitude of each
frequency will be bounded by 2/(b—a), since max,, ,,, |¢,+¢m| < 2. Also, there will be
at most b — a distinct frequencies. Thus, using Parseval’s theorem, one easily bounds

1S, (k, )| 2(T) by ,

St (K, - < . 3.104
O = (3100
Now, for any positive integer K, Theorem 3.5 yields the estimate
1 1
Dy ((w) <C | =+ =) >\S(a,b}(k,x)\ : (3.105)
0<lklloo <K
so that
Dy ((0) dz < C inf 14 > L 1S (0. (k. 2| (3.106)
et = Tk | K r(k) 2@ il [
0<|[kllcc <K
Using the inequality || - ||ziry < || - || z2¢m), the bound (3.104), and
1 TE T
] = Bl
Z r(k) <Z Z Kk " Z lﬁ)
0<||k||oo§K k1=1ko=1 k1=1
= O(log® K), (3.107)
one concludes that
1
< / - _\—1/2 2
/ID(mb]((u)) dr < C }&fl (K + (b—a) " /log K)
< C"(b—a)Y?log*(b — a). (3.108)

4. The final step is to combine the results of steps 1, 2, and 3. We first combine the
bounds (3.98) and (3.108) to obtain

/ E(n—X\n)?de < CX?1log? \ (3.109)
I
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uniformly in n. It next follows from (3.88) and the Schwarz’s inequality that

lexa(n)]? <6A™ (E(n— A,n)*+ E(n — 2\, n — A\)* + E(n — 3\, n — 2X)?).

(3.110)
Finally, we combine (3.109) and (3.110) to get
‘ /|em(~)|2 drl| < CAX%1og? ), (3.111)
I foo
proving our assertion (3.84). O
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Chapter 4

Other Results and Considerations

4.1 More on First Order XA Quantization

4.1.1 Optimal MSE Estimates for Constants

Consider the first order XA scheme given by (2.7)-(2.9), or equivalently by (2.10) and
(2.11). We would also like to consider an arbitrary initial condition u(0) = ug € [0, 1).
Then, for constant input x, the output bits ¢(n) will be such that

Qn)=q(1)+...+qn) = |ug + nz]. (4.1)

As z varies in [0, 1], the collection of outcomes q.(N) := (¢(1),...,q(N)) define a
scalar quantizer whose threshold points (other than the points 0 and 1) are given by
a “modified” Farey series Sy(ug), where

Sn(ug) ={(—wo)/n : j=1,...,n; n=1,2,... N} (4.2)

We leave out the proof of this statement since it uses the same argument as in the
case ug = 0. (see Chapter 2, page 10.)

In this section, we study how to give lower and upper bounds for the mean squared
quantization error if ug is kept fixed while the constant input x is drawn uniformly
from [0,1]. For lower bounds we assume optimal decoding, where wg is known to
the decoder. The optimal MSE quantizer is described using the map Qut(z;uo),
which maps x to the midpoint of the interval J containing z, the endpoints of J
being successive elements of the threshold points in Sy (ug). The map Qup(x; up) is
the optimal quantizer under our assumption that the quantity x being quantized is
uniformly distributed in [0, 1] and is independent of wy. Our objective is to lower
bound the mean squared-error, given by the integral

MSE,(Qopt) == /0 (2 — Qopt(x;u0))*du, (4.3)

uniformly in ug. In the upper bound case, we suppose ug is fixed but unknown to
the decoder, and we consider a specific decoding algorithm that uses the triangular
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filter of length N. Let Qn(x;ug) denote the estimate of z, using the filter h =
(h(1),...,h(N)). It is given by

N
Qn(w;uo) = Y h(n)q(n). (4.4)
n=1
Our objective is to upper bound
1
MSE,,(Qp) :== / ( — Qn(z;u0))?dx (4.5)
0

for all wuy.

Lower Bound

We suppose that the initial value uq is fixed and known, with 0 < ug < 1. The unit
interval [0, 1] is partitioned into subintervals J = J(q.(N)). The optimal decoding
algorithm' Qupi(; up) maps the quantization data q,(N) that are associated with z
to the midpoint of the interval J(qu(N)). There are at most SN2 (uantization
intervals determined by the values given in (4.2). For ug = 1/2, Sy (uyp) is the subset
of Fon formed by the fractions with even denominators. Hence, some of the values
are repeated, similarly to the case Sy(0) = Fy discussed earlier. In this case, the
number of distinct values is asymptotic to %N 2 as N — oo, using [7, Theorem 330],
since the points in this set can be put in one-to-one correspondence with the Farey
sequence Fy. The intervals produced by the Farey sequence Foy range in size from
ﬁ down to size ﬁ, and the interval [0, ﬁ] contributes %N =3 all by itself to the
MSE of the optimal decoding algorithm. We now show that the same bound holds
for an arbitrary wu.

Theorem 4.1. For the mean square error of the optimal decoding algorithm, one has
the lower bound

MSEoy (Qu) > ;—GN—3, (4.6)

for all ug € [0,1).

Proof. We will show that at least one of the open intervals (0,5%) or (1 — 5%,1)

') ON ON
contains no quantization threshold. This interval is of length ﬁ, and since an interval

of length |I| contributes 15|I]® to the MSE, the contribution of this interval is gz N 2.

e Case 1: 0 <wy<1/2.
Fori1<j<n,and1<n<N,

j—uo>j—uo>1—uo L’
n ~ N — N 2N

hence (0, 5% ) contains no quantization threshold.

'The optimality of this algorithm is a consequence of the assumption that z is uniformly dis-
tributed in [0,1]. When conditioned on the data q,(N) the distribution of = is uniform on the
quantization interval J(qg(N)).

45



e Case 2: 1/2 <wy < 1.
Fori1<j<n,and 1 <n <N,

JTu nzu g Moy L
n - n _ N — 2N

hence (1 — 5%, 1) contains no quantization threshold.

O

The lower bound in Theorem 4.1 is not optimal; the optimal constant seems hard
to determine, but we believe it to be about five times larger than %. We show in [4]
the following exact result:

Theorem 4.2. Suppose that ug =0 or uy = % Then, one has

MSE(Qopt) = gy N2+ O(N"*log N) as N — oo, (4.7)

where

1¢(2
Q= 6e3 0.22807,

and

2¢(2) 1
=25 L 006782
W2T91C3) T 16 ’

where ((+) is the Riemann zeta function.

The proof is based on the explicit relation of the set of quantization thresholds
in these two cases with the Farey series. Theorem 4.2 sets a limit on how much the
constant % in Theorem 4.1 can be improved, since the best constant can be no larger

than 2—21% — %. Numerical simulations suggest that this bound for uwy = 1/2 is
actually close to the minimum over all initial conditions ug, and conceivably it might

give the best constant.

Upper Bound

We view ug as fixed with 0 < ug < 1, but otherwise unknown. The quantization
values (¢(1),¢(2),...,q(N)) are known to the decoder. For simplicity we assume that
N =2M —1is odd. The triangular filter {h(n): 1 <n < 2M — 1} of mass 1 is given
by

L@ <n<M,
L-edh M<n<2M-1.

We give a detailed analysis for the case N = 2M — 1 only; for the case N = 2M we
may discard the value ¢(/N) and use the above filter on the remaining values.
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Theorem 4.3. For the mean square error of the triangular filter decoder, one has

the upper bound

MSE,, (Q) < %N- (4.9)

for all uy € [0, 1).

The proof uses two number-theoretic lemmas, whose statements and proofs are
given next. In the following, (m,n) denotes the greatest common divisor of m and n.

Lemma 4.4. For fized constant ug and all positive integers n and m,

/1<m:—i-u)(mx—i—u)dgc—1 <i(n,m)2 (4.10)
0 0 0 4012 nm '

Proof. We shall prove the lemma by establishing the formula

1 1 (n,m)?

1
dz = -
/O<nx+u0)(mx+u0) T=1+13 =

Onm (4.11)

where |, m| < 1. Denote the expression on the left hand side by ¢, ,,,. We substitute
nx + ug and mx + ug for x in the Fourier series expansion

oo
l’) — E ak627rzk:c’

k=—00

where a; = (—2mik)~! for k # 0 and ag = 1/2. This Fourier series is only conditionally
convergent, and is to be interpreted as the limit as N — oo of the sum taken from
—N to N. However, its partial sums are uniformly bounded [8, Ex. 4, p. 22]:

Z ape®™**| < C,  for all x and all N. (4.12)

[k|<N

Hence, using the bounded convergence theorem, one can change the order of integra-
tion and double sum to obtain

Z Z a5 ay e2m(k Du / 627ri(kn—lm):cdx‘ (413)
k€Z leZ

Summing up (4.13) over the nonzero indices k, [ given by kn = Im and straightforward
manipulations result in

L. (n,m) p2iduo(m—n),/(n,m)
o = — _ miduo(m—n)/(n,m 4.14
“n, 4 4 nm Zd2 ( )
d#0
11 (n,m)?
n,m 4.1
412 nm On, (4.15)
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for some |@p.m| < 1,% upon using > a0 L=z, M

Lemma 4.5. For all positive integers L,

XL: EL: (2’:;)2 <5L. (4.16)

n=1 m=1

Proof. We have

YA -2 X A

n=1 m=1 1 1<n,m<L
(n,m)=d

L |L/d] |L/d] 1
< _
SD3 7

d=1 j=1 k=1

2

B i LL/dJ1

d=1 \ j=1 J

- L
< 1+log=)? 4.17
< Y (1+log2) (4.17)

However, this last expression is bounded by

L
(1+10gL)2+/ (14 log(L/y))*dy = 5L — 4 — 2log L,
1

which proves (4.16). 3 O

2Using the formula

1 1,
E ——(0— — <h<
d2 cosdf = 4(6‘ 7T) 7 0<6<2m,
the exact value of ¢, ,, is easily found to be
3 m-—n 1
nom = = (2 —1)2-=.
on, 2( <u0(n,m)> ) 2

3The constant 5 appearing in (4.16) can be improved to 2 + 5v/2 + 7/3 = 4.1 by using the
inequality

L
1 1
g; ’Y‘f’logL"ri,

where 7 is the Euler-Mascheroni constant defined by

N
1
y= lim (23 —1ogN) =0.5772...

Jj=1

Numerical experiments suggest the optimal constant to be ~ 3.
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Proof of Theorem 4.3. Suppose N = 2M — 1 is odd. We set
en(x) =2 — Qn(x;up)

where Q,(z;ug) is the triangular filter decoder

2M—1

Qu(w;ug) == Y h(n)g(n) (4.18)

with filter weights (4.8). We have

en(r) = (z —q(n))hy,

Summing this by parts yields

g ((0) 4 u(M = )+ (M) u@M 1) (419)

Then we have

en(z) =

M-1 2M—1
1 M 1 M
len (@) < =5 | ) u(n) — |t > u(n) - | (4.20)
n=0 n=
which, upon taking the square yields
M-1 2M—1
2 M~N2 2 M2
2
lew(2)]? < W( ZO u(n) — 7) + W( ;4 u(n) — ?) . 421
We now consider the mean square error,
1
MSE,,(Qn) = / len(x)]?d.
0
Substituting the value of u(n) into into (4.21), and integrating, we get
o 1, M2 M2 2M—1 M2
MSE“O(Q}‘)SW/O {(;(nxjtu@—?) +<T;<n:v+uo>—7> dz.
(4.22)

We expand this expression, substitute fol (nx + up) der = 1/2 for positive n, and
rearrange to get

MSEu,(Qn) < i4 {(UO - 1)2 + 5 (/01<n:£ + ug) (mx + ug) dr — i)

</01(nx+uo)(m:£+uo) dz — %) } (4.23)



Next we apply Lemma 4.4 to (4.23) and replace the term (ug — 3)? by its maximum
value 1/4, to obtain

o (1 o MziM- (nom)? 1 2M—12M—1 (n,m)?
MSEBw(@Qn) < 55 <—+— i T D D s ) . (4.24)
Finally, we conclude our estimate of MSE, (Qn) by applying Lemma 4.5 with L =
2M — 1= N —1 to (4.24) (combining the double sums) to obtain
40 16

MSE,,(Qn) < ?N—?’ — ?N—”‘, (4.25)
which yields the desired bound. =
Remark: The proof of Theorem 4.3 did not determine the best constant for MSE
using the triangular filter, and some improvements are possible on the constant % by
more careful argument, since the constant in Lemma 4.5 can be improved slightly.

4.1.2 Approximation in L?

In Chapters 2 and 3, we have considered pointwise and L°° approximation rates of
general bandlimited functions using first order XA quantization. A natural question
is whether it is possible to approximate functions in the LP metric. In this case, we
consider functions in the class

BE(R,[0,1]) :={x: R —[0,1] : z € B, N L}, (4.26)

for 1 < p < oo. In the L™ setting, the range [0, 1] of functions under consideration
was arbitrary (however, in agreement with the choice {0,1} of quantization levels);
by selecting ¢(n) from {a,b} instead, we would be able to handle functions taking
their values in [a, b] and essentially everything would be the same. In the L? setting,
however, there is an additional integrability requirement on the functions and this
seems to ruin the transposibility. If instead of BF(R, [0, 1]), we wanted to approximate
the class B(R,[—1,1]) :== {z : R — [-1,1] : x € B, N LP} in L using functions of
the form ) q(n)p(t — %) with ¢(n) € {—1,1}, this would correspond to a different
setting.? We shall discuss the setting corresponding to the class (4.26) with ¢(n) €
{0,1} in detail, and then outline the results for the setting with range [—1,1]. It
turns out that there exists a non-trivial correspondence between the two settings
which makes them behave similarly regarding our problem.

We would first like to make an asymptotical analysis of the output bit sequence
gx produced by the first order ¥A quantization algorithm given in (2.24)-(2.26) for
functions in B?(R, [0, 1]). The cases p =1 and 1 < p < oo lead to two different types
of behavior, and this becomes important for the approximation problem.

4This new setting would be equivalent to approximating functions in {x : R — [0,1] : = €
Br and [ |z(t) — 4|Pdt < oo} with ¢(n) drawn from {0,1}. We would still be measuring the error
in the LP norm, although neither the target function nor the approximant would lie in LP! (This
seemingly odd situation, however, would not cause a problem, since both target and approximant
would have the same “dc component” equal to 1/2.)
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Case 1: p=1.
Let z € B}(R, [0,1]). The Poisson summation formula® gives

% S a(2) = 3 a(2ran) = #(0) (4.27)

n

for all A > 1. Since [2(0)| < [|z][z1, we get that )  x(%) < co. (In fact, in our
case, (0) = [x(t)dt = ||z||r1, since z(t) > 0 for all ¢.) Clearly, this implies that
| X (n)| < A||z||z1 for all n, and thus there is a positive integer ny such that ¢\(n) =0
for all |n| > ny. Without loss of generality, we assume ny to be the smallest such
number, i.e., ny :=min{n : ¢x(m) = 0, for all |m| > n}.

Clearly, the definition of ny implies ) (%) < 2, so that (4.27) yields

[n|>nx

Mzl <24 > 2(%) < 20y +3. (4.28)

In|<ny

This gives the lower bound ny > 1(A||z|[z1 — 3). On the other hand, an upper bound
may be obtained using

ux(ma) + Y x(3) < L. (4.29)

n>ny

However, it is hard to give a precise estimate because of the variability of uy(n,).
For a function z that obeys the decay estimate |z(t)| < [t|~™, it can at least be said
that for every A, there is an initial condition uy(0) for which ny < C A\%/(50=1)  The
following theorem states that whenever ny = 0(A\?), one has approximation in L!.

Theorem 4.6. Let x € BX(R,[0,1]), and g\ be the output of the first order A
quantizer with input (x(%)). Assume @ satisfies, together with (2.20), the decay rate
lo(t)] < C' |t for some vy > 2. Then

o=l = 0 (53) + (1) (4.30)

).

>3

where Ty = 5 Y qa(n)e(- —
ne”z

Proof. For all |t| > ny/A, the approximant Z,(t) can easily be bounded as

S amet -0 < £ 3 lelt-3) (4.31)
nez In|<nx
< C ’t - % o (4.32)

®Note that the Poisson summation formula is valid since z is necessarily continuous (in fact
analytic) and is also of bounded variation (which can be seen from Bernstein’s inequality for L!-
bandlimited functions [9, p. 14]).
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On the other hand the basic estimate gives |z(t) — Z,(t)] < C/X for all t. So, for
Ty > ny/A, one has

le -Gl < /| (2(t) — Ea(t)] dt + / (e(t)] + () dt (4.33)

[t|>T

T —v0+2
< C—H/ w(t) dt + C |1y — 227 (4.34)
A S A
The theorem follows by choosing T = % + A° for some 0 < € < 1. O

Case 2: 1 <p < o0.

We would like to consider functions z € BP(R, [0, 1]) with 3, (%) = oo for all
A > 1. Such a function can be constructed very simply. Start with any function y
defined on R with the properties

]7

o y € L'\ L2 where (2p) = % is the conjugate index of 2p (note that 1 <
(2p)" < 2),

M

e supp(y) C [-73,

o [lyllrr <2,
e y is even and real,

and set z = (y¥)? = (y *y)", where y¥(t) = 5= [y(§)e™d¢. Clearly, z is in B
since y * y is supported on [—m, 7|, is everywhere positive since y" is real, is in LP
since y¥ € L*. Moreover ||z]l~ = [[4"|3~ < (=lyllr1)? < 1. Finally, z ¢ L',

for otherwise this would imply y¥ € L2, which is impossible since y ¢ L?. Thus,
z € BE(R,[0,1])\L*. We claim that ) x(%) = co. To see this, define ¢)(y) to

be the n'" Fourier coefficient of y, given by c)(y) := 5 _’\j\rﬂy(g)e_mf/’\dé. Then,

Ay) = y¥(=2), so that 2(2) = X2(A, (1)), But y ¢ L%, 50 3, |eA(y) = oc. Note
that « is an even function, so that >~ , z(%) = oo as well, proving our claim.

We now look at the asymptotics of ¢\(n) as |n| — oco. First, observe that z(t) — 0
as [t| — oo by the Riemann-Lebesgue lemma, since y*y € L'. This has the following
implication: For given positive integer M, let ), be such that x(t) < 1/M for all
|t| > tp. Then, for all n > Ay, at most one among M consecutive output bits

op(n+1),....,qx(n+ M) can be equal to 1. To see this, just note that

> a(m) = —[ua(n+ M) —us(n)] + Y @) <2. (4.35)

A similar statement can be made for negative indices as well. Let (n})rez be the
increasing sequence of indices at which the output bit is equal to 1. (This is an
infinite sequence since ) (%) = oo implies |@x(n)| — oo as [n| — oc.) For a large
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positive integer M, let k be such that ny} > At,;. Then,

A A

Met1 Mk+1
2= a(m) = —[ua(miy) —u(ny — D]+ D> 2(R) (4.36)
1
< 1+ M(ng+1 —np + 1), (4.37)

so that (ny,; —ny) > M. In other words, the sequence (ny,; —np) — oo as k — oo.
Similarly, (n}_, — n3) — —oo0 as k — —oo. One can express 7, in terms of the
sequence (ny) as

b=y el - o) (438)

In general this function is not in any L? space, for p < 00.® Thus, one can not expect
any convergence in LP, for p < oo.

Remark: If instead we look at functions in the class BF(R,[—1,1]) using the first
order YA quantization algorithm with ¢(n) € {—1, 1}, then similar results are still
valid. For instance, in the case p = 1, the output bit sequence eventually converges
to the alternating sequence (—1)™ and it is possible to have convergence in L! using
slightly more specific filters. On the other hand, for 1 < p < oo, we can consider the
same subclass of functions z = (y * y)" constructed above. For these functions, the
output sequence now behaves asymptotically like (—1)", except that at each n}, the
phase of the sequence (—1)" is flipped, i.e., the sequence of indices n} corresponds
to two consecutive +1 values. It can again be shown that approximants constructed
from such bit sequences in general do not belong to any LP space.

4.2 Other Schemes, Lower Bounds and Other In-
formation Theoretical Considerations

4.2.1 The Family of Daubechies and DeVore

In Chapter 2, we mentioned higher order XA schemes and gave the derivation of the
basic error estimate for a stable k-th order scheme, borrowed from Daubechies and
DeVore [3]. We also mentioned explicit construction of a family of stable schemes for
all orders by Daubechies and DeVore; as far as we are aware, this is the first such
construction. Below is their scheme and the statement of their stability result. The
proof may be found in [3]. It is assumed that the output bits are drawn from {—1,1}
instead of {0, 1}.

Theorem 4.7 (Daubechies-DeVore [3]). Suppose |z,| < a < 1 for all n € N.
For a positive integer k, let Ly = [(b+ 4a)/(1 —a)] +2, My = 2(1 + a), and

6This is trivial to see when ¢ is compactly supported, since (ng+1 — ng) — 00 as k — oo.

23



M; = (3L,)P~140-V0=20, for j = 2,...,k — 1. Let the sequences (q,)nen and
(W) en, 7 =1,...,k be defined by

(1) 1)

Uy, = un_1—|—l’n—%
unj) = ugﬁleug_l) j=2,...,k

n = sign{ug_)l + Mlsign[ufll +...+ Mk_lsz'gn(uilk_l) -}, (4.39)
©)

where u”y = 0 for j = 1,...,k as initial conditions and the recursion is started at
n =0. Then,
1
lu®| < 5(3L1)’“—14<’f—1><’*f—2>M1 (4.40)
for all n.

For a given order k, this result, combined with Theorem 2.9, implies that it is
possible to achieve an error estimate of the form CyA™*, where C} ~ ¢* for some
constant ¢ > 1. By selecting a suitable order modulator for each A, it is possible to
beat any power law decay. The choice k ~ vylog A for an appropriate v would yield
an O(A\Ple?) type decay.

4.2.2 Kolmogorov Entropy and Lower Bounds

Various questions can be formulated regarding the approximation properties of one-bit
quantization schemes. The first is: what is the best possible accuracy? A bound can
be given using the notion of Kolmogorov e-entropy.” Since the space B, (R, [0, 1]) is not
compact with respect to the norm || ||, one works with restrictions to finite intervals.
Let B, r(R,[0,1]) be the class formed by restrictions of functions x € B, (R, [0, 1]) to
the interval [—T,7T]. Then the average entropy per unit length H (B, (R, [0,1])) is
defined to be

H(B, (R [0.1])) = Jim. %HE(BW,T(R, 0,1)), C[-T, T]). (4.41)

It is known due to a result by Kolmogorov and Tikhomirov [20], [21, p. 514] that

H.(B:(R,[0,1])) ~ log % (4.42)

which implies that for sufficiently large values of T', the minimal cardinality of an
e-net for the class B, (R, [0,1]) is asymptotic to (1/€)?". In other words, with A
bits per unit interval, one can construct an e-net for B, r(R, [0, 1]), consisting of 2227
functions, where € ~ 27*. We have seen that the best performance that has been
proved so far for existing XA families is of the type A\~81og* = ¢=Alog N? which falls
far short of any exponential accuracy. This inefficiency could be due to different
reasons:

"The Kolmogorov e-entropy of a compact set A in a metric space X is defined as follows: For a
given € > 0, let N.(A) be the minimal cardinality of an e-net of the set A in X. That is, there is
a discrete subset A of X with cardinality N.(A) such that the e-neighborhood of A, contains A.
Then, the quantity He(A) := H(A4, X) :=log N.(A) is called the e-entropy of the set A in X.

o4



1. For a given A, let Cy r C {0, 1}=2TA ] be the collection of all possible bitstreams
output by the ¥A modulator of optimal order, with inputs from B, r(R, [0, 1]).
The cardinality #C, r of this set may be too small to achieve any exponential
accuracy. (For instance, a first order YA quantizer with constant input can
produce only O(N?) distinct bitstreams of length N.)

2. Consider the set of functions

{% S qln)e(-— 1) qe cm} (4.43)

for a given reconstruction filter ¢. Even if the cardinality of Cy r is sufficiently
large, the restrictions to the interval [—T, 7] of functions in the set (4.43) may
not have a sufficiently “uniform” spread in B, - to achieve exponential accuracy.
More importantly, for ¢ € Cyr, let S, be the class of functions in B, whose
output is the bit sequence q. The partition {S,}4ec,, may itself be “non-
uniform”. (Note, for instance, that the effective quantizer corresponding to N
bits of the output of a first order XA quantizer with constant input contains
intervals that are as long as 1/N.)

3. Alternatively, even the larger class of functions

{% S atme(-— 1) a € {0, 1}{—”‘”} (4.44)

may be suffering from the same problem as in item 2.

It is an unsolved problem to determine whether exponential decay of error can be
achieved using approximants of the form (4.44). For the constant input case, a step
towards this lower bound is taken by Konyagin [22], who showed by means of a purely

number theoretical construction that it is possible to achieve an O(c_\/x) type of error
decay. Next, we present this construction which was kindly communicated to us by
him.

4.2.3 Konyagin’s construction

Theorem 4.8 (Konyagin [22]). For each x € [3,3], and for each X\ > 2, there
exists a sequence ¢y, € {0,1}* such that

1 S
lz = 5 Y (el = oo < crem VAN, (4.45)

where ¢ is such that ¢ is smooth, supported on [—2m, 27|, and equal to 1 on [—m,7].

Proof. For a positive integer, let Sy, := {n € Z : n = a (mod m)}. It follows
straightforwardly from Poisson’s summation formula that if m < %, then

% S opt-1)=— (4.46)

m
’fLESa,m
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for all ¢, and all integers a. The construction of g, , will be done by finding a disjoint
collection of arithmetic progressions { S, m,} such that m; < 4 for all i, and

1
I

7

< cpe2vAloeX (4.47)

The following is the construction of this collection:

1. Given A (large), pick a prime number [ such that [ =< /\/logA. Let r ~ [/3,
r <1/3, and py,po,...,p, be the first r primes, where the prime [ is excluded. The
prime number theorem gives p, ~ élogl.

2. Let k, kq,...,k,. be integers such that k; < p; forevery t =1,...,rand r+k <1,
and consider the collection of the following arithmetic progressions:

Sijip ={n €Z:n=1i(modl), n=j (mod p;)}, (4.48)
fort=1,...,rand j=1,...,k;, and
Srrir={n€Z:n=r+1(modl)}, (4.49)

fori=1,..., k. The Chinese remainder theorem implies that .S; ;; », is an arithmetic
progression with difference Ip; and also that any two progressions from the union of
the above two collections are disjoint. It is easy to check that ip, < \/2. Hence, if
¢z € {0,1}7 is such that gy ,(n) = 1 if and only if n is an element of any of these

progressions, then
1 ~ ki k
3 > paln) =) TRE (4.50)
n i=1 ¢

3. Any integer A such that

1 A 2
< <= (4.51)
3 Ipr...pr — 3
determines k, kq, ..., k. that satisfy the requirements in item 2 and such that
A "k
=k+ ) —. 4.52
PERLD D 52)

This is shown as follows. First, define P; = Hj#pj. Note that ged(Py, ..., P) =1,
so that there exist integers P/, ..., P/ with PP/ 4+ ...+ P.P. = 1. Let k; be defined
by k; = AP! (mod p;) for each i. Hence,

A= Z k;P; (mod py...p,). (4.53)
i=1
Then, k= (A — 22:1 kzpz>/<p1 .. pr) 1\IOW7
3

T T 1
ZkiPiSZm---préml---prS—lp1---pr (4.54)
=1 =1
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so that £ > 0. On the other hand, trivially k¥ < A/(p1...p.) < 20/3. This ensures
that r + k <.

4. This reduces the problem to choosing the numbers k, ki, ..., k. for a given x. We
have just seen that it suffices to choose A while satisfying (4.51). Pick A such that
A 1
T — (4.55)

< .
Ipy...pe! 7 p1...p;

Now, using the prime number theorem once again, log(lp; ...p,) ~ p, < llogl =<
v Alog A. This concludes the proof. O

Remarks:

1. Note that the constants are independent of the value of x.

2. A similar scheme for arbitrary bandlimited functions (instead of constant functions)
is not known.

4.2.4 Democratic Encoding-Decoding

Despite its non-optimal performance of approximation, XA quantization is being
widely used in applications. One reason for this is the error-robustness of XA codes
that we shall discuss in this section. There is a built-in redundancy in the collection
of output bitstreams, enabling one to decode corrupted bitstreams with reasonable
errors. For instance, consider N consecutive output bits of the first order XA modu-
lator with constant input, and assume the value of one of the bits is flipped. Then, for
the simple rectangular averaging, the magnitude of the error will be 1/N, regardless
of which bit is flipped. Note that this error is already comparable to the uncertainty
of the value of input when all N bits are correct. On the other hand, the situation
could be much worse in ordinary binary expansion. If the most significant bit is lost,
this would create an uncertainty of magnitude 1/2. The fact that all bits are treated
equally in the decoding of XA bitstreams is the basis of the “democracy” concept,
which was first introduced by Calderbank and Daubechies in [23]. They prove that
a “democratic” representation in this sense cannot achieve the optimal exponential
accuracy in the case of encoding numbers in [0, 1]. However, their definition is not
very tight and there are democratic codes which, from other points of view, do not
seem to put equal weight on the bits of representation. In this section, we shall make
an analysis of democracy with a wider set of definitions.

The abstract problem
Let (X, d) be a compact metric space. By an encoder, we mean a mapping

E:X —{0,1}* (4.56)

of X to infinite binary sequences®

where

, or more generally, a family {E;},., of mappings,

Er: X —{0,1} forI€A. (4.57)

8Sometimes, the natural domain of the binary sequences will not be Z, but N.
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Here, A is a collection of finite intervals in Z and we call any such F; a finite encoder.
We also require A to contain a nested infinite collection of intervals whose union is
the whole of Z.

Similarly, a decoder is a mapping

D:{0,1}* — X, (4.58)
or more generally a family {D;},_, of mappings, where
D;:{0,1¥ — X for I € A. (4.59)

For a given encoder Ej, it initially suffices to define a decoder only on the range of
E;. However, in order to be able to decode (possibly) corrupted codewords, it may
be desirable that the decoder be defined on larger domains.

Let Pr: {0,1}* — {0,1} be the projection operator defined by restriction to
the index set I. This way, every encoder £ : X — {0,1}% gives rise to a family of
finite encoders by E; = P;E. For instance, YA encoders with constant input are of
this type. When only F is given, we will always assume that the finite encoders Ej
are obtained in this fashion. Also, when I = {1,..., N}, we shall use the shorthand
notations Fy and Dy.

The accuracy A(Er, Dr) of the encoder-decoder pair (Ey, Dy) is defined to be

A(E[, D[) .= Sup d(SL’, D[E[(SL’)) (460)
rzeX
A natural requirement for an encoder-decoder family {(E, D;) : I € A} is to approx-

imate the points of X with arbitrarily fine accuracy, i.e.,

|[I|—o00, TEA
For x € X, its encoding neighborhood Vi(x) is defined as
Vi(z) = E; ' Ef(z), (4.62)

and for a codeword b € Ran Ey, we call E;*(b) the decoding set of b. Then, to a given
encoder Ej, there corresponds an optimal decoder Dy, : Ran Er — X defined as
follows: Dy opi(b) := & such that

sup d(z,y) < sup d(z,9) for all z € X. (4.63)
yeET ' (b) veEr ' (b)

Such a point always exists (though it may not be unique) and satisfies
d(z,z) < diam(V;(x)) for all z € E;1(b). (4.64)

In general, the bound (4.64) cannot be improved. However, if X is a centered space,’
then one can improve on this estimate:

d(z,7) < % diam(V; (2)). (4.65)

9A centered space is a metric space (X, d) such that for every subset A of X, there is a point in
¢ € X with the property that d(z, c) < 3diam(A) for all z € A (see [20]).
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Note that with our definitions, it is possible that Dy, Er(z) ¢ Vi(x), or equivalently,
E;Dy opi(b) # b. That is, the optimal reconstruction in the sense of (4.63) may not
be “consistent”. If necessary, one can avoid this inconsistency by forcing & to be in
E;'(b), and replacing z € X by z € E;'(b) in the minimization condition (4.63).
However, it then becomes possible that no minimizer exists.

For a given decoder Dy, it is also possible to define the optimal encoder Ey ,, via
Voronoi regions. That is,

E7L,(b) :={z € X :d(z,D;(b)) < d(z, Dy(c)) for all ¢ € {0,1}'}. (4.66)

Note that the pair (E o, Dy) is always consistent, i.e., Ey o, Dy(b) = b for all b.

If X is also equipped with a probability measure p, then one can define a u-

optimum decoder D7, by requiring

[ . D Er(@)) dte) < [ e DE@)) dute) (167

for all D : Ran Er — X. The solution is given by

o - .
D) = miy [ . 2) duty) (168)
I
In general Dy, # Drop. However, for the analogous definition of E7 , given by
[ e, DiEf @) duta) < [ de, DiE() dute) (169)
b X

for all E: X — {0,1}7, it is always true that E , = Ejop.

opt

Various notions of democracy

The first definition will be that of Calderbank and Daubechies [23]. Their definition
is based on the decoder, and is motivated by the following observation [23] about the
minimal requirements for the possibility of “equally important bits”. For any encoder
E;, one has

s d(D;(b), Di(c)) > |—}|(diam(X) —2A(E;, Dy)), (4.70)

where dy denotes the Hamming metric on binary sequences and |I| denotes the
cardinality of I. This claim is proved by choosing two points z and y in X with
distance diam(X), and noting that by flipping one bit at most |I| times, one can
transform E;(z) into E;(y). Since d(D;E[(x), DiE(y)) > diam(X) — 2A(E;, Dy),
at least one of the bit flips should correspond to a jump that is bigger than the right
hand side of (4.70). The upper bound for the maximum amount of error that can be
made by flipping one bit can therefore, at best, be C'/|I|. This leads to the following
definition:
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Definition 4.9 (Calderbank-Daubechies [23]). A family of maps {Dy : {0, 1}V
— [0,1]; N =1,2,...} is called democratic if there exists a constant C, independent
of N, such that
sup |Dy(b) — Dy(c)| < C/N. (4.71)
dg (b,e)=1
The following theorem states the impossibility of having democracy and optimal
accuracy simultaneously.

Theorem 4.10 (Calderbank-Daubechies [23]). Suppose {Dy : {0,1}" — [0, 1];
N =1,2,...} is an optimally accurate family of maps, i.e., for a constant C, inde-
pendent of N, one has

A(Ex opt, D) < €270+, (4.72)

Then this family cannot be democratic.

Let us analyze decoders of the type
N
Dy(bi,...,by) =Y wabs, by €{0,1}. (4.73)
n=1

Here, we allow for different weights w,, = w?® for each N, but for convenience we
dropped the dependence on N in the notation. For such decoders, it is easy to assess
whether they are democratic. Indeed, a decoder of the type (4.73) is democratic
if and only if the weights w, satisfy |w,| < C/N for all n = 1,...,N. The two
decoders that we analyzed for first order XA quantization with constant input, namely
the rectangular filter decoder and the triangular filter decoder, are thus democratic.
On the other hand, the decoder with w, = 27", which corresponds to truncated
binary expansion, is clearly non-democratic since w; > C'/N. However, it is optimally
accurate (with accuracy 27). Now, we shall see that it is possible to build democratic
decoders Dy : {0,1} — [0, 1] with accuracy A(En opt, Dn) < C277V. An example
for v = 1/2 is the following: Let N = 2M and define Dy by

92— (n—M)
wy=...=wy_1=—, and w, = , for n=M,...,2M. (4.74)

M’ 2M
It is easy to check that the accuracy of this pair is bounded by 2= = 2=V/2 On
the other hand, it is democratic according to Definition 4.9, since |w,| < 2/N for all
n=1,..., N. This example can easily be modified to achieve any v < 1 by choosing
approximately (1—+)N —1 of the weights to be equal to 1/(1—+)N and the remaining
v N +1 weights to decrease exponentially from 1/(1—~)N to 277V~ /(1—~)N. Despite
democracy, these two groups of bits have very different powers of representation.
Clearly, Definition 4.9 is too weak to exclude such anomalies; this suggests we look
for alternative definitions. The definition of democracy that we give below excludes
these possibilities. In order to distinguish this definition from Definition 4.9, we shall
use the terms strong democracy and strongly democratic.
We shall distinguish two problems: First; we have to find a general way of mea-
suring the importance of a given bit that would lead to the definition of a stronger
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notion of democracy. Second; we have to decide whether this should be a property of
the encoder only, of the decoder only, or of the encoder and the decoder combined.

For the first problem, we start with the same intuitive idea as before: If any of the
bits in a codeword is flipped in a democratic encoding scheme, then the error made
by decoding the changed codeword should be the same order of magnitude for all
locations of the bit flips. (It is clear that one can not have exact equality except for
trivial cases.) However, this definition is not complete, for one also has to measure
and compare the effect of changing two, three and more bits at a time.

We define the uncertainty associated to a codeword to be

U;(b) := diam(E; (b)). (4.75)

In the probabilistic model, an average uncertainty may be defined as

U = s / 1 00:7) ). (4.76)

Let the joint uncertainty associated with a pair of codewords (b, ¢) be measured by
U (b, c) := diam(E; ' (b) U E; Y (e)). (4.77)

This quantity measures the maximum distance between two points z and y in X such
that Er(z) = b and E[(y) = c¢. Define for k =0,1,...,|I|,

M® (b) := max {U;(b,¢) : ¢ € Ran E;, dy(b,c) =k} (4.78)
and
m{¥ (b) := min {U;(b,c) : ¢ € Ran E;, dg(b,c) = k}. (4.79)

In the above definitions, if the set {¢ € Ran E; : dg(b,c) = k} is empty, then we set
M® () := mP(b) := U(b). Note that M (b) = m\” (b) = U (b).

Definition 4.11. A family {E;}1en of encoders is said to be strongly democratic if
i) Ml(l)(b) < mgl)(b), and
i) M (0) < ey kb MO (D),

for all I € A and for all b € Ran Ej, where all constants involved are independent of
bandI.

We shall also work with the following weaker definition of democracy:

Definition 4.12. For0 < v < 1, we say that a family { E1}en of encoders is y-strong
democratic if it satisfies

i) MY) < mP o)

together with property (ii) in Definition 4.11.
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Remarks:
1. Note that 1-strong democracy is strong democracy.
2. The definition of strong (or -strong democracy) is entirely based on the encoder.
We say that a family {D;};cx of decoders is strongly (or «-strongly) democratic if
the corresponding family {E7 ,p:}rea of optimal encoders has this property.

Now, we shall prove the following “near-characterization” of v-strong democracy
for decoders of the type (4.73):

Theorem 4.13. Let {Dy : {0,1}Y — [0,1]; N = 1,2,...} be a family of decoders
defined by

Dy(b) = wy(n)b(n), (4.80)

where we assume that all weights are positive, and

0<1-) wy(n) < max wy(n) (4.81)

T 1<n<N

for all N. Let wy, denote the increasing rearrangement of wy, i.e.,
wy(1) Swy(2) <--- S wy(N). (4.82)
Then,
a) If wiy(N) < clwi(1)], then the family {Dy}n>1 is y-strong democratic.
b) If the family {Dn}n>1 is y-strong democratic, then wi(N) < c[wi(2)]”.
Proof. a) Consider the set of points Qx := Dy ({0,1}"). Since

{ wi (1), wi(1) + wi(2), ..., wi(1) + ... + w;(z\r)} CQn,  (483)

and because of (4.81), the size of the largest interval defined by QxU{0, 1} is bounded
by wi (N). This implies that

A(En.op, Dx) < wi(N). (4.84)

Given b € {0,1}", let x and y be two points in [0, 1] such that Ey . (z) = b and
En opt(y) = ¢, where dg (b, ¢) = 1. Clearly, |Dy(b) — Dn(c)| < wi(N). Thus,

|z —y| <[z — Dn(b)| + [Dn(b) — Dn(c)| + [Dn(c) — y| < 3wy(N), (4.85)

so that M](Vl)(b) < 3w} (V). On the other hand, it is clear that mg\l,)(b) > |Dn(b) —
Dy(c)| > wi(1). Hence M (b) < 3¢ [mY (b)]".

For the second property, note that M ](\})(b) > wi(N), since one can flip the bit
with the largest weight. On the other hand, for any codeword ¢ with dg(b,c) = k,
one has |Dy(b) — Dy(c)| < kwi(N), so that M (b) < (k +2) wi (N) < 3kw (V).
This proves that {Dy}n>1 is y-strong democratic.
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b) We take b = (0, ..., 0), and construct ¢ by flipping only the bit that corresponds to
the weight wj (1). Then, it is easy to see that E' ,(0) = [0, 3wy (1)], and Ey, ,(c) =
[swi (1), 3wy (1) + swi(2)]. Hence m%)(O) = twi(1) + swi(2) < wi(2). Since
M](\})(O) > wi(N), our assumption that MJ(Vl)(O) < c [mg\l,)(O)]V implies wi (N) <
clwy (2)]". O

Remarks:

1. The binary expansion is not y-strong democratic for any 7, since wi (N) = %, and
wi(2) =27V

2. The example in (4.74) is not y-strong democratic for any =, since wi (N) = 2N~
and wi(2) = N~127N/2+1

3. More generally, it is easy to show that for a y-strong democratic family of decoders
as in the above theorem, wi (N) and w} (2) should satisfy the following properties:

(N+1)'< wi(N) <eN77, and (4.86)
cNVY < wi(2) <(N-1)"L (4.87)

Hence, for this family of decoders, 1-strong democracy implies democracy in the sense
of Definition 4.9.
4. For symmetric weights, the above theorem turns into an “exact characterization”
since then wi (1) = wj(2). An example is the triangular filter decoder defined in
(4.8).

Let us show that first order A quantization with constant input is not 1-strong
democratic as a family of mappings {Ey : [0,1] — {0,1}; N =1,2,...}. This claim
follows from the following observation: Given N, consider the codewords

b = (0,...,0,1,0,...,0,1),
——

N—_——
N times N -1

aq = (0,...,0,1,0,...,0,0), and
—_—— =
N N -1
¢ = (0,...,0,0,0,...,0,1),
e e Ve
N N -1

which, from (4.1), are easily seen to be associated to the Farey intervals Ey'(b) =
525, %), Ex' () = [ 2_), and Ey'(c2) = [55-7, 5% )- But then

IN+1' N N+1° 2N+1 2N+1° 2N
. 1 1 1
Usnyi1(b, c1) = dlam([m> N)) =Nz
whereas

Uans1(b,2) = diam<[2N1+ 1 %)) = %

although dp (b, ¢1) = dy (b, c2) = 1. Thus, the property (i) of Definition 4.11 fails to
hold. However, if we take instead the weaker condition (i') for y-strong democracy
with v = 0.5, then there is no longer any obstruction. To see this, let x and y be in
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0, 1] such that En(z) = b, Ex(y) = ¢, where dg (b, c) = 1. Let Dy be the rectangular
filter decoder. Then

[z =yl < o = Dn(O)[ +[Dy(b) = Dn(c)| + [Dn(b) —y[ < 3/N (4.88)

so that M](\})(b) < 3/N. On the other hand, we know that mg\l,)(b) > 1/N? since

the shortest Farey interval is of this length. Hence, M ](vl)(b) < 3[m§\1,)(b)]0'5. It
is much harder to check property (ii) required for strong or v-strong democracy. A
straightforward upper bound for M ](\f ) (b) is 3k/N. However, a lower bound for M ](\} ) (b)
of the order 1/N, which would yield property (ii), is not immediate (if it is valid at
all). The main problem is the lack of a good understanding of the “small” collection
of bitstreams output by the XA quantizer.

Finally, we would like to give a definition of democracy for a family of encoder-
decoder pairs. We assume that the decoders D; are defined on the whole domain
{0,1}!. Note that the joint uncertainty for two codewords b, ¢ € Ran Ey, as defined
in (4.77), means

Ur(b,c) = max max  d(z,vy), (4.89)
z€ET(b) yeE7(c)
and is a symmetric function of its arguments. This quantity does not necessarily
measure the error made by confusing the codewords b and ¢, since a decoder is not
specified and hence the erroneous reconstruction is not known. When both the en-
coder and the decoder are given, we define the quantity U 1(b — ¢) to measure the
maximum error that is made by decoding the codeword c instead of b:

Ur(b—c¢):= max d(z, D(c)). (4.90)

zEE;(b)

Then the analogous definitions for the extremal values of this quantity are:

ViR 7
M;™(b) = dHIg%(:k Ur(b— ¢), (4.91)

and . )
m§ () = dHI(Ibl’icI)IZk Ur(b— c). (4.92)

Definition 4.14. A family {(E;, D;)}1ea of encoder-decoder pairs is said to be jointly
~v-strong democratic if

i)y M) <e @ O], and
i) M5 (b) <y ke MO (D),

for all I € A and for all b € Ran E;, where all constants involved are independent of
bandI.

Remarks:

1. It is easy to see that Theorem 4.13 continues to hold in terms of the joint ~-strong
democracy for the family {(Ey opt, Dn) : N = 1,2, ...} defined by (4.80).
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2. Let Ex be the encoder of the first order XA quantizer, and Dy ;.. be the rect-
angular filter decoder. Let us show that the family (En, Dy rect) is jointly 0.5-strong
democratic. First, it easily follows that

MP®) < max |z — Dyea(b)| + maxk|DNm(b)—DN,,m(c)|

zEEN(b) dp (b,e)=
k+1
< — 4.93
< M (1.99)
On the other hand, clearly mﬁ)(b) > 17, since U(b — c) > 1diam(Ey' (b)) for all
c. This proves property (i) for v = 0.5. Next, let us see that M](\})(b) > 1/N. This is

clear for b= (0,...,0), and b = (1,...,1), so assume b has at least an entry 1 and an
entry 0. Let the two codewords ¢, and c_ be constructed by flipping any of the 0’s
to 1 and any of the 1’s to 0, respectively. Clearly

1 1

DN,rect(C-‘r) - N = DN,rect(b) - DN,rect(C—) + N7

so that for any x, at least one of the two quantities |t—Dy yect (¢4 )| and |[x—Dpy et (c-)|
is larger than 1/N. Hence it follows that M ](\})(b) > 1/N. This implies property (ii).

Let Dy be the triangular filter decoder defined by (4.8), where N = 2M — 1.
Let us see that the family (Ey, D ) is also jointly 0.5-strong democratic. The proof
that property (i) holds is the same as in the previous case. For the second property,
let us again assume b has at least an entry 1 and an entry 0. Let ¢; be the codeword
constructed by flipping the middle bit (M), and ¢y be the codewords constructed by
flipping any of the bits that has the opposite sign of b(M). Since the weight of the
middle bit is 1/M, one has

1 1 2

|DN,tm‘(Cl) — DN,tm‘<C2)| > i + e > N

so that it is again true that M](\})(b) > 1/N.

4.2.5 Robustness

We saw that individual bits of ¥A codes share roles that are distributed more evenly
compared to the bits of binary expansion. We analyzed this property within the
framework of “democratic” encoding, but one can also view this property as a certain
type of “robustness” against bitwise errors. In this respect, the problem of democratic
encoding of signals can be viewed as a natural extension of error correcting coding in
which the amount of error in reconstruction (in terms of the metric in the signal space)
is controlled by the amount of error in the codes (in terms of the Hamming distance).
In this section, we shall look at the general problem of “robust encoding” from a
different point of view, and in particular, point out robustness of XA quantization.
This point of view requires robustness against other sources of error, which are usually
introduced by flawed circuitry in real hardware implementations.
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Figure 4.1: Robust encoding problem.

An analog-to-digital conversion scheme is a (necessarily nonlinear) encoding op-
eration that produces an output stream of bits describing a signal. One has an ideal
system (the encoder) F(-) used to design the circuit, while the actual hardware cir-
cuit can be flawed, resulting in the system FE(-) that approximates the behavior of
E(+) but which makes certain errors. These errors are most of the time “systematic”,
but they can occasionally be random as well. Given the same input, the nonlinear
nature of the system, combined with feedback, can potentially lead, after some time,
to large discrepancies between the internal states of the two systems E(-) and F(-),
no matter how small the systematic or random errors are. Hence, the circuit produces
extremely “erroneous” bitstreams in Hamming distance. Yet, it is possible that these
erroneous codes are “highly correlated” with the correct codes in certain other senses,
still leading to close approximations. The robust encoding problem is to design an
ideal encoder E(-) for which there exists some decoder robust against certain pertur-
bations of the encoder. Given a robust encoder, the robust decoding problem is to
design a decoder D(-) which produces an adequate reconstruction of the signal from
the digital bitstreams produced by any of the (not precisely known) systems F(-).
Let us note that in contrast to the problem of democratic encoding, the problem of
robust encoding is now quite different from error correcting coding.

One can formulate the robust encoding problem as the simple block diagram
given in Fig 4.1. We are given a family of encoders Fo = {Ey : 6 € Q} where
0 is a (vector) parameter. We may think of these as representing an ideal encoder
with the parameter § measuring the deviation from ideality of a particular hardware
implementation. The parameter # is not under any control, except to lie in a fixed
compact set {2 representing the manufacturing tolerances. The decoder’s performance
is to be measured in the worst case against all the allowable encoders. This model
scheme does not include any source of random errors encountered during the execution
of the encoding, just systematic encoding errors embodied in the parameter 6.

Consider the quantization step in first order XA modulation given by (2.11), but
instead using a quantizer with offset 0. That is,

d(0) = Qaluln~ 1)+ o), where Qs(0)={ o §UZITF o

Assume also that the initial condition uy := u(0) is not necessarily 0. In this case, we
can take 0 = (ug,0), but as we show below, the behavior of the system really depends
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only on the single parameter 0 = uo + 0. The behavior of the system with an ideal
quantizer is described by

u(n) —un—1)=z(n) — Qu(n — 1)+ z(n)), n=0,1,... (4.95)
whereas with the non-ideal quantizer it is
a(n) —a(n—1)=xz(n) — Qs(at(n — 1)+ z(n)), n=20,1,... (4.96)

The following simple fact, observed in [24], simplifies the robust quantization problem
for this case.

Lemma 4.15. Let x be a fized input sequence. The output bit sequence q for the non-
ideal first order XA modulator with initial value w(0) = Uy and offset § is identical to
the output bit sequence for the ideal first order XA modulator with the modified input
value u(0) := o + 0.

Proof. Since Qs(-) = Q(-+9), on setting u(n) := u(n)+ 9, the system (4.96) becomes
equivalent to the system (4.95) with the initial condition u(0) = ag + 0. 0O

Lemma 4.15 shows that studying robustness of a first order YA modulator against
arbitrary initial value 1y and offset error reduces to the special case of studying the
ideal system (4.95) with arbitrary (unknown) initial condition ug. Hence, all of the
uniform, pointwise and mean square error estimates that we gave in Chapters 2, 3, and
4 for the first order ¥A modulation are robust against offset error in the quantizer,
since all these estimates are uniform in the initial condition. Let us note that this
reduction is special to first-order XA modulation. In higher-order schemes the initial
value ug and offset parameter ¢ are independent sources of error.

As a comparison, let us look at the effect of quantization offset error in the case
of binary expansion of numbers = € [0, 1]. The recursion is via the doubling map on
the torus, given by

u(n) = 2u(n—1)), n=12... (4.97)
where u(0) = x, and the bits (b(n))s2, are computed by
b(n) = Q(2u(n — 1)), (4.98)

where Q(-) is the quantizer Qs(-) defined in (4.94) for § = 0. Then clearly, one can
rewrite (4.97) as
u(n) =2u(n —1) — b(n), (4.99)

since b(n) = |[2u(n — 1)|. Note that the N-term approximation to z, given by
Ty = ZnN:1 27"b(n), is at most at a distance 27V from x. Suppose now, that the
offset of the quantizer (s is nonzero, producing erroneous bits Z)(n), and erroneous
N-term approximations Zy := .0 27"b(n). It is easy to see that for 1/2 — § <
x < 1/2 —§/2, the first bit b(1) is equal to 1, so that &y > 1/2, resulting in an
error that is bounded below by §/2. So, the standard decoder is not robust in the
asymptotic sense. Let us note that regarding quantizer offset error, robust encoding
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and decoding is possible in the case of (-expansions, expansions with respect to a
base [ < 2, due to a construction by R. DeVore [25]. The construction achieves its
robustness by exploiting the redundancy in representing numbers in such bases. The
accuracy of this construction is still exponential in the number of bits NV, of the form
27N for suitable v > 0.

Certainly, the possible existence of a robust decoder depends on the family of
encoders Fq considered. For example, in the case of first-order XA modulation,
Feely and Chua [26] consider encoders Fq that employ leaky integrators, meaning

u(n) = puln—1)+z(n) —q(n), n=0,1,... (4.100)

for some 8 < 1. Their results imply that for constant inputs and optimal decoding,
the mean square error does not go to zero with increasing the number of output bits,
so that a robust decoder does not exist in the asymptotic sense considered here.
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Part 11

Functional Space Approach to
Image Compression
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Chapter 5

Introduction

The second part of this thesis is on the “functional space approach” in the mathemat-
ical modeling of image compression. Only naturally occuring images are of concern
here; compression of cartoons or other man-made graphics is done more efficiently
with methods that will not be discussed here. A natural image is a function with
a continuous domain and a (bounded) continuous range, where the function’s value
at a particular point corresponds to the color (or a color component) of that point.
However, digital images are discrete valued functions defined on rectangular arrays
of picture elements called pixels. The distinction is often suppressed in the mathe-
matical theory, assuming that the discretization, both in space and in amplitude, is
sufficiently fine so that the theory and practice resemble each other well. The mathe-
matical theory of the discrete (digital) setting, as well as the mathematical theory of
the discrepancy between the continuous and discrete descriptions are quite interesting
to study, and involve algebraic elements as well as analysis; concepts like continuity
have to be replaced by more cumbersome and less elegant notions, however. We shall
not concern ourselves with these aspects here.

Certainly, not every function is an image, at least equally likely; otherwise com-
pression would be impossible. For this reason, understanding the space of images is
one of the most important problems of image compression. A typical approach in
this direction is to replace the space of images with a simpler mathematical model
and study the model instead. When the model fails, one tries to fix it by introducing
more complexity. The failure may occur because the simple model space is either too
small or too large. Assuming a large class (such as all square integrable functions) has
the advantage of guaranteeing that algorithms will always work, though suboptimally.
On the other hand, by studying smaller classes (such as the space of piecewise smooth
functions) one may devise more efficient algorithms that would work well most of the
time but that may sometimes fail badly. The trade-offs are not always clear.

Many image models that have been developed have a stochastic content. In such
a model, images are assumed to be the realizations of a random process, where the
source of randomness stems from the very way images are viewed as the combinations
of several objects each of which has a probabilistic description of location, shape, color
and texture. One can add further randomness through environment illumination and
perturbative noise introduced by the capturing devices. Ideally, one should then
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attempt to derive a probability distribution from such a complex model, but this is
too enourmous a task. Instead, one usually performs a leap of faith and assumes one
of the standard probability distributions of statistics. Although modeling images via
this path is not our purpose here, probabilistic models are occasionally helpful, and
we will use them whenever it seems appropriate.

One can also choose to capture the variety and the intrinsic properties of images
by using an entirely deterministic model, provided that it is sufficiently rich. The
model becomes an appropriate subset Z of a normed space (X, || - ||x), where the
norm || - ||x is used to measure distortion; the set Z itself may be described using
much stronger norms, or more complex characterizations. To what extent the norm
| - || x approximates the distortion in images as perceived by the human visual system
is a separate question that needs to be taken into consideration in practice, but upon
which we will not touch. Rather, we will choose to use the standard LP norms,
1 < p < o0, to measure errors. ([27] has a discussion of which L” norm in particular
is closest to the human visual system’s measure of distorion.)

Note that most existing compression algorithms correspond to a “truncated” basis
expansion; expansions like these are a classical theme of approximation theory, where
the approximant is a linear combination of a finite number of basis functions. In
practice, one solves the approximation problem in two steps which are:

1. the choice of a basis, which may well depend on the target function f to ap-
proximate, and

2. the selection of a finite subset among those basis functions, together with their
coefficients; these will depend on f.

The terms linear approximation and nonlinear approximation are related to how one
makes the choices in 1 and 2 above, and will be explained in Chapter 6. Note that
in the above, one may replace the notion “basis” with a much more general family
of (not necessarily linearly independent) functions that still span Z. We will restrict
ourselves to bases here.

From a data compression point of view, the size of the representation is the min-
imum number of bits needed to encode the approximant. This quantity is called the
rate. (This point of view requires that the selection of the coefficients must be made
from a discrete set so that encoding them requires only finitely many bits. This is
referred to as quantization.) Rate is a quantity that is not easy to compute, or even
to estimate. Instead we shall concentrate on estimating a closely related quantity, the
number of parameters of the approximant, to measure the size of the representation;
this is customary in approximation theory and also often done in engineering practice
as a first indication of the true rate. In a basis expansion, this corresponds to the
number of functions employed, without any concern for quantization.

The question of how rate depends on the distortion is the fundamental problem
of information theory, whereas how distortion depends on the number of parameters
is that of approximation theory. Contrary to the first one, the second problem can
often be answered by relating the rate of decay of the approximation error to a
“smoothness” condition. In this respect, the classical smoothness spaces in analysis,
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such as Holder, Sobolev and more generally Besov spaces arise naturally in the theory.
The correspondence between smoothness and the decay rate of the approximation
error is established most completely using wavelet bases. Apart from being part of
the most successful practical algorithms for image compression, wavelet bases are also
very powerful mathematical tools for precisely the smoothness spaces listed above. A
suitable wavelet basis is an unconditional basis for all these Banach spaces and there
exist corresponding equivalent discrete norms defined on the wavelet coefficients. It
is these norm equivalences that serve as the characterizations of functional spaces in
terms of the decay rates of the approximation errors in LP norms. Additionally, most
of the simpler toy models for images are already embedded in various Besov spaces.
All of these have formed the basis of the analysis and classification of images in these
spaces. This is studied in more detail in Chapter 6.

The purpose of this part of the thesis is to study the appropriateness of these
spaces and the methods of modeling image compression in this setting. We find that
while this is in general a fruitful approach, it can fail or be misleading in a variety of
cases. We discuss these in Chapter 7, together with a more refined approach.
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Chapter 6

Nonlinear Approximation and
Mathematical Modeling of Image
Compression

In this chapter, we present the theoretical foundations of the functional space ap-
proach to the mathematical modeling of image compression. Along with these, we
review the spaces involved in this approach, which are also fundamental spaces in
approximation theory. Then we present the connections between natural images and
these function spaces.

6.1 Review of Approximation in Wavelet Bases

6.1.1 Linear and Nonlinear Approximation
Basic Definitions

The problems we shall consider in this section lie in the setting of a Banach space
(X, - |lx), in which approximations will take place. Assume that X possesses a
(Schauder) basis, and denote it by {z;}2,. The natural projections {P,}>2 , associ-
ated to {z;}2, are defined by

P, (Z aixi> = Z a;T;. (6.1)

i=1 i=1

Denote by X,, the linear span of {z,...,x,} (which is also the range of P,),
and consider the problem of finding the best approximation from X, to a given
element f of X. Because the X,, are linear spaces, this defines the setting of linear
approzimation. Define the corresponding approximation error by

Eulf) = dist(f, Xa)x = inf [If = gllx. (62)

This problem is trivial to solve in the case X is a Hilbert space and {z;}$°, is an
orthonormal basis of X, due to Parseval’s formula: P,(f) is the best linear approx-
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imant. In the case of a Banach space, it is also easy if one is interested only in
near-best approximants f,, 1 < n < oo, defined by

for some constant C. In this case, the natural choice f,, := P,(f) would suffice.
Indeed, for any g € X,,, P,(g) = ¢g and thus
1 =Pu(Hllx < If = gllx + [[Pnlg — Hllx, (6.4)

which, upon taking the infimum over g € X, yields (6.3) with

C=1+sup||P,]. (6.5)

(sup,, [|P,]|| is always finite and is called the basis constant of {x;}:2,.) Similarly, any
sequence of uniformly bounded projection operators Q,, : X — X,, would result in
near-best linear approximation operators.

In contrast to approximations from X,,, an arbitrary n-term approximation comes
from the nonlinear set ¥, defined by

PIMEES {Za)\x,\ D #HA L n} : (6.6)

AEA

hence the name nonlinear approximation follows. The error of the best n-term ap-
proximation is given similarly by

oaf) 1= inf |If = gllx. (6.7)
g€2in

When X is a Hilbert space and {x;}$2, is an orthonormal basis of X, the so-
lution of the best nonlinear approximation in the above sense is again easy. Given
f =>,aiz;, it suffices to order {a;} in decreasing magnitude, forming a rearranged
sequence {a,; }, and set the n-term approximant to be simply > a2, However,

i=1
in arbitrary Banach spaces, even near-best solutions are not easy to find. (The def-
inition of a near-best nonlinear approximant is the same as in (6.3) except that X,
and E,(f) are replaced by ¥, and o, (f), respectively.)

Although the usage of the terms “linear” and “non-linear” gives a first impression
that these two methods of approximation are mutually exclusive, it is clear from the
definitions that nonlinear approximation is truly a superset of linear approximation.
The solutions to both problems are trivial in a Hilbert space, and a practician in data
compression would immediately consider the nonlinear approximation approach for
its generality. The price paid is that given a function f in X, all the coefficients of its
expansion in the orthonormal basis {z;}:2, have to be computed to find the n largest
contributions. This is a task that can be carried out when X is finite dimensional, as
in the case of digitized images.
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The generality of nonlinear approximation does not come for free; the necessity
of having to specify which basis elements are chosen for a given function introduces
an indexing overhead. For arbitrary functions in X, the indices of the selected ba-
sis elements (or at least their statistical distributions) can be quite general. When
the functions of interest come from a smaller subspace Y of X, there may be more
structure in the typical selected index set, and thus it may be thought that a natural
ordering of basis elements may lead to near-best solutions of the nonlinear approxi-
mation problem. As we will point out later, this assumption is not justified in many
cases; nevertheless, this approach is taken in the practical image compression algo-
rithm JPEG, where a particular ordering is employed for the discrete cosine basis.

Approximation Spaces

Our aim is not only to find the best (or near-best) approximants f,, for a given element
f in X, but also to know the rate of approximation as n goes to infinity. Before we
move on to more concrete examples in the following subsections, let us continue with
the abstract definition of an approximation space.

Suppose (S,) is an increasing sequence of subspaces of X such that .S, is dense
in X (as in the case of (X,,) or (X,)). Then, it is natural to consider the class of
elements in X that have a given rate of error of approximation from (S,). For any
a >0, let

A% = AYX, (Sp)) ={f € X : dist(f,S,)x = O(n™)}. (6.8)

Under some technical (but essential) conditions! on the spaces (S,,), which are already
satisfied by both of the families (X,,) and (¥,), it is easy to show that A% is a linear
subspace of X and the quantity

| flae :=sup n®dist(f, Sp)x (6.9)

n>1

defines a semi-norm on A®.

Although the definition of A% has the generality we looked for in the beginning,
a finer scale of intermediate spaces Ay is employed for a more complete description.
This is done with the addition of the secondary parameter 1 < g < oo and via the
semi-norm defined by

|flag = [1(2"dist(f, S2n) x Jnzolle - (6.10)

(Note that Ay C Ag if a > B, regardless of ¢ and p, and A7 C A5 if ¢ < p. Note
also that A% = A%.) The exact characterizations of these spaces in some concrete
settings will be given in the next subsection, when we discuss Besov spaces and wavelet
approximations.

!Two important conditions are: (i) aS, = S, for all a # 0, (ii) S, + S, C Sy, for some integer
constant ¢ > 1. See [10, pp. 234] for the details.
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An important feature of the Ag family is that these spaces can be realized as
interpolation spaces between X and a continuously embedded dense subspace (Y |-|y)
whenever the so-called Jackson and Bernstein inequalities are valid for the pair (X,Y)
with respect to the family (S,). A Jackson type inequality (or a direct estimate) is
said to hold if for some r > 0,

dist(f, Su)x < Cn™"|fly, (6.11)

for all f € Y and n > 1. (Note that this holds automatically for the Aj spaces
with 7 = a.) A Bernstein inequality (or an inverse estimate) controls how fast the
semi-norms of elements of 5, grow in Y; it states that

lgly < Cn'llgllx, (6.12)

for all n > 1 and g € S,,. For such a pair (X,Y), it turns out that the real method
of interpolation produces precisely the A% spaces:

(X, Y]arq = Ag, for 0 < a <r, and all g. (6.13)

(See [10, pp. 235] for a proof of this result.)

6.1.2 Approximation in L”: Wavelet Bases, Unconditionality
and Besov Spaces

In this subsection, we review the approximation theory of functional spaces in wavelet
bases, considering both linear and nonlinear approximations. The underlying space
X is a space of functions with domain either R? or [0,1]%. We measure errors in LP
norms. Thus, we will be concerned with subspaces of LP(R?) or L?([0, 1]9).

A short summary of the main results of multiresolution analysis and wavelet de-
compositions is given in the Appendix. We set ourselves in the biorthogonal case and
employ biorthogonal, compactly supported wavelets with arbitrary smoothness and
vanishing moments. We shall establish the Jackson and Bernstein inequalities with
respect to the multiresolution analysis generated by the associated scaling function.
This will lead to a characterization of the corresponding linear and nonlinear approx-
imation spaces in terms of the classical smoothness spaces. Our exposition will follow
DeVore [28] and Cohen [29] closely.

Linear Approximation in Wavelet Bases

Here we study the linear approximation spaces with respect to the family {V;};>o.
The first ingredient is an LP-stability result for the projection operators Py, stating

1Py, flle < ClIf | e, (6.14)

uniformly in j. With the same reasoning used in (6.4), this implies that
1f =Py, fllee = dist(f, Vj) ro. (6.15)
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(Here the notation F' =< G denotes equivalance of the quantities F' and G: there
are two absolute constants C and C5 such that C1F < G < CyF, uniformly in all
the variables in consideration, unless stated otherwise.) The second ingredient is a
result from approximation theory stating that, for any function f in the Sobolev space
WTP(I), where I is a cube of sidelength h, there is a polynomial p of degree at most
r — 1 such that

If = pllzeay < CR" | flwra (6.16)

for a constant C' = C(r,p,d). The spaces V; contain polynomials up to degree r — 1
when the mother wavelet ¢) has vanishing moments up to order » — 1. This, together
with the above approximation result, the locality of the basis functions and the LP-
stability of the projectors Py, results in the following Jackson inequality:

If =Py, fller < C277 | flywro. (6.17)

The corresponding Bernstein inequality, on the other hand, is merely a conse-
quence of the locality and the LP-stability of the decompositions.? With ¢ € WP,
the inverse estimate is

[flwre < C 27| fllr, (6.18)

for all f e V.
It remains to apply the characterization result stated in §6.1.1 for Ay spaces. By
setting X = LP, Y = W"P and Sy =V}, it follows that

AG(LP, (Sn)) = (L2, W arg. (6.19)

This result characterizes the approximation spaces with respect to the family {V;},;>0
in terms of interpolation spaces between some of the classical spaces in analysis. It
is also a classical result in interpolation theory that [L?, W"P|,/, , = By, namely the
Besov space with « order of smoothness in L” with “fine adjustment parameter” q.

Hence, (6.19) turns into the following characterization:
{f eLr: (2jadist(f, V})Lp)jz(] c lq} = B;iq. (620)

Besov spaces have originally been defined in terms of LP-moduli of smoothness, as
we will describe in the next section when we discuss other properties of these spaces
relevant to natural images. Let us mention also that by using the discrete Hardy
inequalities (see, e.g. [10]), it follows that

1£llze + 122f = P, fllze)ssollia < [ fllee + 127 Pw, fllze)jsolle,  (6.21)

which yields a characterization of || f||pg, in terms of the wavelet coefficients: If

F=> oot Y dy, (6.22)

AeTo 7>0 AEA;

2For any f =Y capa € Vj, this means | f||z» < ||(c)|i», assuming o, are normalized in LP.
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is the wavelet decomposition of f, then

IfllBg, = lfllagr (6.23)
= [l ea)aerolliw + 127 [ (dx)rea; i) jzolle, (6.24)

where we have assumed that the wavelets and the scaling functions were normalized
in L. If an L*-normalization is employed, then (6.24) becomes

£ 1l5g, = l(ex)aerolliw + 1127427212 [(d)) xen, [|ie ) 2 ollia- (6.25)

This norm equivalence has another important implication: it states that the
wavelet bases that we considered are unconditional bases for these Besov spaces.
An unconditional basis in a Banach space X is a Schauder basis {z;} such that for
every © € X, the series expansion z = > a;z; converges unconditionally, that is,

> Uo(i)To() converges for every permutation o of the indices. This is also equivalent
to the convergence of > €;a;x; for every choice of signs ¢; = +1. The unconditional-

ity of wavelet bases just follows from the fact that the right hand side of the norm
equivalence (6.24) is a function of the absolute values of the coefficients only.

Nonlinear Approximation in Wavelet Bases

The above norm equivalences also serve to characterize the nonlinear approximation
spaces in wavelet bases. Perhaps the most important case is approximation in L2.
We first derive the Jackson and Bernstein inequalities for this case. We also assume
that the wavelet basis is orthonormal.

The specific Besov spaces B], where 1/7 = 1/2 + r/d arise naturally in this
setting. For this index combination, the norm equivalence (6.25) reduces to

£ 1By, = l[(ex)reallir (6.26)

where A denotes the set of indices of all the coefficients in the expansion.
As we pointed out in §6.1.1, the best n — term nonlinear approximant f, € ¥, in
the L?-norm is given by

fn = Z C”/¢’y = Z C“/kw“/w (6‘27>
k=1

yeTH

where T, = {71,...,7} is defined to be the set of the indices of the n largest
coefficients. The sequence (cy)xea is in {7, hence in weak-1".3 Thus,

kl/T‘C’Yk| = #{A : |C>\‘ Z |C’Yk‘}1/7—|c“fk‘ (628>
< lex)reallirs (6.29)

3The weak-[? space is defined to be the space of all sequences (z,,) satisfying:

sup #{n : |z,| > MMM < .
M>0
The space 9 is trivially embedded in weak-19, with the /9 norm bounding the above quantity.
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which implies, together with (6.26), the estimate
ey < CR YTy - (6.30)
Thus, the accuracy of n-term nonlinear approximation is estimated by

- 1/2
||f_anL2 = (Z |C“/k|2> (631>

k=n+1

< On TR gy (6.32)
resulting in the Jackson inequality with respect to the family {X,}:
dist(f,%n)z2 < Cn™"| fll sy, (6.33)

The inverse estimate is also easily obtained from (6.26). Let f = ), ., cathx be
in ¥,,. Then, since there are only n non-zero elements in (cy)xea, we have ||(cy);r <
nY/7=1/2||(¢cy) |2, by Holder’s inequality. Hence, it follows that

I fll5, < Cn7|fllr2 forall f €5, (6.34)
As a result, the nonlinear approximation spaces Ag‘(L2, (3,)) are given by
A (L%, (20)) = [L?, By Jad/ra- (6.35)

The norm equivalence (6.26) indicates that the space B for 1/7 = 1/2 4+ r/d is
isometric to [7. Hence, the interpolation space given in the right hand side of (6.35)
is just [%,1aajrq = *9, a Lorentz space. Here, + = (1 — ad/r) + £(ad/r). If we
restrict ourselves to the case ¢ = s, then [®° = [° ~ B?g, since then the relation

1/s = 1/2 4+ « holds. Hence, the approximation space is again a Besov space and
(6.35) turns into

{f € L?: (2" dist(f,Son))nz0 € I°,1/s = 1/2+ o} = B (6.36)

Characterization of the nonlinear approximation spaces in L” is somewhat harder.
Interestingly, it turns out that (see [30]), a near-best n-term nonlinear approximant

for f = > ¢y can be found by selecting the indices with the n largest contributions
AEA
of ||exta||Le. The approximation spaces are then given by

Ag(va (En)) = [Lpu B7T—7q—]ad/r,q- (637)

Similar to the L? case, there is a particular value of ¢ (satisfying 1/q¢ = 1/p + «a) for
which the interpolation space on the right hand side of (6.37) is a Besov space.

Let us now make an efficiency comparison of linear and nonlinear approximation.
Here, by efficiency, we understand the amount of smoothness required for a given
rate of approximation. For simplicity, let us place ourselves in the setting of X =
L*([0,1]4). In this case, a linear approximant from V; employs N = dim(V;) =< 274
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Figure 6.1: Graphical interpretation of linear and nonlinear approximation.

basis functions. Then, (6.20) says that for the linear approximant to achieve an
accuracy of N~%/¢  the target function should (roughly*) have a derivatives in L2. On
the other hand, (6.35) states that an N-term nonlinear approximant achieves the same
accuracy when the target function has a derivatives in L®, where 1/s = 1/2 4+ a/d,
which is a weaker condition. The situation is usually illustrated with the functional
space plot of Figure 6.1, in which spaces correspond to points in the the plane. The
generic condition of “r derivatives in LP” (including the spaces W™ and Bj , with
arbitrary ¢) is represented by the point with the coordinates (1/p,r). Then, the two
lines denoted by L and NL mark the spaces characterized by the same rate of linear
and nonlinear approximation, respectively.

6.2 Embedding Images into Function Spaces

In this section, we look more closely at the various function spaces that have occured
as approximation spaces in the previous section and study other properties of these
spaces that make them relevant in modeling natural images. We also consider the
space BV of functions of bounded variation and a stochastic function space proposed
by Cohen and d’Ales as a toy model.

4Here, we shall ignore the third parameter of Besov spaces, which is insignificant for the purpose
of discussion.
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6.2.1 Piecewise Smooth Functions

The whole motivation of this model is the existence of edges in images, which separate
objects of different colors. By smooth, we mean C'“ for some o > 1. More precisely,
consider a partition € U...U ), of the unit square into domains with smooth (say
C?) boundaries and finite perimeters such that the image f : [0,1]? — [0,1] is C*® on
every §2;.

Note that this model immediately neglects the texture in an image, which would
not fit in a C“ setting. Similarly, noisy images are not considered, either. Images
that contain objects with very jaggy boundaries are also excluded from this model.

Two approaches can be taken in the analysis of the rate of approximation in this
space. The first approach considers the smallest Besov space that contains the class
of piecewise smooth functions with the given regularity and then directly borrows the
approximation result for this space. We will do this in §6.2.2. A second approach
is more direct, which involves estimating the size of the wavelet coefficients at each
level and position, depending on whether the support of the wavelet hits an edge or
not. Let us sketch this second analysis:

Let the support of the compactly supported mother wavelet ¢ be I. Then the
support I, of a given wavelet v; ;. is the set 277 (I + k). If I, intersects an edge, let
us call this a “type-1" coefficient. For the size |c; | of a type-I coefficient, one cannot
hope to get an estimate that is better than the trivial estimate:

el = 1{F, )] < I fllzoellvhselle < €277, (6.38)

For any level j, there can be at most O(27) type-I coefficients, since the 277diam([I)-
neighborhood of the set of domain boundaries contains only this many dyadic squares
at this level. Thus, the total L? contribution of these coefficients is bounded by
C 27902,

Each of the remaining wavelets will be supported fully in the interior of some
domain €2;. These define the “type-I1I" coefficients. We assume that ¢ has vanishing
moments up to order [a|. On each [;j, consider a polynomial P of degree < |«
such that |f(x) — P(z)| < || f]lce|z — zo|* for some xy € I} . Since (¢, P) = 0, the
size |c; k| of a type-II coefficient is easily estimated by

lejel < I(f = P)ij’kHLqu/}j,kHLl < o279y, (6.39)

Hence, at level j, these coefficients contribute at most 277¢ to the L? norm. Then it
follows that

1/2
If =Py fle < C (Z(z—’ + 2—2la>> <coin, (6.40)

1>]

where we have assumed that av > 1/2. This is the error decay of linear approximation.
Noting that 2% coefficients have been used in this representation, it follows that the
linear approximation error En(f) decays as N~/ in the number of basis functions
employed in the representation.
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Estimates (6.38) and (6.39) also serve to bound the nonlinear approximation error
through a weak-type estimate as follows: Given an ¢ > 0 threshold, let N, be the
number of coefficients of absolute value larger than e. Hence,

Ne < #{(J,k): cjpis type-l and € < C277}
+ #{(J, k) : ¢ is type-Il and € < CQ—j(a+1)}

S Z C2l+ Z 22l

2l§0671 2l(o¢+1)§cﬁfl

< C(et 4 ety (6.41)

which is dominated by C' ¢! if @ > 1. On the other hand,

1/2
on(f) < C | D> 2ty Y o
2l>Ce*1 2l(a+1)>0671
< C(€+€2a/(a+1)>1/2
< CON7V2 (6.42)

This shows that nonlinear approximation is superior to linear approximation, im-
proving the exponent by 1/4. Clearly, this was due to the sparse distribution of the
large coefficients in the wavelet expansion. Note that the smoothness of f did not
really matter much, as long as a was greater than 1. This is really the nature of the
things with this space; it is possible to improve the exponent 1/2 to 1 by more general
approximation schemes, such as adaptive triangulations of the domains €2;.> Note also
that this kind of limitation for the rate of approximation in a wavelet basis is typical
for two dimensions. In one dimension, the situation is much different. We can repeat
the same calculation we did above, however with the fundamental difference that the
number of type-I coefficients is now bounded by a uniform constant C' for all levels. It
would then follow that £, (f) is still limited (however to O(n~"/?) this time), whereas
on(f) can be bounded by O(n~%). Hence, for one dimensional piecewise smooth tar-
get functions, the performances of linear and nonlinear approximation diverge further
apart.

6.2.2 Besov Spaces and BV

There are a number of equivalent ways of defining Besov spaces. The original defini-
tion is via moduli of smoothness; however, equivalent characterizations by means of
interpolation theory, Littlewood-Paley decompositions, or approximation spaces also
exist. We already borrowed some of these characterizations without really worrying
about the original definition of Besov spaces.

In terms of their definitions, Besov spaces are closest to the generalized Lipschitz
spaces Lip*(«, LP), but with an extra parameter g to refine these spaces further. Let

5But not more, based on the Kolmogorov entropy of the unit ball of this space. Recently, Candes
and Donoho showed that their curvelet expansion gets very close this asymptotic lower bound, losing
only a logarithmic factor [31].
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us recall the definition of the L modulus of smoothness of a multivariate function
defined on a domain 2 C R? Let Aj be the forward difference operator with step
heRY ie., Apf(x) = f(z+h) — f(z) and A} be the r'* power of this operator for
integers r > 1.5 The r* order L? modulus of smoothness of a function f is defined
by

wr(f, 1), := sup || A} fll e (6.43)

|h|<t

Note that for » = 1 and p = oo, this definition reduces to the standard definition
of modulus of continuity, except that in addition, one also assumes f is uniformly
continuous. Let r = [a|+1. Then, the space Lip*(«a, L?) is defined to be all functions
f € LP satistying w,(f,t), < Mt and with its seminorm being the smallest such M.
In similarity with this definition, the Besov space By, is defined to be the space of
all functions f € LP such that

o0 1/q
‘f|Bg,q = (/0 [t w,(f, t)p]q%) < Q. (6.44)

The Besov norm is given by || f||r» + |f|pg, . By definition, By ., := Lip*(«, L?). Let
us note that when « is not an integer, By, turns out to be identical to the fractional
Sobolev space WP,

Besov spaces may easily contain discontinuous functions even for large values of
the smoothness parameter o. A classical example is a piecewise smooth function.
Consider a function f defined on [—1,1] having a single jump discontinuity at the
origin and being C“ otherwise. Then for small ¢, w,.(f,t), can be estimated by
(|O@) [P + O(r)t)/? = O(t™(@:1/P)) . This implies that f € B, and f € B&; for
all o' < min(a, 1/p) and all g; that is, f preserves its a order of smoothness provided
that the smoothness is measured in a sufficiently large LP space. (Besov spaces are
defined by the same expression also for p < 1, except that they are only quasi-normed
spaces for this range.) In particular, f is in Bg;, with 1/7 =o' +1/2, for all o < a,
implying that sup{c’ : o,(f)2 = O(n~*)} = a. While these arguments do not
immediately say that o,(f);2 = O(n™%), we know that this error estimate holds for
the class of piecewise smooth functions, as we discussed in §6.2.1. Let us also note that
the space A% (L?,(2,)), which is characterized by the property o, (f)r2 = O(n™%),
fails to be a Besov space.

We had seen in §6.2.1 that in two dimension, things were not as impressive. Let f
be piecewise smooth on a domain in R2. Then, one still has w,(f,t), = O(tmn(@1/p))
however, for f to belong to the Besov space BY _with 1/7 = u/2+1/2, the condition
7 < 1/p immediately implies that u < 1. Hence, it follows that o, (f)2 can only be
bounded by O(n~'/2), and not better, again verifying the result that was found in
§6.2.1 directly by arguments on the size of the coefficients.

Another important space in connection with these classes is the space BV of
functions of bounded variation. Apart from its classical definition on the real line,
the space BV has a number of different but coinciding definitions on a general domain

6A technical assumption regarding bounded domains is the following: A’ f(z) := 0 whenever any
of x,z+ h,...,x 4+ rh is not in Q.
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in RY. We are interested in two of these definitions. The first definition identifies BV
with the space Lip(1, L'), that is, the class of functions whose L' moduli of continuity
w1(f,t); behave as O(t). It immediately follows from this definition that piecewise
smooth functions belong to BV. On the other hand, Lip(1, L) does not belong to the
family of Besov spaces. However, the following holds:

Bi, C BV = Lip(1, L") C Lip*(1,L") = B .. (6.45)

This already leads to comparative error decays for linear and nonlinear approximation
of functions in BV. In the special case of BV([0, 1]?), it is shown in [32] that actually
BV C Bllv’w, where the latter space is by definition characterized by requiring wavelet
coefficients to be in weak-I'. (For Bf,, wavelet coefficients are precisely in I', as we
stated in 6.1.2.) This result is stronger than (6.45).

The second (and more familiar) definition sets BV to be the class of functions in
L' whose distributional derivatives are Radon measures. (It is known that these two
definitions are equivalent for a wide class of domains 2 C R%.) The relevance of this
definition to images may be explained using the co-area formula for BV functions
[33]. The co-area formula, when stated for Lipschitz functions, is the following: If
f:R? — R is a Lipschitz mapping, then

/Rd IDf|da = /OO H ({x: f(z) = 1)) dt, (6.46)

where H¢! denotes the d—1 dimensional Hausdorff measure on R¢. For BV functions,
a similar result holds with the modifications that D f is now a Radon measure and thus
the left hand side is replaced by |f|gy, and {x : f(z) = t} is replaced by the (measure
theoretic) boundary of {z : f(z) > t} (see [33] for a precise statement of this.) Thus,
it follows that a BV image will have contours of finite length. In particular, for the
piecewise smooth model, the edges must have finite lengths. Quoting [33, pp. 209],
a BV function is “measure theoretically piecewise continuous” with “jumps along a
measure theoretically C'* surface (curve for d = 2)”. This approximation can be used
to justify a BV model for images. However, due to the above corollary of the co-area
formula, this model would exclude the possibility of fractal objects in an image such
as clouds, which are occasionally modeled as having fractal boundaries. We leave
further discussion of this to the next chapter.

6.2.3 Stochastic Setting: Model of Cohen and d’Ales

As we mentioned in the Introduction, it is customary to view images as realizations of
arandom process. Many models have been proposed in the image processing literature
to model the statistics of image pixel intensities and the expansion coefficients in
wavelet as well as trigonometric bases. In contrast to these traditional approaches, a
stochastic function space model was proposed recently by Cohen and d’Ales in [34].
The model is a one dimensional process f(¢) defined on [0, 1], and is described by the
following ingredients: 0 = dy < d; < ... < dj < dry1 = 1 are a random number of
points obtained by a Poisson process (of intensity p), at which discontinuities are to
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be placed. On each interval [d;, d;11], f(t) is the realization of a zero mean stationary
process X (t) whose autocorrelation function rx(t) is assumed to be C* for a > 3/2.
The following are proved in their paper regarding the performances of linear and
nonlinear approximation in trigonometric and wavelet bases:

e For linear approximation, the performances of both the trigonometric basis and
a sufficiently regular wavelet basis are equivalent to the optimal performance
given by the Karhunen-Loeve basis. All of these methods result in

E[E,(f)3] <n". (6.47)

The poor performance of the Karhunen-Loeve basis follows mainly as a con-
sequence of the low regularity of the global autocorrelation function r¢(t) =
e Mty (t).

e On the other hand, the wavelet basis outperforms the trigonometric basis by
a large margin in nonlinear approximation. For the trigonometric basis, one
still has E[o,,(f)3.] < n~!, whereas nonlinear approximation in a wavelet basis
results in an O(n~%) bound for this quantity.

In this section, we would like to point out a few facts regarding the almost sure
regularity implied by this model; we shall provide the deterministic function spaces
in which almost every realization of this process lies. In particular, this leads to
estimates for the error decay rate that hold almost surely.

We consider the stationary stochastic process X (t) defined on [0, 1] whose auto-
correlation function rx(t) is C*. Then, in particular, there exists a polynomial of
degree |« such that

[rx(t) — P(t)] < Ct]* (6.48)

for all ¢t. It follows that, for any integer k > «,

E[|AFX (1)) = ii(—l)i“(é) (k.:)E[X(tJrih)X(tJrjh)]

i=0 j=0 Y
— ‘k ‘k (—1)+d (l;) (l;) (rx(ih — jh) — P(ih — jh))
< g\(;: 0 (6.49)

for all ¢. We have here made use of the fact that Z?ZO(—I)j (];)P(zh — jh) =
AF, P(ih) = 0 for every i. By integrating (6.49) with respect to ¢, and applying
Fubini’s theorem, we get

E[|ARX()Z=] < Clhl™. (6.50)
Yet another application of Fubini leads to
L e Ak 2 dh
E 1[Ihl [ARX ()l z2] | < (6.51)
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for every 6 < «/2. At this point we note the following equivalence for Besov norms

[ I IAEX Ol < [ (X P (6.52)

which is a consequence of w,(f,t), < %fg |ALf|lLeds (where the latter quantity is

called an averaged modulus of smoothness), and Hardy’s inequalities [10]. Thus,
E[|X [} ] < o0 (6.53)

for every ¢ < /2. Certainly, this implies that [|X|ze < oo except maybe for a

measure zero event &. Choose any sequence {6;}°, that converges to a/2 from
below. It is true that X € ﬂBgfz, except maybe for the event |J&p,, which is still
measure zero. Because of the nestedness of Besov spaces in the smoothness index, it
follows that

X e m Bg2 almost surely. (6.54)

e
0<g

Let us note that our approach to derive (6.53) was direct in the sense that we used
Besov norms only in their original definitions. However, by estimating the expected
value of the squares of the wavelet coefficients (E[|c;|?] < C 27+ as given in [34]),
and using the wavelet characterization of Besov norms, the same result can also be
derived indirectly.

We now know that almost surely, the realizations of the piecewise smooth model
of Cohen and d’Ales are functions that are piecewise Bj, for any § < a//2. The error
decay rate of the wavelet expansion for such a function can be estimated similar to the
way it was done in §6.2.1 and §6.2.2 for piecewise C“ functions. For instance, it easily
follows that for p < 2, one has w,(f,t), = O@t™=@VP)) Thus, ¢,(f)z = O(n™?),
which means that almost surely, realizations can be approximated at a rate arbitrary
close to the rate of the expected error.
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Chapter 7

Studying Images in Besov Spaces:
How reliable?

In Chapter 6 we showed, using various characterization results for linear and nonlinear
approximation by wavelet bases, that smoothness spaces, in particular the family
of Besov spaces, form a potentially convenient setting for studying the accuracy of
image compression algorithms and for modeling and classifying natural images; this
approach was originally proposed in [27]. In this chapter, we shall carry out a “case
study” to test the reliability of this approach. We will start with a discussion of
measuring the (Besov) smoothness of images, and then analyze some instances in
which this analysis leads to wrong, misleading, or unreliable conclusions. Next we
describe an experiment illustrating another source of mismatch that stems from the
ortho-symmetry of Besov spaces in wavelet bases. Connected with this aspect of our
discussion, we prove a theorem on the asymptotic sign structure of wavelet coefficients
for the piecewise smooth image model. Finally, we will present a more refined analysis
of smoothness through the multifractal formalism and some of its consequences for
images.

7.1 Measuring the Smoothness of an Image

We are primarily interested in measuring the Besov smoothness of images. More
formally, given an image f, we would like to know the set of smoothness parameters
(o, p, q) for which f € B . Often, one restricts oneself to the “worst” value of ¢,
computing, for each p > 0, the smoothness index af(p), which we define by

ay(p) :==sup{a: f € By} (7.1)

It was proposed in [27] to estimate Besov smoothness of images via the decay rate
of approximation errors in wavelet bases. The norm equivalences that were stated in
Chapter 6 serve as the main tool for this purpose. Let us first consider the equivalence
given by (6.25). For computational purposes, it is reasonable at the first glimpse to

interpret this as ' '
||(d>\)>\eAj ||lP ~ C2‘Jaf(p)2_]d(1/2—1/p)’ (7‘2)
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Figure 7.1: Linear approximation error for the Lena image. The logarithm of the
energy in each scale and the approximation error at that scale is plotted.

where we have assumed an L2-normalization for the wavelets and the scaling functions

in the decomposition
F=Y apr+> Y da. (7.3)

)\EFO .720 )\EAJ‘

This suggests to estimate ay(p) by m; — mj+1 — d(1/2 — 1/p), where we define
m; = 1ogy ([[(dx)rea, iw)- (7.4)

In practice, a typical digitized image contains no more than 6 to 8 dyadic scales
available for numerical computation and it is usually hard to observe a steady expo-
nential decay of the approximation error across these scales. We shall give examples
illustrating this situation in the next section. Among the most popularly used refer-
ence images, the numerically best-behaved example is the Lena image. We plot in Fig-
ure 7.1 the graphs of two quantities: On the left is logy (|| (dx)aea,[li2), 7 =1,2,...,7,
for the first three wavelets in the Daubechies family (which have 1, 2, and 3 van-
ishing moments, respectively). On the right is the quantity log,(dist(f,V}).2) for
J=1,2,...,7. If ||(dr)ren,|lz had a truly exponential decay (which would appear
as a linear behaviour in the graph), the same would hold for the second quantity as
well. Based on the slopes of these graphs where the behaviour is close to linear, it
may be argued that ay(2) is around 0.4. That is, the image Lena has “0.4 order of
smoothness in L?”.

Let us note that in these computations, wavelet coefficients have been computed
by applying the pyramidal algorithm to the pixel values directly. This implicitly
assumes, in fact, that

=Y pe (7.5)

el y
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Figure 7.2: Log-log plot of o,,(f) in L? for the Lena image.

where (pa)aer, is the array of pixels in the image - an assumption which is not correct
but nevertheless reasonably approximate.

Let us next consider the characterization (6.36) of nonlinear approximation in L?.
In this case, one looks for a power-law for the decay of approximation error (o,,(f))2_,,

where N is the number of pixels in the image. Following a similar approximate
argument as in the linear approximation case leads to

on(f) ~ Cn~r&2 where é = % + a. (7.6)

Figure 7.2 is a log-log plot of o,,(f) in L? for the Lena image, where the wavelet has
two vanishing moments. The slope is approximately 0.3 so that s ~ (0.5 + 0.3)7! =
5/4, and hence ay(5/4) ~ 0.6. That is, the image has “0.6 order of smoothness in
L34,

We have thus identified two Besov spaces in which the Lena image lies minimally.
Note that none of these spaces is embedded into the other through a Sobolev-type
embedding. (This can be seen by checking the index combinations in the character-
izations, or perhaps noting in Figure 6.1 that all Sobolev-type embeddings occur on
lines parallel to the line marked as “NL”.) Consequently, there are two different ways
of estimating the function oy (-): for each p, one can use the characterization of linear
approximation or nonlinear approximation in LP. In Figure 7.3, we marked with a
circle the two spaces that we had found earlier. We also computed ay(p) for a range
of p using the formula (7.2), i.e., within the framework of linear approximation, and
plotted the result as a dotted curve in the same figure. This curve is our numerical
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Figure 7.3: An estimate of ay(-) for the Lena image using the characterization of
linear approximation. The two points marked by question marks correspond to two

different estimates using nonlinear approximation in L? and linear approximation in
Lo/,

estimate of the best possible smoothness index as a function of 1/p. We could also
have used nonlinear approximation (i.e., apply formula (6.37)) to estimate this curve
numerically; this is harder and except for the one point (1/p = 0.8, ay(p) = 0.6)
which we found earlier, we did not carry out these computations. Note that this
point lies some distance from the smoothness curve estimated by linear approxima-
tion, illustrating the inaccurateness of our estimates.

7.2 Problems Caused by Ambiguity in the Mea-
surements

At what scale does the asymptotic regime start?

There is not always a definite slope: In the previous section, we worked with the
Lena image to illustrate how smoothness is “measured” by inspecting the asymptotical
behavior of linear and nonlinear approximation error in wavelet bases. Although
there were only a limited number of scales in the Lena image, it was still possible
to observe consistent exponential and inverse polynomial decays. However, this is
only occasionally the case. We tested this procedure on various images with different
characteristics and there seemed to be no generally consistent decay profile. One of
the major problems was the lack of a definite slope in the logarithmic plots. We have
picked the Window image (see Figure 7.9) to illustrate this example. Figures 7.4 and
7.5 plot the same graphs of Figures 7.1 and 7.2, but for the Window image instead
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Figure 7.5: Log-log plot of o,,(f) in L? for the Window image.
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Figure 7.6: Noisy sinusoidal signal on the left and wavelet coefficients in decreasing
order of magnitude corresponding to the noiseless and noisy signals.

of Lena. As it can be seen, asymptotics can start “too late” or may not at all!

Noise

One reason to study the smoothness of images is to understand how smooth a noise-
free image really is. The term “noise-free” is not well defined; sometimes, irregular
behavior that resembles noise in an image may very well be due to texture. In this
next example case, we study a situation that leads to misleading conclusions about the
intrinsic smoothness of images. We carry out a one dimensional simple experiment in
which we look at f = fs+ f,,, where f, and f, are the smooth and noisy components.
The smooth component f; is assumed to be C* for a sufficiently large o (determined
by the number of vanishing moments of the wavelet used in the expansion). In
order to carry out the numerical experiment, we select a sufficiently fine sampling
resolution for f; and draw each noise sample from a Gaussian random variable of
variance 0 < || f]|e- In Figure 7.6, we plot a realization of this experiment for which
fs is a pure sinusoid. The noisy signal is on the left. On the right, we have the log-log
graphs of the wavelet coefficients of f, and f, ordered in decreasing magnitude. The
fast decaying curve corresponds to f, and the slope of its envelope is determined by
the number of vanishing moments of the mother wavelet. The curve that lies above
it corresponds to f. It can be seen that the asymptotics of the noise has kicked in at
a very early stage, and no indication of the smoothness of f; can be read from this
plot, although the actual data on the left is still very “smooth” when considered as
a scan line of an image. We thus conclude that the decay can be very slow in the
presence of noise, even if the noise level is very small.

Mixtures

Consider a piecewise smooth function f whose “components” have different degrees
of smoothness; i.e., f is C* (and not better) on the domain €2;, and not all o; are the
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Figure 7.7: A function which is composed of two pieces with different Holder smooth-
ness.

same. An example would be an image with textured regions. The smoothness of tex-
ture would be very small, whereas object with smooth color shades would correspond
to a much higher Holder index. We know from the theory presented in the previous
chapter that the asymptotical behavior of the sorted coefficients will be determined by
the edges and/or the region of smallest Holder index. (In one dimension, there would
not be any contribution of the singular points.) However, the finite range of indices in
a digitized image may easily distort the asymptotical behavior in such a mixture case.
As a toy example to illustrate this, let us consider a one dimensional signal composed
of two components with exact C“ and C*2 Holder smoothness.! We plot in Figure
7.7 such a function that was created using lacunary Fourier series. We have sampled
this function and expanded in a suitable wavelet basis and plotted the coefficients in
decreasing order of magnitude in Figure 7.8. If we had all the scales in the sampled
data, the coefficient decay would be determined by the region of smaller smoothness
index, but in the finite setting, we eventually run out of the big coefficients, and start
seeing coefficients of the more regular region. However, the curve is then shifted, and
the slope of the tail in the log-log plot does not give the actual smoothness index of
that region. One can approximate the situation as in the following example: Suppose
we would like to sort the union of two finite sequences {n=®}Y_ and {n=22}_,,
where o < am. Let this new sequence be ¢,. For n > N + M, where M := N®/o2,
one has ¢, = (n — N)~?2. However, on a log-log plot, the slope

log ¢ni1 —log ey
log(n+ 1) —logn

(7.7)

of this portion of the curve would no longer be constant, and it changes from —aq(1+
N/M) to —2as on the interval [N + M,2N]. Even the minimum value of the slope,
being 2qs, is twice what one would expect. This is why the measurement becomes
misleading: there is no way to accurately estimate the smoothness by looking at the
asymptotic decay. Note that this is independent of the size of the data, and sampling
at a finer density would not improve the situation!

!This can easily be achieved using Fourier series of the type Y 27"% cos 2"x.
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Figure 7.8: The wavelet coefficients of the function in Figure 7.7, in decreasing order
of magnitude.

7.3 Problems Caused by the Choice of Spaces

What Does Unconditionality Cost?

We shall see in this section that images are sparse in Besov spaces. The norm equiv-
alences between Besov norms and coefficients of wavelet expansions state that the
unit ball B of a Besov space (in the equivalent norm in terms of the wavelet coef-
ficients) is orthosymmetric [35] with respect to the axes given by the wavelet basis;
that is, if > c¢jx;6 € B, then Y €;xcipthjn € B for all €, € {—1,+1}. Perhaps
more interestingly, there is more than just orthosymmetry: for any collection (o;) of
permutations, Y ¢;q ¥k € B as well. That is, if we shuffle the positions of the
coefficients randomly within every detail space, and build a new function out of that,
this function is also in B.

It is natural to test to what extent the “class of images” shares these two proper-
ties. In Figure 7.9, we have the original Window image. We perform two operations
on this image. The first is to change the sign of every coefficient in a random way.
The resulting function for an outcome of this random change is shown in Figure 7.10.
Note that the sharp edges are completely destroyed. The pointwise Holder smooth-
ness of each point should remain the same,? since it only depends on the sizes of
coefficients. However, an edge (or even a jump discontinuity in one-dimension) is
a particular C° singularity and is not invariant under a generic sign flip operation.
Indeed, later in this section we prove a theorem on the asymptotic distribution of
signs of wavelet coefficients that are in the cone of influence of a point at which there
is a jump discontinuity, confirming this non-invariance.

The second operation involves a random shuffling of the wavelet coefficients within

2This is an approximate statement, see [36] for a more accurate characterization of local regularity
in wavelet bases.
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Figure 7.9: The Window image.

Figure 7.10: Window image after a random sign change.
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Figure 7.11: Window image after a random shuffling within every band.

each detail space. The result is shown in Figure 7.11. Note that this time the resulting
image is not recognizable as a natural image (with the exception of modern art!). It is
however interesting to note that this new image has the same equivalent Besov norm.

As a result of this experiment, we conclude that the class of images is “sparse”
in any Besov space ball. By sparsity, we understand the lack of orthosymmetry
and invariance of certain axes. Thus, a classification of images using only sizes of
coefficients is apparently incomplete.

An Asymptotic Distribution Theorem for the Signs of Wavelet
Coefficients

Let f : R — R be a C* function for some « > 0, except at the point x(, where it has
a jump singularity. Without loss of generality, we assume that o < 1. Consider a
wavelet basis (1, ;) generated from a compactly supported mother wavelet 1) whose
support is [0, m] for some integer m. We also make the technical and not strict
assumption that on its support, ¢ vanishes only on a set of zero measure. Let the
wavelet expansion of f be ) ¢; 1), and denote by A(z) the indices of wavelets that
are in the cone of influence of xy, defined by

A(zo) ={(j, k) - zo € supp(¢;x) }- (7.8)

We will prove the following “structure theorem” regarding the asymptotic distribution
of the signs of the wavelet coefficients (cx)aea(ao)

Theorem 7.1. For almost every xo, the signs of the wavelet coefficients (cx)rea(zo)
of a function f that is C* away from xo have a unique asymptotic distribution that
depends only on the mother wavelet ¥ and on o(xg) := sgn(f(xo—) — f(xo+)), i.e.,
the sign of the jump at xy. More precisely, for each o € {—1,+1}, there exist pq,
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p_1 € [0,1], depending only on ¢ and on o(x), such that p_1 +p; =1, and

#{(j, k) € Mao) : j < J, sgn(cjp) = o}
#{(J, k) € Axo) - j < J}
In other words, the frequency of the occurence of the sign o in the first J levels of

the cone of influence of xy converges to an asymptotic value p, as J — co. We use
the convention sgn(0) = 1.

— Do (7.9)

Proof. Without loss of generality, and to simplify some of the notation, we first assume
that a < 1. If @ > 1, then one simply replaces « by 1 in the analysis below.

We can safely assume that g is not a dyadic rational number, so that 27z is
never an integer. Then, A(xy) has the simple characterization

(k) € A(zg) = 0<2xg—k<m
= ke {[2)],....[2x) — (m—1)}. (7.10)

This motivates us to define k;; = |27z — I, for { = 0,...,m — 1. Let [4,]] be a
shorthand notation for (j, k;;). Thus,

Alwo) ={[5,]] : 1< j<oo, 0<I<m—1}. (7.11)

For convenience, we write f as fiX(—oomo] T J2X(20,00), Where fi and fp are C¢
everywhere, and where the choice for the value of f at x is arbitrary. Let ) &;xt;
be the wavelet expansion of the piecewise constant function fu, = fi(0)X(=c0z0] +
f2(20) X (z0,00)- We first calculate ¢ explicitly as follows:

Gk = (f1(Z0)X(=o0uwo] T J2(T0) X (20,00)5 Vijk)
0 o)
— filen) [ nadot fla) [ deda
—00 o
= [fi(@o) = f2(20)]¥;k(z0), (7.12)
where VU, ; is defined to be the primitive of v;;, and we have made use of the fact
that [t dx = 0. It is clear that W, = 279/2¥ (2 . —k), where ¥(z) := [ ¥(y)dy.
Note that supp(¥) = supp(¢) = [0, m]. Now, by direct substitution,

& = 277 f1(w0) — falwo)]W((2mo) + 1), (7.13)

where (u) := u (mod 1) = u — |u] is a notation for the fractional part. We shall
first prove that for each I, the sequence (sgn(c(;;))52, has an asymptotic distribution.
To prove this, we shall use the following lemma of Weyl, whose origin goes back to
Hardy and Littlewood.

Lemma 7.2 (Weyl). ((27u))2, is uniformly distributed for almost every u.?

3 Actually, a stronger result holds, due to Weyl [13, pp. 32]: For every distinct sequence of integers

aj, the sequence ({a;u))?2; is uniformly distributed for almost every u.
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For a proof of this lemma, see [13], page 32.
Now, let o be such that ((2/z0))32, is uniformly distributed. Note that o(z) =
sgn(fi(zo) — f2(zo)). Then, since sgn(cy ) = o(xo) - sgn(V((2zg) +1), it follows that

1 ) N
j#{l <j < Jisgn(Cyy) = ot — mes{sgn(V - xp,41) = 0 - 0(0)} (7.14)

as J — 0o, where mes(A) denotes the Lebesgue measure of a (measurable) set A. It
immediately follows by summing through [ = 0,...,m —1 that for (¢, ), the quantity
on the left hand side of (7.9) exists and is equal to

%mes{sgn(\lf) — 0 o(xo)). (7.15)

We conclude the proof by showing that the same asymptotic distribution holds for
the signs of the actual coefficients (c; ;). We shall do this by estimating the frequency
of the event that cj;; and ¢j;;; have opposite signs. Let

1 , -
ni = 7#{1 <j < J:sgn(cyy) # sen(cyn)t- (7.16)

It is clear that sgn(cp;y) # sgn(Cpy) implies |cpjy — €yl > [€5]- On the other hand,
|cj) — €j| can be estimated by

lcig — Cial = W = faor V)]
< H(f - fIE0> ' Xsupp(w[j,z])HLoo’|¢[j7l]||L1
< max(|filce, | folca) - (m279)™ + (m277)1/2
< 27t/ (7.17)

for a constant C' that does not depend on j or [. Fix a positive integer Jy and consider
J > Jy. Then, by (7.12),

nj < %#{1 < J < J 2792 fiw) = falwo)| - [W((2mo) + 1) < C 27712}

1 . .
= {1l <i< T (o) + )] < €727
1 ,
5 (Jo+ #{Jo < j < J: [¥((Qag) +1)| < C'277°}) (7.18)
Here, C" = C/|fi(z0) — fa(zo)|. Finally, by first taking the limsup of both sides as
J — oo and then the infimum over all Jy,

limsup ny; < i?f mes{z € [I,]+ 1] : |¥(x)| < C' 277}
0

J—00

<

= mes{z € [l,l+1]: ¥(z) =0}

= 0, (7.19)
due to our assumption that ¢ (and a fortiori ¥) vanishes on [0,m] only on a set of
zero measure. This indeed implies that

m—1

lim » " ny =0, (7.20)

concluding the proof. O
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Generalization to higher dimensions

We can generalize Theorem 7.1 to arbitrary dimensions. The setting is the following:
fis a C* function on R? except on the surface M, which is a C') manifold of
codimension 1. We assume that for each point xy on M, the two limits of f at xg
obtained as one approaches in the direction of the unit normal ng at xy and in the
opposite direction are distinct. Let these numbers be f1(x¢) and fo(Xg). Similar to
the analysis above, we define an auxiliary function fxo by

fxo = f1(%0)xa, + f2(%0)Xa,; (7.21)

where we set Q) = {x: ng - (x — x¢) > 0}, and Q, = Q.

Let 1 be one of the 2¢ — 1 tensor product wavelets constructed from a univariate
scaling function and the associated wavelet supported on [0, m]. For each j, the cone
of influence A(xg) at xo will now contain a d-dimensional cubic array of indices with
m? elements. More precisely,

(j,k) € A(xp) <= k=k;;=[2x0] —1 forsomele {0,...,m—1}¢ (7.22)

where |-] is defined coordinatewise on a vector. We use the same shorthand notation
[7,1] to denote (j, k). )

Let (¢jx) and (¢;x) be the wavelet coefficients of f and fx, with respect to ¢. It
follows by a straightforward calculation that

&y = 2772 [ fi(x0) — f2(%0)] Uny((27%0) +1), (7.23)

where Uy, is defined by
Up,(s) :/ (x)dx. (7.24)
(x—s8)np>0

We define the “jump” at Xy to be fi(xg) — f2(x0).

The rest of the proof consists of two ingredients. The first is the metric result
stating that for almost all u € R, the sequence ((2/u))%2, is uniformly distributed
mod 1 in R [13, pp. 52, Ex. 6.12]. As in the proof of Theorem 7.1, this immedi-
ately results in an asymptotic distribution property for (sgn(éx))iea(xy) that holds for
almost every xo and depends only on v, ng and sgn(fi(xg) — f2(x0)). The second

ingredient is a size estimate for |cj;y — ¢;y|. Let us see that
e — G| < C 27712, (7.25)

where we have again assumed that o < 1. To prove this inequality, we first describe
the manifold M around x, by an associated C'") function ¢ defined on a neighborhood
Uofxg: MNU = {x € U : ¢(x) = 0}, and V¢ is nonvanishing on U. Then
ny = Vé(x0)/|Vo(xo)| and the tangent plane at xq is given by T),(xo) = 0 = {x :
Vo(x0) - (x — x¢) = 0}. Consider a sufficiently small ball By around x, on which

P(x) = Vo(xo) - (x — xg) + O(]x — x0|?) (7.26)
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(note that ¢(x¢) = 0), and assume j is large enough to ensure that I := supp(¢y;y)
is contained in Bj. Set € := {x: ¢(x) > 0}, Qs := {x: ¢(x) < 0}, and decompose
I\M as

NM=InuNQ)UINU N UINWNR)UINKBAQ).  (7.27)

Now, f is C* on €2y and €25 so that

/I NF = Pl ldx + / 1= Fllepaldx < 26001 floe gl

NN NQ2N2

< (¢ i) (7.28)

where 6(1) = 277d"/? is the diameter of I.

Next, we estimate the measures of the remaining sets. Let us do this for 1Ny ﬂflf.
If x is in ©; NQS, then ¢(x) > 0 but Vo (xo) - (x — xo) < 0. This, together with (7.26)
implies that each of these numbers is bounded by O(27%) in magnitude. Hence,
dist(x, T,(x0)) = |[V(xo) - (x — x0)| < C'27%. This yields to

mes(INQ NQE) < 2-Arvea(T,(x)NI)- sup dist(x, T} (xo))

x€INQ1NQS

< (C27dNg=% (7.29)

which leads to the estimate

/ N = Flipaldx < 2| f]| e gl
IﬂQlﬁQ‘i

< 279D, (7.30)
One applies exactly the same argument to I N {2y N Qg and this finishes the proof of
the estimate (7.25).

Following the same steps in the proof in the one dimensional case, these two
ingredients would yield the same asymptotic distribution for (sgn(c))yecp x,) Provided
that mes{s € [0,m]? : ¥, (s) = 0} = 0. We have thus proved:

Theorem 7.3. For all ng such that mes{s € [0,m]¢ : U, (s) = 0} = 0, and for
almost every X, the signs of the wavelet coefficients (cx)rea(o) of a function f that
is C* except on a O surface M > xo with the unit normal ny at Xy have a unique
asymptotic distribution that depends only on the mother wavelet 1, ng and the sign
of the jump at xg.

Remark: While it is true that U,, may vanish identically for some ng, such as
for some of the coordinate axis directions depending on which wavelet is considered
among the possible 2¢ — 1, we conjecture that the set of directions ny for which this
is the case has measure zero.
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7.4 A More Refined Approach: The Multifractal
Formalism

We saw before that although global smoothness spaces are the fundamental spaces
to study the (asymptotic) performance of approximation error, they may not provide
a complete picture for classifying images in terms of their smoothness. A natural
approach is to study the role of local regularity in this respect. In this section, we shall
attempt to apply the multifractal formalism for functions to images. Our treatment
will not always be fully rigorous and we shall often be satisfied with approximate
quantities. We follow some of the notation and the definitions in [37].

We start with the definition of pointwise Holder spaces. A function f : R — R
belongs to the class C*(xg) if there exists a polynomial P,, whose degree is at most
«, such that

|f(2) = Poy ()] < Cla — ol (7.31)

on a neighborhood of zy. P, is usually the Taylor polynomial of f at z(, although
this may not always be the case. One defines the pointwise Holder exponent «(xzq) of
f at xg to be

a(xg) :=sup{a: f € C%uxo)}. (7.32)

A related space is I'*(xg), which is defined to be

I(x0) = [ C*(zo)\ | C"(x0), (7.33)

B<a n>a

ie. feI'*(xg) if and only if a(zg) = a. Then the singularity spectrum (or the Holder
spectrum) of f is defined to be the function

D(a) := dimy,,{zo : f € T%(x0)}, (7.34)

i.e., the Hausdorff dimension of the set of points where the pointwise Holder exponent
is . The Hausdorff dimension is sometimes replaced with the packing dimension or
the box dimension (in computations). The following is the heuristics of the structure
function method which is used to compute the singularity spectrum.

We start with the structure function defined as:

S,(h) = / F(z+h) — f(z)|"dz. (7.35)

Then, |f(xo+h) — f(xo)| ~ |h|* if f € I'*(xg). For each «, one approximates the set
{xg: f € %(20)} by a union of |h|~P cubes of size |h|%, so that for small h,

Sy(h) ~ D [B*[h] =@ |n|". (7.36)

So, if S,(h) behaves as |h|@ as h — 0, then

C(q) = igf (g +d— D(a)), (7.37)
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Figure 7.12: A sample line from the Lena image.

since this would be the dominant term in (7.36). One recognizes from (7.37) that ¢
is the Legendre transform of D.

It is possible to invert the formula (7.37) when the function D(-) is concave. Then,
the inverse Legendre transform has the same form:

D(a) = i:%f (g +d—C(q)). (7.38)

The multifractal formalism consists of the formulas (7.37) and (7.38). If D(-) is not
concave, then the formula (7.38) recovers the concave majorant of D(-) only. Jaffard
showed that under fairly general conditions, the singularity spectrum can be any
function, so that (7.38) can easily fail. Thus, none of the two parts of the multifractal
formalism has to hold in general. (See [37, 38| for an extensive treatment.)

Through the function S,(+), it is possible to relate the singularity spectrum D(-)
with the Besov spaces that contain f. Let ay(p) := sup{a: f € By}, as we defined

n (7.1). If S,(h) ~ |h|(D, then this means wy(f,h), ~ |h|S@/9, so that f € BSW/,
That is, af(q) is approximately equal to ((¢)/q.

To demonstrate this, we compute the singularity spectrum of a sample line taken
from a natural image, shown in Figure 7.12. The corresponding singularity spectrum
is plotted in Figure 7.13, and the “smoothness curve” in Figure 7.14.

Note that the structure function method, as given by (7.35), can work only for
a < 1. For the analysis of higher smoothness, one has to use higher order differences.
An elegant way to do this, while at the same time introducing a stabilizing averaging
process, is the Wavelet Transform Integral method, which computes

Zy(a) = / (W £) (a b)db, (7.39)

where (W f)(a,b) = a™@ [ f(t)y(=2)dt is the continuous wavelet transform of f,
for a wavelet ¢ with sufficient smoothness and number of vanishing moments. The
quantity Z,(a) is meant to replace S,(h): if Z,(a) ~ a9, then D(a) is computed
using the formula (7.38), with ((¢q) replaced by n(g). For negative ¢, one clearly
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Figure 7.13: The singularity spectrum of the function in Figure 7.12, computed using
the structure function method. The horizontal axis is «, and the vertical axis is D(«).
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Figure 7.14: The smoothness curve for the function in Figure 7.12. The dotted curve
plots af(q) as a function of the abscissa 1/q.
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has problems due to the zeros of the wavelet transform; a numerical ad-hoc method
seeking to circumvent this is to use the Wawvelet Transform Modulus Maxima method,
which computes (7.39) not by integrating over the whole of the domain, but only as
a summation over the lines of local maxima of the wavelet transform.

Note that although this multifractal formalism has been proposed with the goal
of understanding local behavior, it still does so “on average” only, leading again to
global estimates. The “equality” af(q) ~ ((¢)/q expresses this: even if we accept all
the assumptions made by the multifractal formalism (which are very hard to verify
in practice), then the structure function estimates, whether via (7.35) or the more
refined (7.39), only give us an intersection of Besov spaces to which our signal or
image belongs. It follows apart from all the natural reservations about unverifiable
assumptions in this method, we still have not overcome the shortcomings of the Besov
classes as a natural framework for images.
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Chapter 8

Appendix: Multiresolution
Approximation and Wavelets

The building block of a multiresolution analysis of L?(R) is a principal shift invariant
space Vp, defined to be the closed L?-span of the integer translates of a function
. One also requires that this family {¢(- — k)}rez constitutes a Riesz basis of
Vo, 1e, |3, cep(- — k)|lz2 < llelliz for all ¢ = (ck)kez € [*. Then, the associated
multiresolution analysis is a sequence V; of subspaces, all generated from V; by scaling:

Vi={f(2) : f €V} (8.1)

Hence ¢ is called the scaling function. A key requirement is that this family be nested,
i.e., V; C Vjy for all j, which reduces to Vj; C V; from the definition. In terms of ¢,

this means
p(r) = (2w — k); (8.2)
k

this equation is called the refinement equation. The function ¢ is then said to be
refinable, and the sequence of coefficients (hy) is called the refinement mask. The final
requirement is that L?(R) is approximable from Vj, that is, for all f, dist(f,V;) — 0
as j — 00.

If, for another refinable function ¢, the family {@(- — k) }rez is biorthogonal to the
family {¢(- — k) }rez, i€, (p(- — k), @(- — 1)) = 6y, for all k, 1 € Z, then the operator
Py, : L*(R) — Vj defined by

Py f=> (f,¢(-—k))e(- — k) (8.3)

is a projection. ¢ is called a dual scaling function for .

By scaling, {¢(27-—k) }rez constitutes a Riesz basis for V;. We normalize in L? and
set j(-) = 27/20(27 - —k), and define ¢, similarly. The corresponding projection
operator is defined by Py, f := >, (f, §;x)@jk- It is natural to express Py, f as

j—1

Py f=Pwf+> (Pu,f—Puf) (84)

=0
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which results in the definition of the detail space W; := Ran (Py,, —Py;). Similarly,
W; is a scaled version of W,. An important result is that W is also a principal shift
invariant space, spanned by {¥(- — k)}xez for a function ¢ € Vi, called the mother
wavelet. The inclusion Wy C V; yields

V(@) = gup(2z — k), (8.5)
k

for some sequence of coefficients g = (gx). Similarly, there exists a dual wavelet @E
such that the projector Py, := Py, — Py, can be expressed as

Pu,f =Y {f56)0im (8.6)
k

where QZM and v;;, are defined analogously. The decomposition f = Py, f+ > Pw, f
5=0

leads to an expansion of f in wavelets:

F =Y @ompon+ > ) Af bin)ine (8.7)

j=0 k

If a scaling function is dual to itself, it is called orthogonal. In this case, Py is an
orthogonal projection and the mother wavelet is also dual to itself. On the other hand,
there is always a particular choice for ¢ that makes Py; an orthogonal projection. We
do not necessarily require Py, to be orthogonal, but restrict to compactly supported
scaling functions and wavelets [39, 40]. In this case, there are only finitely many
nonzero coefficients in the refinement mask.

In the multidimensional setting, the multiresolution analysis of L?(R%) is con-
structed using the tensor product strategy in the following sense: Denote the scaling
function ¢ by ¥°, and the mother wavelet 1 by !. For each i = (iy,...,iq4) € {0,1}%,
define

VN ay,..xg) = () - (). (8.8)

Then 1/° is the multivariate version of the scaling function ¢, and the remaining 2¢—1
functions {¢' : i € {0,1}%\{0}} are the wavelet functions in R?. We sometimes use
the compact notations {¢x}xer,, and {1y} e, to denote the collections {1)°(27-—k) :
k € Z%} and {¢'(2 - —k) : k € Z%, i € {0,1}%\{0}} of translated scaling functions
and wavelets at scale 27 (see [29]).

For an exquisite treatment of wavelet analysis and wavelet constructions, we refer
to the book [41].
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