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System Approximations and Generalized
Measurements in Modern Sampling Theory

Holger Boche and Volker Pohl

Abstract This paper studies several aspects of signal reconstnuaftgampled data
in spaces of bandlimited functions. In the first part, sigqpelces are characterized in
which the classical sampling series uniformly convergd,&a investigate whether
adaptive recovery algorithms can yield uniform convergencspaces where non-
adaptive sampling series does not. In particular, it is shthat the investigation of
adaptive signal recovery algorithms needs completely nelyéc tools since the
methods used for non-adaptive reconstruction procedutgish are based on the
celebrated Banach-Steinhaus theorem, are not applicatiie adaptive case.

The second part analyzes the approximation of the outputaties linear time-
invariant (LTI) systems based on samples of the input sjgmal where the input is
assumed to belong to the Paley-Wiener space of bandlimitedibns with absolute
integrable Fourier transform. If the samples are acquiygoldint evaluations of the
input signalf, then there exist stable LTI systems H such that the appratiam
process does not converge to the desired outgugven if the oversampling factor
is arbitrarily large. If one allows generalized measuretmefnthe input signal, then
the output of every stable LTI system can be uniformly apjpnated in terms of
generalized measurements of the input signal.

The last section studies the situation where only the aog#s of the signal samples
are known. It is shown that one can find specific measuremanti@inals such that
signal recovery of bandlimited signals from amplitude nueesent is possible,
with an overall sampling rate of four times the Nyquist rate.
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1 Introduction

The great success of digital signal proceeding lies in tbetfat analog signals ob-
served in the physical world can equivalently be represtioyea sequence of com-
plex numbers. These digital signals can then be processkfili@ned very quickly
and efficiently on digital computers. Sampling theory is tiveoretical foundation
of the conversion from analog to digital signals and vicesseBecause of its fun-
damental importance for modern information theory, sigmalcessing and com-
munications, there exists a long and extensive list of iregive research results in
this area starting with the seminal work of Shanrion [60]. ¥ento excellent sur-
vey articles and textbooks such asl[38/41[59, 64, 73] andi4n1B] for historical
comments on the topic.

Sampling theory was originally formulated for bandlimitednals with finite
energy. Later these results were extended to non-bandtisignals[[17, 25,26, 29]
and to broader classes of bandlimited functions, in pdeicto functions which
do not necessarily have finite energyl[19/52, 71]. But theselts often took into
consideration only the pointwise convergence of the retcocon series. From a
practical point of view, however, it is often necessary tatcol the peak value of
the reconstructed signal because electronic circuits enites (like amplifiers, an-
tennas, etc.) have only limited dynamic ranges. Moreohergnergy efficiency of
these devices usually and largely depends on this dynamie&8]. To control the
peak value of the signals, one has to investigate the unifomaergence of the sam-
pling series. This will be done in some detail in the first perthis article (Sed.4).
The starting point will be a classical result[13] which slsaWwat the uniform Shan-
non sampling series is locally uniformly convergent forhdlimited signals with
an absolute integrable Fourier transform. Then we pressetal extensions of this
result to larger signal spaces and we investigate whetsepdssible to have global
uniform convergence on the entire real axis. In particulardiscuss the influence
of the sampling points and we investigate whether its isiptes$o apply adaptive
reconstruction algorithms to obtain signal recovery méthahich are uniformly
convergent. Classical sampling series, like the one of Stanare fixed for the
whole signal space under consideration. These series ntagynot converge for
all signals in this signal space. But even if the samplingesedoes not converge
for all functions in the space, it might be possible to adbptreconstruction series
to the actual signal to obtain a signal approximation whighverges uniformly to
the desired signal. However, it will be shown that for the coon signal spaces
of bandlimited signals, such an adaption of the recoverngsa&ssentially gives no
improvement of the global uniform convergence behavioesehinvestigations in
Sec[% are strongly related to one of the cornerstones ofiturad analysis, namely
to the theorem of Banach-Steinhaus. This important theaseavery powerful
and elegant tool to investigate non-adaptive algorithmd,ia particular to prove
the divergence of sampling series considered in this p&peradaptive algorithms,
however, the Banach-Steinhaus theorem cannot be appliextefbre completely
new tools are necessary for the investigation of such regalgorithms, which are
related to some early works of Paul Erdds.
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The second part of this article (S&¢. 5) investigates amatsgect of sampling
based signal processing. Whereas the sampling theoreswialthe reconstruc-
tion of a signalf from its sampleq f(An)}, the main task of digital signal process-
ing is often not to reconstrudt, but to process the sampled d&t{An)} such that
an approximation of the processed siggat Hf is obtained, where H is a certain
linear transformation. In other words, one wants a digitaplementation of the
analog system H. It seems to be widely accepted that suchitaldigplementa-
tion is always possible, at least for stable linear systérhss is certainly true for
bandlimited signals with finite energy. However, for morexgel signal spaces, a
digital implementation of stable LTI systems may fail, emnsuch spaces where
the sampling series uniformly converges. This remarkab$eovation is presented
and discussed in Sdd. 5. Moreover, we also discuss the is#uErdata acquisition
for possible signal based signal processing. Usually,ad$gare sampled by point
evaluationsf — {f(An)}nez. However, more general measurement functionals are
possible to digitize an analog signal. It is shown that geliw¥d measurement func-
tionals will enable the digital implementation of analogrsl processing schemes
on spaces where a digital implementation based on poinaatiahs fail.

The last part (Se€l 6) considers another application whenerglized measure-
ment functionals are necessary to guarantee signal recéreen signal samples.
Here we consider the situation where only the amplitude efsiignal samples is
available, but not the phase. This problem, knowplaase retrievalplays an im-
portant role in many different applications. Even thougéréhis a long history of
research[[31] on phase retrieval, it is still not clear weetsignal reconstruction
from the amplitudes of point evaluations is in general, fmssHere we will show,
however, that specifically designed measurement fundsomi#l allow signal re-
covery of bandlimited functions from the knowledge of its@itudes only. The
recovery algorithm will be partially based on the sampliegiess investigated in
Sec[4.

2 Preliminaries and Signal Models

2.1 General Notations

We use standard notations. In particular, the set of allicontis functions on the
real axisR is denoted by¢'(R), and%p(R) stands for alif € '(R) which vanish at
infinity. Both spaces are equipped with the supremum npfifl, = supg | f(t)|.
If1 < p<oorp=co,then

00 1/p
o= ([ t0Pa) " and e~ esssupf()
J—o0 S

is theLP-norm of f, andLP(RR) stands for the Banach space of all measurable func-
tions onR with finite LP-norm. Similarly, ifS C R is a finite interval of lengthS]
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on R, thenLP(S) with 1 < p < = stands for the set of measureable function§on
with finite norm, defined by

1 o \YP 1
fllp= —/ft dt) and fllo = 7 €SSsupf(t)| .
5o (|S| [110) |fllo = 15 es3SUBF (1)
In particularL?(R) andL?(S) are Hilbert spaces with the inner products
. . 1 r -
(o= [ fogha  and (1.9 =g [100, @

respectively. For any € L1(R), its Fourier transformis defined by

~

flw) = (F)(w) :/:, fe@d, weR.

Because.}(R) NL?(R) is a dense subset &f(R), Plancherel’s theorenextends
Z to a unitary operator oh?(R). There,. 7 satisfiesParseval's formula(ﬁ@) =
27T<f,g> forall f,g € L?(R). By Riesz-Thorin interpolationZ can be extended to
anyLP(R) with 1 < p< 2, and forp > 2 it can be defined in the distributional sense

(see, e.9/139,58)).

2.2 Spaces of Bandlimited Functions

In many applications, and especially in communicationgdiimnited signals are
the prevailing signal model. In order to set our discussiothe context of known
results, we consider two families of bandlimited functionamely Paley-Wiener
and Bernstein spaces.

Paley-Wiener SpacesFor o > 0 and 1< p < «, thePaley-Wiener spaceg?# 5 is
the set of all functiond that can be represented as

f(z) = %T/U flw)édw, zeC @)

—0
for somef € LP([—0,0]). Thusf can be represented as the inverse Fourier trans-
form of a functionf in LP([—a, a]), and we say that hasbandwidtho. The norm
in 2% is defined by| || ;e = || Tl _o.0))-
The Paley-Wiener spaces are nested. Indeed, Holder'siatiggimplies that
[fllzwa < ([Tl zpp forall f e 2w?¥ and all 1< q < p. This yields the inclu-
sions 2w 5 c 2w forall 1 < q< p < . In particular,?# % is the largest

space in the family of Paley-Wiener spaces. By the propedi¢he Fourier trans-
form, it follows easily from[(2) that any Paley-Wiener fuiuct f is continuous oiiR
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Wiener function vanishes at infinity such that# 5, ¢ 4p(R) for every 1< p < w.

Similarly, as for theLP(R) spaces, the Paley-Wiener spW% plays a partic-
ular role since it is a Hilbert space with thé inner product given on the left-hand
side of [1). Moreover, it is even a reproducing kernel Hittsprace. This means that
for everyA € R, and for allf € 2%/2, the point evaluatiori (A ) can be written as
an inner product

with || f|e < %1”“”9’%}, and theRiemann-Lebesgue lemmhows that any Paley-

B . _sin(aft—A])
f(A)—<f7|')\> with r)\(t)_ T[[t—/\] )
and with thereproducing kernely € 272 with ||r, ||yw% =+/0/T.

Bernstein SpacesFor anyo > 0, the set%, contains all entire functions of expo-
nential type< o, i.e. to everyf € %, and every > 0 there is a consta@=C(f, €)
such that

|f(2)| <Cel?*®lZ forall zeC.

Then for 1< p < », theBernstein spaceg} is the set of allf € %, whose restric-
tion to the real axis belongs td(R). The norm in%} is defined as theP(R) norm
of f onR.

Functions in the Bernstein spac#® are also bandlimited in the sense that they
have a Fourier transform with finite support. This followsrfr the Paley-Wiener
theoren|39,58]. It states that is an entire function of exponential tygea, if and
only if it is the Fourier transform of a distribution with cqract support which is
contained in the interval- o, g]. Finally, we remark that théneorem of Plancherel-
Polyaimplies that there exists a const&ht= C(p, 0), such that for allf € %5

[f(t+iT)| <C||f|pe’l"l forallt,TeR. 3)

Thus everyf € %) is uniformly bounded on every line parallel to the real axis.
It follows that Z5 ¢ B3 c %% for all 1 < p < q < o. In particular, %2 is the
largest space in the family of Bernstein spaces. The spaak foinctionsf € %y

for which f(t) — 0 ast — +oo will be denoted by%; 5, and we have the relations
By o C to(R) and %5 C ¢ (R) for every 1< p < «. Note also that Plancherel's

theorem shows tha#2 = %2 So overall we have the relation
B = PN C PW g C By
[ o o [0

Without any loss of generality, we normalize the bandwidtlof our signals to
o = mrthroughout this article.

In applications, it is often important to control the peakueaof the signals be-
cause of limited dynamic ranges of power amplifiers and ofiaedware compo-
nents [68]. Moreover, the energy efficiency is an incredgiimgportant aspect for
mobile communication networks, and since the efficiencyighi lpower amplifiers
is directly related to the peak-to-average power ratio efdignals, it is necessary
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to control the peak values of the signals to design energyieiti systems. For such
applications#;, is the appropriated signal space. Moreover, in samplingacoh-
struction of stochastic processes, the sp@%,lT plays a fundamental rol&l[8,116]
because the spectral densities of such processés &ractions, in general. Conse-
quently, one has to investigate the behavior of the recocisbn series for functions
in 2. Forthese reasons, the spaﬁ&and@%}T are the primary signal spaces
considered in this paper.

3 Classical Sampling Theory — A Short Introduction

Sampling theory deals with the reconstruction of functiéris terms of their val-
ues gample} f (An) on an appropriated s¢f,} of sampling points. The particular
choice of the sefAn} and in particular the density of the poinig determines
whether it is possible to reconstruttfrom its samples[[59]. This theory is the
foundation of all modern digital signal processingl[60]. Mdover, in [30],Feynman
discusses sampling theory in a much wider contéphysics of computationg’
and its importance for theoretical physics. This sectionetgs some of the most
important results in sampling theory, as far as they will beded in the subsequent
discussions.

3.1 Uniform Sampling

We start our discussion with the situation where the sarggmintsA = {An}nez
are distributed uniformly on the real axis, i.e. whége= n for all n € Z. Then the
fundamental initial result in sampling theory is the soledicardinal series[37]
which is also known by the nam&hittaker-Shannon-Kotelnikov sampling theo-
rem Let f € 2% be a bandlimited function and consider tkannon seriesf
degreeN

N N i
SOt =5 fmmt) =Y f(n)w 4

n=—N n=—N 7'[['[ - n]
with the reproducing kernels, of .9”//% This series is intended to approximate
the given functionf from its sampleg f (n) ﬁ}N. The question is whether, and in
which sense, $f converges to the given functidhasN — co.

Original research was mainly focused on functions in théétil space? 72,
and it is well known that

Jim [[f = Sufll ;2 =0 foral feow?. (5)

This result easily follows by observing that the reprodgdiarnels{r}ncz forman
orthonormal basis for?#2 [36]. Moreover, since?# 2 is a reproducing kernel
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Hilbert space, Cauchy-Schwarz inequality immediatelygiv
£ — (SO = [(f = SuE.r) [ < el sy 1 = Sufll oz -

Since||rt| ;2 = 1 forallt € R, (B) also implies

lim max|f(t) — (Syf)(t)|=0 forall fe2w?2.
N—oo teR

In other words, §f converges uniformly td for all f € 2#2, and one can even
show thatSy f converges absolutely. Moreover, it is fairly easy to extdredabove
results forgz“/ﬂfT to all Paley-Wiener spacg# > with 1 < p < «. More precisely,
one has the following statemeht[38]:

Theorem 1.For eachl < p < « and for all f ¢ 2% %, we have

sm it —n))

f(t) = lim (Suf)( Z (=

n=—oo

where the sum converges absolutely and uniformly on theeneal axisR, and
also in the norm ofZ %%

TheorenflL gives a simple and convenient reconstructiontftzrfor all functions
in the Paley-Wiener spaceg# > with p > 1. However, we want to stress that The-
orem[1 does not hold for the largest Paley-Wiener spﬁ’cﬁf,ﬁ. The convergence
of the sampling series in this space will be considered inena@tail in Sectiofl4.
In particular, Corollary1L below will show that with oversplimng, Sy converges
uniformly on 2%,

3.2 Non-Uniform Sampling Series

The Shannon sampling seri€s (4) is based on uniform signgblea taken at inte-
ger values\, = n, n € Z. To gain more flexibility, one may consider series which
reconstruct a functiori from samples{ f (An) }nez taken at a seft = {An}nez Of
non-uniform sampling points. To choose an appropriate $iampetA, we start
again with the Hilbert spac#? = 97/2 For this signal space, so-called complete
interpolating sequences are suitable sampllng sets.

Definition 1 (Interpolating and Sampling Sequence)Let A = {An}nez be a se-
quence inC and let S, : %2 — (2 be the associated sampling operator defined by
Sna: f = {f(An) nez. We callA

e asampling sequender %2 if Sy is injective.
e aninterpolation sequender %2 if S, is surjective.
e complete interpolatindor %42 if S, is bijective.
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In the following, we always use as sampling sets completerpaiating se-
quences for%?2. Such sequences were completely characterizeMiokin [47]
after [49[51] already gave characterizations under mittst@ins om.

Over- and undersampling Assuming thatA is complete interpolating fors2,
then S, is an isomorphism between the signal spaeand the sequence sp

such that the interpolation problefiAn) = c,, n € Z has a unique solutioh € %2
for every sequencge, }nez € £2. Now, letB € R and consider the signal spa%n.

If B> 1, then%? is a proper subset o@%n and S, will no longer be injective
viewed as an operator Qﬁﬁn — ¢2. Therefore it will not be possible to reconstruct
everyf e %’gn uniquely from its samples 3. In this case, we say tha?ﬁn is
undersampledby A. Conversely, if < 1, then%’fm is a proper subset a%2 and
the sampling operatorpS %’gn — (2 is injective but not surjective. In this case,
every functionf € %’gn can uniquely be reconstructed from its samplgshBt
there exist sequencésn }nez € £2 such that the interpolation problefiiAn) = cp,

n € Z has no solution in%’fm. In this case, we say th@g,T is oversampledy A

and 1/f is theoversampling factar
Let A = {An}nez be a complete interpolating sequence #6# and define the
function

6(2) =2 im T[] <1—i) with 5A_{1 0 (6)

Rove )l LR n 0 otherwise’
n
An#0

One can show [48,70] that the productlih (6) converges umifipon every compact
subset ofC and thatg is an entire function of exponential type It follows from
() thatp (An) = 0, i.e. A is the zero set of the functiop which is often called the
generating functiomf A. Based on the functiofi6), one defines for everyZ

$(2)
¢'(An)(z—An)
Again, these are entire functions of exponential typ&hich solve the interpola-

tion problem¢n(An) = 1 and¢n(Ax) = O if k # n. Following the ideas of classical
Lagrange interpolation, one considers for &hyg N, the approximation operator

Pn(2) := zeC. 7)

N
(AND@ = S HAn)n(2). ®)

n=—N

which only involves A + 1 sampling values. The aim is to approximate any function
f € %2 by Axf in such a way that the approximation erfidr— Anf || 4,2 becomes
7

less than any arbitrary given bouads soon adl € N is sufficiently large.

By the definition of the interpolation kernets,, it is clear that A/f satisfies
the interpolation conditioiAn f)(An) = f(An) foralln=0,+1,+2,...,+N, and
one can show that for everyc %2, the sequencA f }nen converges inz as
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N — co. SinceA is completely interpolating, we therefore havg fAconverging to
f for everyf € %2 [70].

Theorem 2.LetA = {An}nez be a complete interpolating sequence $8f, and let
{¢n}nez be the functions defined Ifyl) based on the generating functi@). Then

00

(AnT)(2) = Z f(An) $n(2)

n=—oo

f(2)

= lim
N—o0
for all f € %2 where the sum converges in the nornvgg, and uniformly orR.

In general, the characterization of complete interpotaiaquenced is fairly
complicated and the calculation of the corresponding geimey functiong via (8)
can be computationally difficult. Fortunately, an impottanbset of complete in-
terpolating sequences is known which simplifies the entioe@dure considerably.
These are the zero sets of the so-called sine-type functions

Definition 2 (Sine-type function). An entire functiong of exponential typert is
said to be asine-type functioif it has simple and separated zeros and if there exist
positive constants, B,H such that

A’ < |¢(E+in)| <Be’ forall £ecRandln|>H.
Any sine-type function can be determined from its zero/sély ().

Example 1 The uniform sampling considered above is a special casewtindorm
sampling. The sampling sét is obtained as the zero set of the sine-type function
¢ (z) = sin(mz), which is equal toA = {A, = n}nez. The corresponding interpola-
tion kernels[(Y) becomén(z) = sin(r[z— n])/(m{z— n]) and [8) becomes equal to

If the sampling sef\ is chosen as the zero set of a sine-type function, then The-
orem[2 can be extended to all Bernstein spag&swith 1 < p < «. Thus, the
non-uniform sampling serieBI(8) reconstructs every fmdti 5. More precisely,
one has the following statemeht[43, Lect. 22].

Theorem 3.Let A = {An}nez be the zero set of a sine-type functignand let
{¢n}nez andAy be defined as ifi) and (8), respectively. Then for eadh< p < «

(AnF)(t) = i f(An)@n(t),  forall f € 2}

n=—oo

f(t) = lim
(t) = lim
where the sum converges uniformlyRmand forl < p < o, it also converges in the
norm of #5.

Also here we would like to stress that Theoriem 3 does not hmidhe largest
space#; in the family of Bernstein spaces, and we will discuss#fg-case later
in Sec[# (cf. Conjectuild 2 and Theorenh 13 below).
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4 On the Global Uniform Convergence of Sampling Series

Theoremdl anfll3 establish the uniform convergence of th@lsamseries on
2w for 1< p <o and onZh for 1 < p < «, respectively. However, both re-
sults can not easily be extended to the largest spa¢#sL. and %%. This section
reviews and discusses some recent results which investigaivhich signal spaces
and under which conditions the sampling series convergiésraily on R. So we
are going to investigate the behavior of the quantity

max|f(t)— (SN or  maxt(t)— (Anf))

asN tends to infinity. This quantity is an important measure far $tability of the
reconstruction process since it allows us to control thék pedue of the error be-
tween the approximationf and the functiorf itself. The question is whether the
maximum error can be made arbitrarily small for a sufficigtdatge approximation
degreeN.

For the signal spac@%ﬂ,ﬂ, a classical theorem due ®rown states that the
Shannon sampling serieg $onverges uniformly on compact setskf

Theorem 4 (Brown[13]). For all f € 21 and for all T > 0, we have

lim ( max |f(t)—(SNf)(t)|) ~0.

N—oo \ te[-T,T]

Based on this result we consider now the following two questi

1. Is it possible to have even uniform convergence on theeergal axis, i.e. is it
possible to replace the intenfa T, T] by R in Theoreni#?

2. Isit possible to extend Theoréin 4 to the larger spagef bounded bandlimited
functions?

Since Theorerl4 is based on uniform sampling without ovepéiagy we may hope
to achieve these extensions by replacing the uniform saignpéries § with a non-
uniform series A and by using oversampling.

4.1 Weak Divergence of the Shannon Sampling Series

We begin by asking whether the Shannon sampling séries 4ecges uniformly
on the whole real axi® for every functionf € 97/,11 The negative answer is given
by the following theoreni[7].

Theorem 5. There exists a signab fe 9/"7/,11 such that

limsup ||Sx folle = . 9)
N—oc0
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Remark 1Since Z % % C %o(R), all functions inZ?# %, are bounded oRt. There-
fore Theorenib implies in particular that there existsfagre 271 such that
lIMSUPy_e || fo — Snfollw = 0.

Remark 2In fact, the divergence behavior described by Thedrém 5 isarmar-

ticular property of the Shannon sampling series but holdsftarge class of ap-
proximation processes which rely on uniform sampling. Marecisely, [7] proved
Theorenib not only for the sampling seriEk (4) but for all stimgpseries with the

general form
N

(Rvf)®) =(THH+ > f(Ma(®), (10)
n=-N
where T: 2% — %2 is linear and bounded, amg| € %% are certain interpolation
kernels. If the series Rsatisfied the following three properties:

e The kernelsp, are uniformly bounded, i.€.¢h||» < Cy < o forall n e Z,

e (RnT)(t) converges pointwise té(t) for all f ¢ 2#/2,

e The operator T is such that there exist two const&n > 0 such that for all
f e 2w always supg |(TT)(t)] < Cmaxy<p|f(2)],

then it shows the same divergence behavior as in Theldremi®dver, the particu-
lar functionfo € 2% %, for which ||Sy fo||« diverges, is universal in the sense that
all interpolation series Rwith the above properties diverge féy.

The proof of Theorerfll5 relies on an explicit constructiorfoE 2 #'% and a
corresponding subsequenidg},’ ; such that

(S fo)(Ne+1/2) > GV +Cy > 0 ask— oo

Because of this construction, one has the limsup-divegan{d). In a sense, this
is a weak notion of divergence, because one designs a vetifisfenction fo and
a corresponding subsequence of approximati@g fo ke such that divergence
emerges. This notion of (weak) divergence is sufficient timstihat the approxima-
tion procedure is not always convergent. However, it doésimow that there exists
no recovery procedure at all. In particular, the divergeneselt of Theorerhl5 does
not allow to answer the following two questions:

Q-1 Letf € 2% be arbitrary. Does there exist a specific sequente ) =
{Nk = Nk(f) }ken, depending orf, such that

sup|| f — Sy, flje <. (11)
keN
Q-2 Does there exist a universal approximation sequefice {N}ken Such

that [I1) holds for alf ¢ 2712

L Interpolation series Rwhich satisfy these conditions include the so caNatiron series[5}[37,
[66] or Tschakaloff serief37[63].
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Remark 3Note that a negative answer to Q-1 implies a negative answé-2.
Conversely, a positive answer to Q-2 implies a positive @nswQ-1.

With that said, Theore] 5 gives only a weak statement abeuglitbal diver-
gence behavior of the Shannon series@ L. Because, if Q-2 were to have a
positive answer, then one would have a globally convergethad to reconstruct
everyf ¢ 2L from its sampled value§f (n) }ncz. But even if only question Q-1
were to have a positive answer, signal recovery would stilpbssible, but with an
adaptive approximation process which depends on the dctuetion.

Divergence results like those in Theoren 5 are usually mreging theuniform
boundedness principl&his principle is one of the cornerstones of functionallana
ysis and it may be formulated as follows (see, elg], [57]):

Theorem 6 (Banach-Steinhaus[3])). Let {Tn}nen be a sequence of linear oper-
ators Ty : 2 — % mapping a Banach spacg” into a normed spac&” with the
operator norms

Tnfllo
ol = sup Tl
fea |Ifll2

If Sug,cy || Tnl| = o then there exists amx 2" such that

sup|| TnXo||lz = oo (12)

neN
In fact, the set? of all xo € 2" which satisfy(I2)is a residual setZ".

Remark 4In a Banach space,rasidual setis the complement of a set of first cat-
egory (a meager set) and therefore it is a set of second ¢gtégo a nonmeager
set). In the following we use that the countable intersectibresidual sets is again
a residual set. In particular, the countable intersectibopen dense subsets is a
residual set[42].

Here, we shortly discuss how the theorem of Banach-Stesban be used to
investigate the two questions Q-1 and Q-2. In particularyaat to show the limi-
tations of the Banach-Steinhaus theorem for answeringigned-1.

To prove Theorerl5, based on the uniform boundedness penitifs sufficient
to shown that the norms

ISull = sup{lISwflle : f€2#%, 1]y <1}

of the operators$: ngﬂ,lT — A%, defined in[(#), are not uniformly bounded. This
was done in[[[7], where it was shown that there exists a conStasuch that

IISn|| > CslogN forallNeN. (13)

Then Theorerl6 implies immediately that there exits a resiset? ¢ 2% % such
that
limsup||Snflle =+ foral fez.
N—o0
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Next we use Theorefd 6 to investigate question Q-2. S[ndeldl8ls for allN e
N, the same reasoning can be applied to any subsequé&nee{ Ny }ken Of N. Then
the Banach-Steinhaus theorem states that there exisislaakset? (/) c 2#'L
such that
limsup||Sy, flle =+ forall fe2(A).
k—soo

This shows that the answer to question Q-2 is actually negyate. there exists no
universal subsequencé” = {Ny}ken such that § f converges uniformly for every
f € 2L, One can even say more about the size of the divergence s¢t e
be a countable collection of subsequences.ofhen to every4; = {Ny}ken there
exists a subse?(.4) ¢ 2} such that

limsup||Sn,, flle =4 forall fe2(K).
k—00 '

Since eachz(.4) is a residual sets i?#'} and since we have only countably
many setsBaire’s category theorerfsee, e.g.[[57]) implies that the intersection of
these sets

N2(XK)# 2 (14)

is again a (non-empty) residual setﬁi%,ﬂ. So given a countable collection of
subsetd. % }ven, the set of functiong € 2% for which

Iirpsup||SMk fllo =400 forall 4G ={Nyk}tken € {M}ven
—500

is nonmeager (of second categoryW,lT.
However, the above reasoning cannot be extended to give mtdedfnswer to
question Q-1. Because for a negative answer to Q-1, we nedtbto that

N 2K #2.

'/K/:{Nv,k}kez
N is a subsequence Bf

In other words, we have to show that there exists a fundtion 2%} such that
My [| Sy F lloo = o0 for everysubsequences; = {Nyk}ken Of N. However,
in contrast to[(I¥), the set of all subsequence®Nafontains uncountably many
elements and the uncountable intersection of residuahs@yanot be of second cat-
egory. It even may be empty. Therefore, using the above tgalnit is not possible
to decide whether this intersection is empty or not. This wayare not able to
answer question Q-1.

In the next subsection we are going to investigate questidnf@ the Shannon
sampling series in more detail, using completely new tempies. Before that, we
give an example of an operator sequence which is (weaklgygent, but for which
question Q-2 can be answered positively.
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Example 2 (Approximation by Walsh functior@pnsider the usual Lebesgue space
L2(]0,1]) of square integrable functions on the interf@ll] and let{ n}>_, be the
orthonormal system of Walsh functioris [67]iR([0, 1]), where the functions are
indexed as in[33]. Let@: L%([0,1]) — spa{¢n:n=0,1,...,N} be the orthogonal
projection onto the firsN + 1 Walsh functions. Now we viewNPas a mapping
L*([0,1]) — L*([0,1]) with the corresponding norm

IPNI[ = sup{[Pnfllo : f e L®([0,1]), [[fflo <1} .
Then one can show [33] that

limsup||Pn|| = 4+ but  ||Px||=1forallke N.

N—oc0

So the sequencfPy }nen Of linear operators is not uniformly bounded. Therefore
the uniform boundedness principle yields a divergencdtrssnilar to Theorenib.
However, since there exists a uniformly bounded subsequig® ey, the ques-
tion Q-2 has a positive answer for this operator sequéRgéncn.

4.2 Strong Divergence of the Shannon sampling series

The difficulties in answering Q-1, based on the Banach-8tis theorem, may
also be viewed as follows. Under Q-1, the approximatioreséfil(f) }ken can be
chosen subject to the actual functibni.e. one is allowed to adapt the reconstruc-
tion method to the actual function. Therefore, the ovenafiraximation procedure
{Sne(f) f }kez depends non-linearly on the functiénHence, one essential require-
ment for applying the Banach-Steinhaus theorem (the lityeaf the operators) is
no longer satisfied. So even though the theorem of Banadhh@igs is a very pow-
erful tool for proving (weak) divergence results as in Theo[3, it cannot be used
to answer question Q-1. Thus, for the investigation of adepecovery algorithms
completely different techniques are needed.

We will show below, that for the Shannon sampling serigsdbiestion Q-1 has a
negative answer. To this end, it is necessary and suffiaesttdw that the sequence
{Sn}nen divergesstrongly:

Definition 3 (Strong divergence)Let 2" and?” be Banach spaces, and{@i }ney
be a sequence of bounded operatqys 2 — 2. We say that T diverges strongly
if

lim ||Tnfi|lsr = forsome fie 2.

N—00

So the strong divergence is in contrast to the weaker statieafehe limsup
divergence used in Theordrm 5. As explained above, it is nssipte to show the
strong divergence ofygusing the Banach-Steinhaus theorem, and even though sev-
eral extensions [2B,24,561] of the Banach-Steinhaus thearere developed in the
past, there currently exists no systematic way to show gtdivergence. For the
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Shannon sampling seridd (4) @W}T, its strong divergence is established by the
following theorem.

Theorem 7.The Shannon sampling serigg : 9/"7/,17 — Py given in(@) diverges
strongly, i.e. there exists a function ¢ EZW}T for which

im (max|(Sufa)(©)]) = lim Sy fale =co. (15)
N—o \ teR N—o0
Clearly, this is a much stronger statement than ThebiemtB,imiportant practi-

cal implications for adaptive signal processing algorishitrules out the possibility
that the divergence i 9) occurs only because of a diverggimgequence. In par-
ticular, it implies a negative answer to question Q-1. Consatly, there exists no
(adaptive) signal recovery procedure which convergesoumiy on the entire real
axisR.

The structure of the divergence sets.For non-adaptive linear methods, the Banach-
Steinhaus theorem is a very powerful and well establishelitofunctional anal-
ysis to investigate non-adaptive approximation methodgdrticular, if one can
show that there exists one functiére 2~ such that the the sequencg fTdiverges
(weakly) in#/, then the Banach-Steinhaus theorem immediately impliisthiere
exists a whole se#yeak Of second category for whichnIf diverges weakly for
everyf € Zyeak

We established in Theordr 7 that there exists one fundiisnch that the Shan-
non sampling series diverges strongly. The question is nbether it is possible
to say something about the size or structure of the set olualttfons for which
Sy diverges strongly. Since the Banach-Steinhaus theorenotée applied in the
case of strong divergence, other techniques have to beapma:| Because of the
close relation between strong divergence and adaptivalsggncessing methods,
we believe that it is an important research topic to develepegal tools for the
investigation of strong divergence, similar to the Ban&tbinhaus technique for
weak divergence, i.e. for non-adaptive systems.

Here we start with such an investigation and study the siraodf the weak
and strong divergence sets of approximation series. Teetids we consider linear
approximation operatorsyT: 2~ — % mapping a Banach spack’ into a Banach
space?’. Since f should be a good approximation é6fc 2, measured in the
topology of %, it is natural to assume that™ C #'. Additionally, we assume that
there exists a dense subsgy C 2" such that

’\Ilim ITnfo— folla =0 forall fo e 20, (16)
—»00

i.e. such that [ fog converges td in the norm of%/. For such linear operators, the
next theorem studies the structure of the divergence sets

Fweak={ € 2 : limsup| Tty ==} and
N— 00 (17)
Dstrong= {f e |\|]ianHTNfH”3’ = oo}
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of functions for which weak and strong divergence emergesgpeactively.

Theorem 8.Let 2~ and % be two Banach spaces such that is continuously

embedded i7, and letTy : 27 — % be a sequence of bounded linear operators

such that{Z8) holds for a dense subséty C 2". For any M|N € N define the set
D(M,N) := {f e | Tnflly > M} .

1. If Zyeakis non-empty, then for all M\p € N the set

D(M,N) (18)

fcs

is open and dense ift".
2. For the divergence sets defined{), hold

Dveak = ﬁ limsup D(M,N) = D(M,N) (29)

s
fc:

M=1 N—e M=1 Ng=1 N
Psuong= () liminf DIM,N)= (] [J (] D(M.N). (20)
M=1 M=1 No=1 N=Ng

Remark 5For completeness and for later reference, the straightai@hproofs of
these statements are provided in the Appendix.

Remark 61t is easy to see that the operatorg S7# L — %%, associated with
the Shannon sampling series and definedin (4), satisfy théresments of Theo-
rem[8. Indeed, Theoref 1 shows th&/ 2 is a dense subset aP 7% such that
lIMN_e [|Sn fo — folle = 0 for all fp € 97/,21 and Theorerl5 implie$yeak # 9.

At a first sight, the structure of both divergence sets seenhe tfairly similar.
The only difference is that the inner intersection and urioifId) and [2D) are
interchanged. However, the different order of these tworapens has a distinct
consequence. The first statement of Thedrém 8 shows thaeth€IB) are open
and dense subsets gf , provided thatZyeax is non-empty. Then Theoren 8 states
that Zuweak IS @ countable intersection of these sets, and Baire’s catébeorem
implies that a countable intersection of open and densecstsib$ a Banach space
Z is a set of second category, i.e. a nonmeager set. Conségifestie is able to
show that there exists one function#yeax representatiori (19) together with the
category theorem of Baire implies immediately th&feax is nonmeager.

For Zswrongthe situation is completely different. There we have on ipethand
side the countable intersection of the open 8¥t¥l,N). However, the intersection
of open sets is generally no longer open, and it may even béye8mthe represen-
tation [20) gives only little information about the size @fiong If there exists one
function f € Zsrong then it is easy to show (using the same ideas as in part one of
the proof of Theoreml8) thasyongis dense in2”. Nevertheless, even if it is dense,
it might be a set of first category, i.e. a meager set.
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Finally, we shortly discuss the oscillatory behavior of ®leannon serie$[6].
This will give further insight into its divergence behavior

Theorem 9.Let f e EZW}T be a function for which the Shannon sampling sef@s
diverges strongly. Then

lim (max(SNf)(t)) =t (21)

N—oo \ teR

and

N (gg;lg (Sn f)(t>> =—.

This result not only implies the statement of Theofém 7 badlditionally shows
the oscillatory behavior of the Shannon series and its utdohgrowth ad\ tends to
infinity. To the best of our knowledge, TheorEin 9 is the onlgiaple which proves
the strong oscillatory behavior of a practically relevatanstruction method, and
we will also see in Se¢. 4.3 that non-uniform sampling settieerge strongly (cf.
Theoreni Il below and the corresponding discussion).

We close this section with two examples which illustratet tiere are many
more problems where the question of strong divergence impbitance.

Example 3 (Lagrange interpolation on Chebyshev nodeg)941,Paul Erdéstried
to show a behavior likd (21) for the Lagrange interpolatiarGhebyshev nodes. In
[27], he claimed that a statement like{21) holds for the bage interpolation of
continuous functions. However, i [28] he observed thatpheof was erroneous,
and he was not able to present a correct proof. He presentsiiti equivalent to
TheorentiV, and it seems that the original problem is stilhope

Example 4 (Calculation of the Hilbert transfornfor any functionf € L*([—7r, 1))
theHilbert transformH is defined by

(Hf)(t)znmi/ ft+7)

-0 2TT. eg\r\gntar(r/z)

dr. (22)

This operation plays a very important roll in different ase# communications,
control theory, physics and signal processind [35, 54, B5practical applications,
Hf has to be determined based on discrete san{fflés)}N__, of f. To this end,
let {Tn}nen @ny sequence of linear operators which determines an aippatign
of Hf from the samples of f(tn)}\__ of f. It was shown in[[11] that for any
such operator sequence, there exists a fundijan % := {f € €([—m, n]) : Hf €
€ ([—m )} such that

limsup||Tn fol[e = .

N—oc0

In other words, any (non-adaptive) linear method which wheirees the Hilbert
transform from a discrete set of sampled values divergeklwedere, it also would
be interesting to investigate whether the questions Q-Jbhsaiive answers or not,
i.e. whether there exist adaptive methods to approximatéittvert transform from
interpolated data.
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4.3 Convergence for Oversampling

So far we saw that the Shannon sampling series divergegstron 9/"7/,17 How-
ever, applying non-uniform sampling patterns and incregatiie sampling rate in-
duces additional degrees of freedom, which might give a&betinvergence behav-
ior. The question is whether non-uniform sampling resolhesdivergence prob-
lems observed for uniform sampling.

We start our investigations by showing that the result ofvBrdTheoreni{}4)
on the local uniform approximation behavior of the Shannamling series can
be extended to non-uniform sampling series, provided thmsampling pattern is
equal to the zero set of a sine-type functioh [9].

Theorem 10.Let A = {An}nez be the zeros set of a sine-type functipn let
{®n}nez be the corresponding interpolation kernels, defineddy and letAy :
2w — 5% be defined as i8). Then for every T> 0, one has

. wyl
,\Illrlwm (IET$§]|f(t) (ANf)(t)|) =0 forallf e 2¥%y.

So if sampling patterns derived from sine-type functiorsiesed, then we do not
need oversampling to obtain local convergence foff adl 9/"7/,17 It seems natural
to ask whether we can apply other sampling patterns to aehioal convergence
of Anf. However, we believe that Theorém] 10 is sharp with respetttee@hosen
sampling pattern. If more general sampling patterns ard,ube sampling series
Anf may no longer converge tb. More precisely, we believe that the following
statement is true.

Conjecture 1There exist a complete interpolating sequefice {An}ncz With gen-
erating functionp, corresponding interpolation kern€lg, } <z, a pointt, € R, and
a functionf, € 27 % such that

N

S () dn(t)

n=—N

limsup|(Anf.)(t.)| = limsup =t .
N—00

N—oc0

Next, we ask whether the non-uniform sampling serig$ Aven converges glob-
ally uniformly onRR. It turns out that the answer is negative. More preciselg,@n
even show that the non-uniform sampling serieags.:A@W,lT — %y, given in [8),
diverges stronglyTo prove this statement,|[6] used non-uniform samplingepas
derived from a special type of sine-type function: For g@.@“f/}r, we define the
function

¢ (z) =Asin(rz) — g(2) , zeC (23)

with a constanf > ||g||¢0;,,,%r > |l9]|w- This is a sine-type function and we say tipat
is determined by theine wave crossingsf g. Such functions are used in sampling
theory and communications|[4,153] by methods which try t@nstruct the signal
from its sine wave crossings.
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Theorem 11.Let ¢ be a sine-type function of the forf@3) with zero setA =
{An}nez and let{¢n}ncz be the corresponding interpolation kernefg). Then
the non-uniform sampling seridB) diverges strongly, i.e. there exists a function

f € 2w such that
lim ||AnT|le = lim (max ) =00,
N—o0 N—oo \ teR

So a non-uniform sampling series alone gives no improveméhtrespect to
the global uniform convergence as compared to the unifompsag considered in
TheoreniV. Both the uniform and the non-uniform samplingesetiverge strongly
on Z#L. Note that the previous theorem was formulated only for dmmpat-
terns arising from the zero set of a sine-type function offtimen (23). This is only
a small subset of all complete interpolating sequenceseitlasless, there is strong
evidence that TheorelmIl 1 also holds for arbitrary compieezpolating sequences.
This gives the following conjecturg][6].

N
ZN f(An) dn(t)

Conjecture 2Let A = {An}nez be an arbitrary complete interpolating sequence
with generatorp and corresponding interpolation kernéls (7). Then theigtean
f € 2#% such that

) —= 00 ,

Non-uniform sampling pattern alone does not resolve therdance problem
of the sampling series o #'L. Since ##'} ¢ 4%, the same statement holds
for #5. Next we want to investigate whether oversampling impraesglobal
convergence behavior of the non-uniform sampling sekigsT{@s is done for the
largest signal spacesy;.

Our first theorem in this direction, taken from [48], showattti oversampling is
applied, then the result of Brown (TheorEm 4) on the localarm convergence on
ngﬂ,lT can be extended to the larger spaé® and to non-uniform sampling series
of the form [8):

N
_ZN f(An) Pn(t)

lim [|[ANT|le = lim (max
N—o0 N—oo \ teR

Theorem 12.Let A = {An}nez be the zero set of a sine-type functipnand let
{@n}nez be defined as iiff)). Then for every T> 0 and any0 < 8 < 1, we have

l f(t)— (AnF)(t)| =0 forall f € 25
ngnmer[rj%l (t) — (AnT)()] orall f € Zg

whereAy is defined in(g).

Remark 7Note that this theorem allows sampling patterns from aabjtsine-type
functions. The oversampling is expressed by the fact tleedbfove result holds only
for functions in%‘gn with B < 1, i.e. for functions with bandwidtfm < .
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Remark 8If no oversampling is applied, i.e. B = 1, then the above result is not
true, in general. Then one can only show|[48] that the appmatibn error remains
locally bounded, i.e. sy maxe 11| f(t) — (AnT) (1) <C||f| forall f € 7.

The question is whether we can also have uniform convergamtee entire real
axis. So what happens if we [€tgo to infinity in Theoremi 12? The answer is given
by the next theoreni [48]. It shows that we only have uniformvesgence oiR for
the subsewgmo ofall f € %E’n which vanish at infinity. However, in general, the
approximation error remains uniformly bounded for evéry %gn.

Theorem 13.LetA = {An}nez be the zero set of a sine-type functippnand letAy
be defined as if8) with interpolation kernel{ ¢n} ez given in(@). Then for any
0< B <1, we have

l&@m@%x”(t) —(ANF)(1)| =0 forall f € Bpno >

and there exists a constant£0 such that

i - < o 2
,\Illinmrtr;%xﬁ(t) (AnF)®)| <CJIf| forall f € Zg,

Sincez#'L c 45 o» Theorenh IB includes in particular the following corollary

[9] on the global uniform convergence ofon 97/%3”.

Corollary 1. Let ¢ be a sine-type function with zero s&t= {An}nez and let
{®n}nez be the corresponding interpolation kernd®. Then for every £ WWEH

with 0 < 8 < 1 holds
>_o.

So with oversampling, i.e. for functions WW%H with 8 < 1, the sampling
series[(B) converges uniformly on the entire real axis. Tésslt can not be extended
to the larger signal spac#y; . For these functions, the approximation error is only
bounded in general, but does not go to zerdNasnds to infinity. This even holds
for any arbitrary large oversampling factoffi

N

()~ S f(n)gn(t)

o |\ teR n<—N

lim || f —ANflle = lim <max
N—o0 N—

5 Sampling-Based Signal Processing

Up to now, our discussion was based on the goal to recongtreettain function,
sayf ¢ 2%, from its values{ f (An) }ncz at the sampling point§An}nez. How-
ever, in applications one is often not interested iitself, but in some processed
version off, i.e. one wants to determirgg= Hf where H:27% — 2y1is a
certain linear system, for example the Hilbert transfdr) @ the derivation oper-
ator f(t) — df /dt [18]. Since signals in the physical world are usually anatbg
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system H is often described in the analog domain. Then fovengiunctionf, it
would be easy determinirg= Hf. However, if only sample$f (An) }nez Of f are
available, then it seems to be more desirable to implemergyktem H directly in
the digital domain, based on the signal samglé§\n) }nez. Thus, we look for a
mapping kb : {f(An)} — Hf which determineg = Hf directly from the available
sampled f(An)}. We call i thedigital implementatiorof the analog system H.

Example 5 (Sensor Networkdih a sensor network, many sensors which are dis-
tributed non-uniformly in space (and time), measure (aejle) a certain physical
quantity (e.g. temperature, pressure, the electric or eiggfield strength, velocity,
etc.). For concreteness, assume that we measure temperdten the aim is not
necessarily to reconstruct the entire temperature digtob in the observed area,
but only to determine, say, the maximum temperature, or #vamum temperature
difference.

The interesting question now is whether it is possible to forda given analog
system H, a digital implementatiorgHThe answer depends strongly on the system
H under consideration. Here we only investigate this prolfier a fairly simple but
very important class of mappings H, namely for stable lingae-invariant systems
H: 2wt 2yl

5.1 Linear Time-Invariant Systems

In our context, dinear systenis always a linear operator I—W/ﬂ,lT — ngﬂ,lT Such
a system is calledtable if H is bounded, i.e. if

Ml =sup{ [Hfll 5y : f€PH % NIl pyr <1} <o,

and H is said to b&me-invariantif it commutes with thedranslation operatofT, :
f(t)— f(t—a),i.e.if HTaf = ToHf for allac R and for everyf ¢ 271,

Itis known that for every stable, linear, time-invariant(.system H .22 % }T —
2L there exists a unique functidne L= ([— 1, 71]) such that for allf e Wt

(HE) () = %T/:?(w)ﬁ(w)ei“’tdw, teR (24)

and with||H || = ||h||.. Conversely, every functiome L ([, 71]), defines byl(24),
a stable LTI system H. In engineering, the functiois often called theransfer
functionof the LTI system H, whereas its inverse Fourier transfbrem .# —th is
said to be thémpulse responsef H. SinceL* ([, 11}) C L?([— 11, 7)), we have that
he 2w2.

Digital implementation for .92//% Now we want to find a digital implementation
Hp for a stable LTI system of H. To this end we first consider theagion on the
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Hilbert space@%%. There the obvious way to defingyHs by applying H to A f.
This yields

(HANT)( z f(An) (Hon)(t z f(A = (HnT)(1) (25)

n=—N n=—N

with kernelsy, := Hon € 2#2, for all n € Z, and where the sampling sétis
chosen to be a complete interpolating W% If H is a stable systen@%’/ﬁ —
22, then it follows from Theorerl2 that

IHf —Huf o2 = [HE—HANT] 2 < HI T~ A,z —0

asN — oo for everyf € 3”7/,21 Sinc:ef/"?’ﬂ,zT is a reproducing kernel Hilbert space,
the norm convergence again implies the uniform convergende

Digital implementation in #%'%. Since Z#'2 is a dense subset a?# %, we
may hope that the implementation f6f# 2 extends in some sense @87 .

Let us first consider a very special stable LTI system, narhelydentity operator
H= I(@W% on f/"%’/,lT For this particular system, its digital implementatioe&sily

derived. Following the above ideas fﬁ%/%, its digital implementation is simply
Hn = HAN = Ap, and Corollary L implies

N
I|m [IHf —HNflleo = I|m IHf —ANflle = I|m max|Hf — Z f(An) dn(t)| =

—oo teR n=—N

forall f € ﬁWknwith B < 1, and provided that the sampling get= {An}nez was
chosen to be the zero set of a sine-type function. So for thetity operator, we
found a digital implementation. Since Corollady 1 was usethe above arguments,
it is clear that this digital implementation is based on thiereampled input signal
f. Theoreni Il shows then thatAfis the zero set of sine-type functions of the form
(23), oversampling is indeed necessary even for the glgiadoximation of the
simple LTIH=1 WL Moreover, if ConjecturEl2 turns out to be true, then it would
imply that oversamphng is necessary for all complete jpddating sequences.

Our next question is whether the digital implementat[or) @mverges for any
arbitrary stable LTI system H oﬁ%ﬂ}gn, i.e. whether R f — Hf asN — o for all

feowl -+ In particular, we investigate whetheg/H converges locally uniformly
to Hf or even globally uniformly as the identity operator.
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5.2 Sampling via Point Evaluations

So the digital implementation jof any stable LTI system HZ 7Y — 2yL
is defined as in{25), based on a complete interpolating segue = {An}cz for
22 and based on the interpolation kerngfs } 7 given in [7) with¢ as in [8).

The next theorem taken fror [110] shows that there exist stibl systems for
which such a digital implementation is not possible, evewdf allow arbitrarily
large oversampling. More precisely, it shows that therstestable LTI systems such
that the approximation of its digital implementatio Hdiverges even pointwise
for somef € 2ZwL.

Theorem 14.LetA = {An}nez be a complete interpolating sequenceﬁﬂ/% and
let {n}nez be the interpolation kernels defined(l). Let t € R be arbitrary, then
there exists a stable LTI systetin 271 — 21 such that for everp) < g < 1
there exists a signal € EZV/EH such that

N

S f(An) (Hn) ()

n=-—n

== 00 ,

limsup|(Hnf)(t)| =limsup
N—o0 N—o0

So for any fixedt € R there are stable LTI systems H2#'L — 2} such
that for everyf € (0,1] the corresponding digital approximationyHliverges at
for some signald ¢ WW%M. But on the other side, since H is stable, we have for

anyt € R and anyf € 2#7'%

(HO O] < [Hfflo < [Hf

ot <IH[f

. .
ot <

So the divergence observed in Theofleth 14 is indeed a propktine digital im-
plementation of H based on (time domain) sample$ ahd not a property of the
system H itself. Moreover, if it were possible to sampla the frequency domain,
then we could approximate the integral in its analog impletaton [24) by its
Riemann sum. This sum would convergéf)(t) for everyt € R.

Overall, we see that there exists no general answer to tretiqnevhether every
LTI system H .9”//,1T — ngﬂ,lT can be implemented digitally. Of course there are
stable LTI systems which allow such digital implementatidhe identity operator
discussed above, is one example of such a system. Howeeardi 1# shows that
there exist stable systems for which such a digital impletatem is not possible.

We come back to the discussion at the end of SeEfidn 4.1, &nalresther ques-
tion Q-1 or Q-2 may have a positive answer for the approxiomatiperators N,

i.e. whether there exist subsequenfig}«cy (dependent on the functioin or not)
such thaf{Hy, f }kewy converges to H. To this end, let H be a stable LTI system and
lett € R be afixed point. ThefHn f)(t) defines a sequence of linear functionals on
9%’/%”, for everyp € (0, 1], with the norm

Il =sup{IHWOOL: € 2 b, [F1yg, <1}
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Then Theorem 14 implies that for every R there exists a stable LTI system H
such that for al3 € (0,1]

limsup||Hn|l g =+
N—o0 '

However, since we have no statement for linging, |[Hn |l g, we do not know at
the moment whethefHn||; g satisfies an inequality similar tb ([13) for some R.

If a lower bound like[(IB) were to exist, then question Q-2 lslduave a negative
answer, i.e. no subsequen@é }kny would exist such thaty, f converges globally
uniformly to Hf forall f € 9/"7/,11 Indeed, we believe that the following statement
is true, which would imply a negative answer to Q-2 (see dision in Sectioh 4]1).

Conjecture 3Let A = {An}nez be a complete interpolating sequence EW%,
and lett € R be arbitrary. Then there exists a stable LTI systemdA# 5 — P
such that for ever € (0,1]

sim [Hnllep = +oo.

It would also be interesting to investigate question Q-.,tio ask whether the
sequencegHy : .9”“//%;,1 — By} diverges strongly. We believe that this is indeed
the case, i.e. we think that the following conjecture is true

Conjecture 4Let A = {An}nez be a complete interpolating sequence jﬁW,ZT.
There exists a stable LTI system H27'%, — 2%} such that for ever ¢ (0, 1]
there exists arfg € 2%}, for which

[Hn fg],, = Jim (Q%X!(waﬁ)(t)\) = oo,

lim |

N—00
Remark 9Note that the LTI system H@W}T — WW}T for which the approxima-
tion Hy diverges is universal with respect f In other words, we believe that it
is not possible to find a digital implementation of H, regasdl of the amount of
oversampling.

If this conjecture is true, it would exclude the existenceaafadaptive algo-
rithm which chooses the approximation sequefig(f) }ken subject to the actual
function f to approximate the output Hof the system H from the signal samples

{f(An)}nez.

5.3 Sampling by Generalized Measurement

The fundamental concept of digital signal processing isefmreésent analog (i.e.
continuous) signals as a sequence of numbers. In the pgedisaussions it was
always assumed that the conversion from the analog to tligldigmain is based
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on point evaluations of the analog signal. Thus the measemefanctionals were
assumed to be of the form

Wi f— f(An), nez (26)

with a certain sequencg\n}nez Of sampling points. However, more general mea-
surement methods are possible, which we want to investigate

Although we depart from the point evaluatiohsl(26), we stitjuire that our mea-
surements are based on bounded linear functionals on tledisgenction space.
Again, we first consider the situation on the Hilbert spa@# 2. By the Riesz rep-
resentation theorem, we know that any bounded linear foanatiy, : f/"%’/,zT —C
can be written as an inner product with a certain funcipa 9/‘77//% i.e.

—~ JR—

00 1 Vs —
(1) = (F.5) g = [ 1O =5 [ f@F@do, @D
where the last equation follows from Parseval's formulal @auchy-Schwarz in-
equality gives immediateljjyn|| = |\31||9,,,/721. In this respect, any generalized sam-

pling process on@%ﬁ is based on a sequenés, }ney Of sampling functions in
3”7/,21 which defines by[(27), a sequenfod }nen of measurement functionals. A
stable reconstruction of anfye 9/"7/% from the sample$yn(f) }nen is possible if
{Sh}nen is at least drame [22,[70] for 2#2. Let {On}nen be the dual frame of
{sn}nen, thenf can be reconstructed from its samp{gs(f) }neny by

N
(AnF)(t)  where  (AnT)(t) =3 w(f)On(t)
n=1

f(t)= Ilim
(t) = lim_
and where the sum converges in the nornv## 2 and uniformly orR. If {s,}nez
is even an orthonormal basis f@%%, then we simply have, = s, for all n € Z.

Example 6 The point evaluation§ (26) can be written as[inl (27) by chupsi to
be equal to the reproducing kernejg of PW2. Moreover, it is known[[70] that
{sh}nez is a Riesz basis fag?#2 if and only if {\n}ncz is complete interpolating
for 2#/2. Note that the measurement functionals associated withdme evalua-
tions are uniformly bounded, becaugg|| = ||rAn||¢0;,,,,/72T =1forallneZ.

Now we apply again a stable LTI system H to the approximatioerator A\.
This gives an approximation of the digital implementatiasn éf H

N

(HnF)(t) == (HANT)(t) = S ya(f) (Hon)(t) - (28)

n=1

If His a stable LTI systen®? %% — 22, then it is again easy to see tha H—
Hf asN — o in the norm of22#% and uniformly onR for every f € 2#2.

Now we consider the approximation operatbr](28) W}T To this end,
{¥n}nen has to be a sequence of bounded linear functionalg?ofi®. It is known
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that every bounded linear functiong : WW}T — C has the form[{(27) but with

a function§, € L*([—m, i) and such thatjy|| = ||S||». As in the case of point
evaluations on@%%, we require that all measurement functionals are uniformly
bounded, i.e. we require that there exists a positive cahSjasuch that

I¥ll = [Slle <C, forallneN. (29)

The question is whether we can find a frafisg}he for 272 such that the series
(28) converges to I for any stable LTI system HWW}T — WW}T and for every

f € 271. The answer is affirmative, provided oversampling is applMoreover,
appropriate measurement functionfyg}ncn are generated by an orthonormal se-
quence{s}tnen in 3”7/,21 More precisely, the following statement can be proved

Theorem 15.Let0 < 8 < 1 be arbitrary. There exists an orthonormal ba$s }nery
for 22 with the associated measurement functio@® which satisfy29) such
that for all stable LTI systemid : %/ 7. — 2% and forall f € 2%/ 5,

N

(HE) (1) = 5 w(f)(Hs)()

© \teR n=1

lim [[Hf —Hnfljo = lim (sup ) =0. (30)
N—+oo N—

Moreover, there exists a constanf §lich that

N

> W(f) (Hsa)()

[[Hnf|lo = SUp
teR [n=1

SGsHIll sypn forall f € 2%},

This theorem shows that there exists a{sgtncz Of generalized measurement
functionals such that, in connection with oversamplinggrgwstable LTI system
on 9/"7/,11 possesses a digital implementation. The measurementdoatgy;, are
defined via[(2I7) by a specific orthonormal baig}n.z for 2#/2. It should be
noted that this orthonormal basis dependgone. on the amount of oversampling.
Theoreni.IU shows thds,} can not be a sequence of reproducing kernels because
this would yield point evaluations as measurement funeli&nhe proof of Theo-
rem[I5 in [10] is constructive in the sense that it providegsgplicit construction
of an orthonormal basi&s, }new such that[(30) holds. This construction is based on
the Olevskii systenf60] which is an orthonormal basis f&f ([0, 1]).

In conclusion, this section showed that%%}r, a digital implementation of a
stable LTI system can only be guaranteed if generalized uneasent functionals
with oversampling are used. If the data acquisition is basesimple point evalu-
ations, then there are stable LTI systems which possesgitaldmplementation.
This demonstrates in particular the limitation of digitalglementations based on
measurements from sensor networks, because the samptiogsgrin such a net-
work is basically a point evaluation at the particular semp&sition.
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6 Signal Recovery from Amplitude Samples

Sampling theory as discussed in the previous sections edbas signal samples
taken by a sequence of linear functionfyg}ncz. Then the reconstruction method
is linear, namely a simple interpolation series of the fd8)of (10). If the measure-
ment functionals are non-linear, signal recovery will bmeomore involved and in
particular non-linear, in general.

This section discusses a particular case of non-linearuneents which is of
considerable interest in many applications. Assume agjair{ »} is a set of linear
functionals on our signal space afig(f)}nez is the sequence of complex valued
samples of a signdl. In many different applications it is not possible to measur
the magnitude and the phaseaf f), but only the squared modulug(f)[2. In
this case, the sampling operators {|yn(f)|?}nez is non-linear. However, the non-
linearity arises only due to the intensity measuremefitbut it is often possible to
design the linear functionalsn }nez by an appropriate measurement setup. The in-
teresting question is now whethtcan be reconstructed from the intensity samples
{Iya(f)|?}nez and how we have to choose the function@ls}ncz such that signal
recovery becomes possible.

The described problem, also known@sase retrievalarises especially in optics,
where, because of the short wavelength, only the intens$itiieoelectromagnetic
wave can be measured, but not its actual phase. Applicatibese such problems
appear range from X-ray crystallographyl[45, 46], astroivaiimaging [32], radar,
[40], speech processingl[2] to quantum tomography [34], ¢émtion only some.

Phase retrieval for signals from finite dimensional spac®svere considered
extensively in the last years. Now there exists necessatgufficient conditions on
the number of samples as well as different recovery algosthanging from alge-
braic methods to algorithms based on convex optimizalitig,[12[ 20, 21, 55]. For
infinite dimensional signal spaces, only a few results existo now. Nevertheless,
it seems natural to ask whether it is possible to obtain te$oi bandlimited sig-
nals which are similar to the sampling series considereklarptevious section, but
which are based on the sampled amplitude only.

Since only the amplitudes of the signal samples are availagime oversam-
pling has to be used to compensate this information loss.ddewy several ques-
tions arise: How much oversampling is necessary and whatdfieient conditions
on the measurement functiondlg,} such that signal recovery can be guaranteed?
In particular, can we recover every signal from the ampétudf point evaluations
va(f) = f(An) or do we need generalized measurement functionals (assdisdin
Sec[5.B)?

Before we start our discussion, we want to mention that irctiresidered situ-
ation, signal recovery will only be possible up to an unknaylobal phase factor.
To see this, le{yn}nez be the set of linear measurement functionals. Then it is not
possible to recovef perfectly from the intensity measuremefig, ()|}, but only
up to a unitary constant. Becausd {z) = ¢ f(z), wherecis a unitary constant, then
both functionsf and f will give the same measurements, ig(f)|2 = [y(f)[? for
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all n. Consequently, we consider here only signal recovery updtmbal unitary
constant, which is sufficient in most applications.

Real valued bandlimited functions For real valued bandlimited signals there ex-
ists a remarkable resuft [62] in the spirit of classical Stmmsampling theory.
It shows that any signal in the Bernstein spagé with 0 < p < o can be re-
constructed from amplitude samples taken at an averag®fateleast twice the
Nyquist rate. The result in [62] implies in particular théléaving statement.

Theorem 16.Let A = {An}nez be the zero set of a sine-type functipnand for
l1<p<owletfe %2/2 be real valued orR. Then f can uniquely be determined

from the samplesqc= |yn()|? = |f(An)|%, n € Z, up to a sign factor.

The proof of Theorer 16 in [62] also provides a reconstrucéilgorithm. It is
noteworthy that in the case of real valued functions, poratueations are sufficient
as measurement functionajg Unfortunately, the technique used to prove Theo-
rem[I6 in [62] can not easily be extended to the complex vdiuections.

Complex valued bandlimited functions In the complex case, simple point evalua-
tions does not seem to be sufficient, but rather very specéasarement functionals
have to be chosen. In [69], measurement functiofigf} for phase retrieval i42
were proposed, which consist of linear combinations of p@ialuations at specific
sampling points. This approach was later extended to ah®ein spaces#h with
1< p < o in [56]. More precisely, letf € 5 and letK > 2 be arbitrary integer,
then the measurement functionals propose(dih [69] are diyen

K
m(f) = Y Gmf(MB+A),  nezZ,m=12,.. K? (31)
k=1

where the constar@ > 0, the complex number{s’\k}le, and the complex coeffi-
cients{ax m} are chosen in a very specific way. To formulate sufficient @t s on
the functionals[(31) such that signal recovery is possiktedefine theCX -vectors

am= (aym,...,0km)" , m=1,...,K2.
Therewith the requirements on the functionBld (31) can baditated as follows:

Definition 4 (Recovery condition).We say that the measurement functionals (31)
satisfy therecovery conditionif

1) A=A+
2) A={nB+A:neZ ,k=1,... K-1}isthe zero set of a sine-type function
3) {am}k’, forms a 2-uniformk2/K tight frame forCK .

Remark 10The particular form of the measurement functionals arisas fa con-
crete measurement setup for a particular phase retrieghlgm. Therefore, there
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exists a fairly simple practical implementation of thesedtiponals. We also remark
that the conditions on the functional can be slightly weakkw.f. [56,69].

Remark 111t is fairly easy to find coefficients for the measurement fiormals
(37) such that the recovery condition is satisfied. In paldic constructions for
2-uniform tight frames can be found in_[72]. To get approteris one can choose
N ={An:n e Z} as the zeros set of the sine-type functipfz) = sin(mz). Then
Ah=nn=1... KandB =K-1.

Theorem 17.For any K> 2let { yam} be the measurement functionals give§3)
such that they satisfy the recovery condition. Let p < e and set

Ry = {fc B T(NB+A) £0forallne Z} .
Then every £ %5 can be recovered from the amplitude measurements
cm=m(H)?,  neZ,m=1,.. K2
up to a global unitary factor.

The recovery procedure which belongs to Theokein 17 conséstieally of a
two-step procedure.

1. In the first step, one determines all valdé¢sf + Ay) from the amplitude mea-
surementsyn m(f)|? using ideas and algorithms from finite dimensional phase
retrieval.

2. SinceA ={nB+A:neZ k=1...,K—1} is the zero set of a sine-type
function, we can use the sampling series discussed in 8&ttmrecoverf from
its samples at the sampling gkt

The first step in this recovery procedure relies only on an@pate choice of
the coefficient§ oy m}, whereas the second step only relies on an appropriategchoic
of the sampling sef\. For this reason, it is also easy to extend Thedrem 17 to other
signal spaces. For example, applying Corol[dry 1 in theséstep of the recovery
procedure, we immediately obtain a phase retrieval resufuictions in.@W,lT.

Corollary 2. For any K> 2let {ynm} be the measurement functionals givei(dd)
such that they satisfy the recovery condition.Qet 8 < 1 and set

PL={te 2wt f(nB+A)#0forallnez}.

Then every fe 2L can be recovered from the amplitude measuremegts=€
IVam(f)[2, n€ Z, m=1,...,K? up to a global unitary factor.

The overall sampling rate in Theorém] 17 is mainly determigdhe constant
K, which can be an arbitrary natural numbér> 2. We see from[{31) that we
applyK? measurement functiong m in every interval of lengttg, i.e. the overall
sampling rate becomd®= K2/, andf has to be chosen such that the sequence
{nB+Ak:neZ,k=1,...,K—1}isthe zero set of a sine-type function. This implies
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(see also Remafk]l1) thAt< K — 1. Therefore, the overall sampling rate has to be
at leastR > K?/(K — 1) > 4, whereR = 4 is achieved foK = 2. So we have found
a sufficient condition on the sampling rate.

In Theorenf 17, function$ € #5 which have a zero in the sébf +A;:n<€ Z}
cannot be recovered. However, on the one hand, it is not basde that the set of
these functions is fairly small, namely it is a set of firstegairy. On the other hand,
it was also shown in_[86] that this restriction on the recabde functions can be
avoided if the desired signdlis preprocessed in a specific way, namely by adding
a known sine-type function prior to the amplitude measurements.

Theorem 18.Let Anax > 0 be arbitrary, and leD< 8 < By < 1. Foranyl < p< o
set
SP=A{f E‘%)En: ”fH,%ETTSAmax}-

Then there exists a sine-type functior U'Z”‘”ln and a sequence of measurement
functionals of the forn{31) which satisfy the recovery condition such that every
f € P can be recovered from the amplitude measurements

Cn,m:|Yn’m(f+U)|2, neZ,m:l,...,K2
up to a global unitary factor.

Remark 12The restriction on the norm in the definition of the signalcpa’P
requires only that we need to know an upper bound on the sigmah. By the
Theorem of Plancherel-Polyid (3), this is equivalent tosérigtion on the peak value
of the signal. This knowledge is necessary to choose an pppted functioru.

The proof of Theorem 18 is based on the following two facts:

1. LetA = {Ay = &+ inNn}nez be the zero set of an arbitrary sine-type function. If
one changes the imaginary parts of evégythe resulting sequence is again the
zero set of a sine-type functidn [44].

2. Fix1<p<wandf < . Thento everH, > 0 there exists a sine-type functian
such that for every € %Enwith IIf H’%Err < Amax the functiornv = f +u satisfies

[v(§ +in)| > 0forall§ e Randallln| > H,[56]. So all zeros of = f +u e %5
are concentrated in a strip parallel to the real axis.

So based on these two observations, we can chdose{A, = &, +inn} such
that the measurement functionals satisfy the recoveryitondThen we choose an
arbitraryH, > 0 and increase (if necessary) gl such thatn,| > H, forallne Z.
The resulting sequence will still satisfy the recovery dtind. Then we choosa
such that the zeros of all function= f +uwith f € %’En lie close to the real axis. In
this way, we can achieve that the functians f 4+ uwill definitely have no zero on
the setA and we can recoverfrom the measuremenis,(v)|2. Sinceu is known,
we can finally determiné.

The second step of the recovery algorithm consist in thepotation ofv from
the samplegv(An}n. Sincev € #%, we necessarily need to apply the results for the
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sampling series oy, as discussed in Sectign #.3. In particular, it follows from
Theoreni 1B that we necessarily need oversampling, i.e.réh&a8 does not hold
for functions in%5.
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Appendix

This appendix provides a short proof of Theoifém 8 in Se¢fi@n 4

Proof (TheoreniI8)1. First, we prove the statement for the sgid (18). To this end
letge 2 ande > 0 be arbitrary. For alM,Ny € N, we have to show that there
exists a functiond, in the set[(IB) such thdlg — f.|| 2 < €. Since 2y is a dense
subset 0f2", there exists g € 2o such thaf|g— q| 2~ < £/2. Therewith, we define

f. :=q+§ fo with fo € Zyeakand with|| fol| 2- = 1. Then we get

l9—fllz <llg—dlz +5lflls <5+5=¢.

LetM,Np € N be arbitrary. We still have to show thétis contained in the sdf(1L8).
To this end, we observe that for evetyc N

ITnfilla = I Tna+ 5T ol > 51T ol — I Tnall -

Sinceq € 2o, (I8) implies that there is aN; > Np such that > || Tng —gf|o >
ITnall2 — |lqll for all N > N;. Consequently

ITnalle <1+lglla < 1+Collal 2 forall N> Ny,

using for the last inequality tha®” is continuously embedded & with a cer-
tain constanCy < «. Combining the last two inequalities, we géinf.|z >
£l Tnfoll —1—Col|al| 2~ for all N > Ny. Sincefg € Zyeak there exits amN; > Ny
such that

T, fellz = 51T, foll = 1= Collafl - > M

which shows thaff, € D(M,Nz) C Un>n, D(M,N). Thus the setd (18) are dense
in 2" and it remains to show that these sets are open. To this anll, I € N
andf, € D(M,N) be arbitrary, i.e||Tn .|| > M. Since T is a continuous linear
operatorZ” — %, there exists & > 0 and a neighborhood
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Us(f) ={fe 2 :|f -1, <3}

of f. such that|Tnf||» > M forall f € Us. ThusD(M,N) is open for alM,N € N
and since the union of (countable many) open sets is again, tipe sets[(18) are
also open.

2. We prove[(IB). By the definition of the lim sup operatiom® #&tZyeak can be
written as

Dweak = {f S NI(:TOONSZUN%HTNngy :oo}

and we note that for every fixetle 2" the sequencésupy-n, [ITn |l 1R -1 is
monotone decreasing. Assume ttiat Zyeak and choosé € N arbitrary. Then,
by the above definition of/.eak it follows that for arbitraryNy there exists an
N > No such that| Ty |l > M, i.e. f € Uy>n, D(M,N), and since this holds for
all M,N € N we have

fe () U DM,N)
M=1 Ng=1 N=No
which shows tha#iveak C =1 MNNy=1 Un=n, D(M,N). Conversely, assume that
f €M1 Miy=1 UN=n, D(M,N). Then to every arbitraryl € N andNp € N there
exists arN > N such thatf € D(M,N), i.e. that| Ty f||» > M. Thusf € Zyeak
Finally, we prove[(2D). Assume first thétce Zsyrong Then to everM € N there
exists arNg = No(M) such that| Ty Tl > M for all N > No. In other words

fe () DMM,N)c [J () D(M,N)  foreveryM eN.
N=No (M) No=1N=Np

which shows thaf € N1 Un,=1 N=n, D(M,N). Conversely, assume thatc
Mv=1 Ung=1 NN=n, D(M,N). This means that for any arbitraly € N the function
f belongs tdJX,—1 N=n, D(M,N), i.e. there exists aNo such that

fe () DIM,N) ie. [Tnfllz >M forallN>N.
N=No
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