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A Theory for Sampling Signals From
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Abstract—One of the fundamental assumptions in traditional
sampling theorems is that the signals to be sampled come from
a single vector space (e.g., bandlimited functions). However, in
many cases of practical interest the sampled signals actually live
in a union of subspaces. Examples include piecewise polynomials,
sparse representations, nonuniform splines, signals with unknown
spectral support, overlapping echoes with unknown delay and
amplitude, and so on. For these signals, traditional sampling
schemes based on the single subspace assumption can be either
inapplicable or highly inefficient. In this paper, we study a general
sampling framework where sampled signals come from a known
union of subspaces and the sampling operator is linear. Geometri-
cally, the sampling operator can be viewed as projecting sampled
signals into a lower dimensional space, while still preserving all
the information. We derive necessary and sufficient conditions for
invertible and stable sampling operators in this framework and
show that these conditions are applicable in many cases. Further-
more, we find the minimum sampling requirements for several
classes of signals, which indicates the power of the framework.
The results in this paper can serve as a guideline for designing
new algorithms for various applications in signal processing and
inverse problems.

Index Terms—Linear operators, projections, sampling, shift-in-
variant spaces, signal representations, stable, union of subspaces.

I. INTRODUCTION

AMPLING is a corner stone of signal processing because

it allows real-life signals in the continuous-domain to be
acquired, represented, and processed in the discrete-domain
(e.g., by computers). One of the fundamental assumptions
in traditional sampling theorems [1]-[4] is that the sig-
nals to be sampled come from a single vector space (e.g.,
bandlimited functions). For example, the classical Kotel-
nikov—Shannon—Whittaker sampling theorem can be presented
as follows [3]. Denote sincr(t) = (sin(nt/T))/(wt/T); then
{sincr(t — nT)}necz is an orthogonal basis for the space
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S:(FBL) of bandlimited functions whose Fourier transforms are
supported within [—7 /7T, 7 /T]. Specifically, for all z € S;BL),
we have

z(t) = z(nT) sincr(t — nT) (1
and
#(nT) = (:L « Sh;?) (nT). @)
sincy (- — nT) >
=\t . 3)
<$ T L?(R)

Equation (1) shows that any bandlimited signal z(¢) € S;BL)
is fully represented by its samples {x(nT')},cz and provides a
way to reconstruct z(t) from these samples. Equation (2) cor-
responds to the practice of passing the signal x(¢) through an
anti-aliasing filter before taking samples.

From this viewpoint, the Kotelnikov—Shannon—Whittaker
sampling theorem has been generalized by considering other
signal spaces S and other sampling functions (see, for example,
[3]-[11] and the references therein). In all of these previous
studies, the signals to be sampled are assumed to come from
a single vector space. However, as we will illustrate with the
following examples, in many situations the signals of interest
actually live in a union of subspaces.

Example 1 (Stream of Diracs): The stream of Diracs is
the basic signal model for the recent sampling framework
for signals with finite rate of innovation [12]-[14]. As il-
lustrated in Fig. 1(a), a stream of K Diracs has the form
w(t) = SSh_, exd(t — tx), where {t}K | are unknown lo-
cations and {cy }X_, are unknown weights. We see that once
the K locations are fixed, the signals live in a K -dimensional
subspace. Thus, the set of all streams of K Diracs is a union of
K -dimensional subspaces.

Example 2 (Piecewise Polynomials): Many transient signals
in practice can be modeled by piecewise polynomials [see
Fig. 1(b)]. Let X I((PP) denote the set of all signals consisting
of K pieces of polynomials supported on [0, 1], where each
piece is of degree less than d. We cannot ensure the sum of any
two signals in X’ éPP) still has only K pieces of polynomials,
and thus, X I((PP) is not a vector subspace. However, it is easy
to verify that we do have a subspace once we fix the locations
of the discontinuities. Therefore, X I((PP) is the union of the
subspaces corresponding to all possible discontinuity locations.

Example 3 (2-D Piecewise Polynomials): Consider 2-D
piecewise polynomials of K pieces supported on [0,1]2, as
shown in Fig. 1(c). More specifically, each piece is a bivariate
polynomial of degree less than d. This kind of signal can be seen
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Fig. 1. Several examples in which the signals of interest come from a union of subspaces. (a) A stream of Diracs with unknown locations and weights. (b) A 1-D
piecewise polynomial signal with unknown discontinuity locations. (c) A 2-D piecewise polynomial with unknown boundaries. (d) An overlapping echo (shown
in solid lines) that is a linear combination of three pulses (shown in dashed lines) with unknown delays and amplitudes. (e) A multiband signal in frequency with
unknown spectral support that only occupies a known fraction of the spectral band [wmin, Wmax]-

as a “cartoon” model for natural images, since natural scenes
are often made up from several objects of smooth surfaces with
smooth boundaries. Again, it is easy to see that once we fix the
boundaries, the signals lie on a subspace of dimension K d>.
With all possible boundaries, 2-D piecewise polynomials live
in a union of subspaces.

Example 4 (Sparse Representation): Sparse representation
lies at the heart of modern signal compression and denoising
[15], [16]. In these applications, the final output signal is
a K-term representation using a fixed basis or dictionary
{br}32, (e.g., a Fourier or wavelets basis), written as

fr = ch¢k

kel

“)

where I is an index set of K selected basis functions or atoms.
Clearly, the set of all signals that can be represented by K terms
from a given basis or dictionary constitutes a union of sub-
spaces, with each subspace indexed by a set 1.

Example 5 (Overlapping Echoes): Consider overlap-
ping echoes with unknown delay and amplitude [17],
[18]. Hlustrated in Fig. 1(d), these signals have the form
x(t) = E?:l ckp(t — tg), where the pulse shape ¢(t) is
known; while the delays {t; }~_, and amplitudes {cj}_, are
unknown. Clearly, the set of all possible echoes constitutes a
union of subspaces, each of which corresponds to a set of de-
lays { tk}le. Signals of this type appear in many applications
such as geophysics, radar, sonar, and communications. In these
applications, from a limited number of samples of the echo
signals, one wishes to find out the delays and amplitudes.

Example 6 (Signals With Unknown Spectral Support):
Consider the class of continuous-time signals whose Fourier

transforms only occupy a known fraction—but at unknown
locations—on a spectral band [Wpmin, Wmax| [see Fig. 1(e)]. The
sampling problem for this class of signals has been studied
in [19]-[22]. Again, for a fixed set of spectral support, these
signals live in a subspace. With all possible spectral supports,
the signal class can be characterized by a union of subspaces.

For signals given in the above examples, traditional sampling
schemes based on the single subspace assumption can be ei-
ther inapplicable or highly inefficient. In principle, we can al-
ways extend the class of signals from a union of subspaces to
the smallest linear vector space that contains it, and carry out
sampling on that space. However, this strategy is often ineffi-
cient since it ignores the additional prior information about the
signals.

For instance, the smallest linear space containing the K -term
sparse signals in Example 4 is the space spanned by the entire
dictionary {¢x}52 ;. In contrast, from the definition in (4), we
should be able to completely determine these sparse signals by
using only 2K numbers, with K of them specifying the index set
I and the rest recording the coefficients { ¢y }. Similarly, for sig-
nals with unknown spectral support in Example 6, the smallest
linear space containing them is the space of bandlimited func-
tions supported on the entire spectral band [Wmin, Wmax], Whose
Nyquist rate is based on the whole bandwidth wyax — Win-
However, the work in [20] shows that, by exploiting the addi-
tional prior knowledge about the signal spectrum, it is possible
to achieve a sampling rate well below the previous Nyquist rate.

Thus, the previous examples motivate us to fundamentally ex-
tend the traditional sampling theorems by considering signals
from a union of subspaces instead of a single space. Our pro-
posed sampling framework has close ties to the recent work on

Authorized licensed use limited to: EPFL LAUSANNE. Downloaded on October 1, 2009 at 03:03 from IEEE Xplore. Restrictions apply.



2336

sampling signals with finite rate of innovation [12]-[14], which
demonstrates that several classes of non-bandlimited signals can
be uniformly sampled and perfectly reconstructed. In a general
sense, signals with finite rate of innovation have a known de-
gree of freedom (i.e. innovation), but the locations of the inno-
vation are unknown (see Examples 1-3). Therefore, these types
of signals can often be effectively characterized by unions of
subspaces.

Another related work is the recent breakthrough in mathe-
matics under the name compressed sensing or compressive sam-
pling [23]-[25], which shows that sparse or compressible finite
length discrete signals can be recovered from small number of
linear, non-adaptive, and random measurements. The number
of required measurements has the same order of magnitude as
the number of nonzero or “significant” coefficients in the input
signal, which is typically much smaller than the length of the
signal. The literature on compressed sensing so far only han-
dles finite-dimensional signals.

Our proposed sampling framework with union of subspaces
provides a generalized and unified framework for finite rate
of innovation sampling, compressed sensing/compressive sam-
pling, and spectrum-blind sampling, in which new results and
derivations are discussed. Moreover, the proposed framework
provides a geometrical approach to finite rate of innovation sam-
pling and suggest a path for extending the current compressed
sensing theory to infinite-dimensional settings and continuous-
domain signals.

In Section II, we formulate the problem of sampling signals
from a union of subspaces and provide a geometrical interpre-
tation. Section III presents general conditions for invertible and
stable sampling operators. We then study the sampling problem
in two concrete settings. In Section IV, we consider unions
of finite-dimensional subspaces, and, in Section V, we con-
sider unions of infinite-dimensional shift-invariant subspaces.
Section VI concludes this paper with some outlook.

II. PROBLEM FORMULATION

A. Framework: Linear Sampling From a Union of Subspaces

The examples given in Section I lead us to consider the fol-
lowing abstract definition for many classes of signals of interest.

First, let H be an ambient Hilbert space! in which our sig-
nals live. Some concrete cases of H include: in Examples 2 and
3 for piecewise polynomials, H = L?*(D), where D = [0,1]
(or [0, 1]? for 2-D) is the domain of spatial support; for overlap-
ping echoes introduced in Example 3, if the pulse shape ¢(¢) is
square-integrable, we can choose H = L?(R); for signals with
unknown spectral support in Example 6, H can be the space of
all functions bandlimited to the largest possible spectral span
[Wimnin, Wmax) -

Definition 1 (Union of Subspaces): The signals of interest
live in a fixed union of subspaces that is defined as

x=Js, (5)
ver
'We could consider a more general framework where the ambient space is a

vector space. However, we will restrict to the Hilbert-space setting as it provides
induced norms and is more familiar in the signal processing community.
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where S, are subspaces of H and I' is an index set. In other
words, a signal z € X if and only if there is some vo € I" such
thatz € S,,.

We consider a general sampling framework in which the input
signal € X is sampled via a bounded linear mapping A into
a sequence of numbers {(Az),}, . We refer to {(Az)n},,
as samples of x via the sampling operator A. From the Riesz
representation theorem [26], there exists a unique set of vectors
U = {¢n},,c in H for any such linear mapping A so that

(Az)n = (@, Pn)n (6)

and thus

Acwe {(2,%n)} e - @)

Thus, any bounded linear sampling operator A is uniquely
specified by the set of sampling vectors ¥ = {1}, .. In the
form (6), 1, resembles the point spreading function of the nth
measurement device. A case of particular interest is when the
sampling vectors are shifted versions of a common kernel func-
tion v; for example, 1, (t) = (t — nT) and H = L*(R).
In that case, the sampling procedure given in (7) can be effi-
ciently implemented by filtering followed by uniform pointwise
sampling, which is similar to (2) as in classical sampling. In
various Fourier imaging systems, including magnetic resonance
imaging (MRI), {t,, },, , are complex exponential signals on a
compact support. In computed tomography, inner products with
{tn}, c A represent linear integrals.
Given a class of signals defined as a union of subspaces, it is
attractive to find a fixed representation as in (7) for them. The
natural questions to pursue are the following.
1) When is each object x € X uniquely represented by its
sampling data {(x,{n)}, c?

2) What is the minimum sampling requirement for a signal
class X'?

3) What are the optimal sampling functions {1}, ?

4) What are efficient algorithms to reconstruct a signalz € X
from its sampling data {(,9n)},c2?

5) How stable is the reconstruction in the presence of noise
and model mismatch?

Note that if X is a single vector space S then frame
theory (see, for example, [27, pp. 53-63]) precisely ad-
dresses these questions. In particular, one can reconstruct any
x € § in a numerically stable way from its sampling data
Az = {{z,%n)},cr Whenever {1, }, .\ is a frame of S.

In this paper, we study and answer the first two questions out-
lined above, which involve the feasibility and fundamental per-
formance bounds of the proposed sampling framework. It is our
hope that the results from this work, including the geometrical
viewpoint, stable sampling bounds, and minimum sampling re-
quirement as discussed below, can provide useful insight and
guidelines for the solutions of the remaining questions in future
work.

B. Geometrical Viewpoint

In the Hilbert space H, knowing {(z, %)}, c, is equivalent
to knowing the projection Psz of x onto the subspace S =
Span{tn}, . We call S a representation subspace. Clearly,
{%n},,ca provides an invertible sampling operator for X" if and
only if there is a one-to-one mapping between Ps A’ and X.
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(b)

S, and its projections onto lower dimensional representation subspaces. (a) A case of invertible and stable

representation. (b) A case of noninvertible representation. Also, a representation subspace close to this one would lead to unstable representation.

Fig. 2 illustrates a simple case, where the signal space H is
R3. The set of signals of interest X = Ule S; is the union of
three 1-D subspaces (three lines going through the origin). As
shown in Fig. 2, we project X down to a certain subspace (a
plane) S and obtain Psg X' = U?:l PsS;. We can see that there
is an invertible magping between &’ and P s X as long as no two
subspaces in {S; };_, are projected onto the same line in S [see
Fig. 2(a)]. In this case, no information is lost and we have a more
compact representation of the original signals. Thus, geometri-
cally, we can think of the proposed linear sampling as projecting
the set of signals onto a lower dimensional representation space,
while still preserving its information.

An interesting problem is to study the lower bound of the di-
mension of invertible representation subspaces, which is related
to the minimum sampling requirement. In the case of Fig. 2, the
lower bound is 2 (i.e., a plane), because there would always be
information loss if we projected A’ onto any single line.

We notice that the representation subspaces that provide
invertible or one-to-one mapping are not unique. Although
in theory any of them can be used, they are very different
in practice. For some representation subspaces, the projected
lines are so close to each other [e.g., consider a perturbation of
Fig. 2(b)] that sampling becomes very sensitive to noise and
numerical error. So there is an issue in how to choose the “op-
timal” representation subspace, or equivalently the “optimal”
sampling vectors.

In the following sections, we will formulate and study the
previous geometrical intuitions in a rigorous and quantitative
way.

III. CONDITIONS FOR SAMPLING OPERATORS

A. Definitions

We now go back to the general sampling framework defined
in Section II-A, where the set of signals of interest X’ is given in
(5) and the sampling operator A is given in (7). First, we want
to know whether each signal x € X is uniquely represented by
its sampling data Azx.

Definition 2 (Invertible Sampling): We call A an invertible
sampling operator for X" if each x € & is uniquely determined
by its sampling data Az; that means for every z; and x5 in X

Axy = Azo  implies

®)

Try = T9.

In other words, A is a one-to-one mapping between X and AX.

The invertible (or one-to-one) condition allows us to uniquely
identify each z € X from Ax. However, in practice, stronger re-
quirements are needed: we want to be able to reconstruct z € X
in a numerically stable way from Az. To guarantee such an al-
gorithm exists, we need to ensure that if Ax is “close” to Ay
then x is “close” to y as well. Furthermore, we want that a small
change in the signal « only produces a small change in its sam-
pling data Az. These requirements motivate the next condition
on the sampling operator.

Definition 3 (Stable Sampling): We call A a stable sampling
operator for X if there exist constants 0 < a < § < oo such
that for every z1 € X', z9 € X

aller = w2ll3 < [[Azy — A}, (n) < Bl — 2|3 9

We call a and (3 stability bounds and the tightest ratio k = 3/«
provides a measure of the stability of the sampling operator.

Note that we use the /5 norm for Ax; — Axs since it is a
sequence of numbers. We can see that stable sampling implies
invertible sampling, whereas the reverse is not true.

The stable sampling condition in (9) is defined in terms of
the squared norm (i.e., energy) of the signals and their sample
values. However, when we work in H = L?(R) and thus all
the signals are functions of a (time) variable, it is often desir-
able to consider a more stringent pointwise stability as discussed
in [4]. This additional requirement is due to the fact that two
signals x1(t) and x2(t) can be close in the L? sense, but still
differ markedly in their pointwise values within some localized
regions.

To bypass this problem, we can adopt the treatment in [4]
by restricting the ambient space H to a (reproducing kernel)
subspace of L%(R) with the following property:

sup o(0)” < o / () du = o/|Je]Zm,  (10)
t .
© R
for all z(t) € H, where 0 < o < oo is some constant. Ex-
amples of subspaces having the previous property include the
space of bandlimited functions, and shift-invariant spaces with
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the generating function satisfying some mild conditions [4]. By
linking (9) and (10), we get

sup |71 (t) — z2(t)|* < || Azy — Ams||7, a)
teR

for some constant 0 < «” < oo. In this case, the proposed
stable sampling condition in (9) implies pointwise stability as
well.

B. Key Observation

The main difficulty in dealing with unions of subspaces is
that, in the last two definitions, x; and x5 can be from two
different subspaces. In other words, the proposed unique and
stable sampling conditions are defined on a nonlinear set. Con-
sequently, we cannot directly apply various well-known linear
results in matrix and operator theories to study the proposed
sampling conditions. To overcome this problem, we introduce
the following subspaces:

Syo =8+

={y:y=x1 +x2,wherez; € S,,z2 € Sp}. (1)

Typically, gwg has simple interpretations. For instance: in
Example 1 with streams of K Diracs, S, ¢ is a subspace of at
most 2K Diracs with fixed location; in Example 2 of piecewise
polynomials, S, 4 is a subspace of piecewise polynomials with
at most 2K — 1 pieces; and so on. It is easy to see that the set

U s
(v,0)er'xT
={y:y=x1 — x9, wherex; € X,x9 € X'}

5> def

12)

consists of all secant vectors of the set X', which play a funda-
mental role in the study of dimensionality reduction [28].
The next two propositions map the invertible and stable con-

ditions on the union of subspaces X = |J S, to those for single
y€er
subspaces.

Proposition 1: A linear sampling operator A is invertible for
X ifand only if A is invertible for every S, g with (v, 6) € I'xT.
Proof: Consider the “if” part, that is, assume that A is
one-to-one on every S, g, (7,6) € I' x I'. Let 21, x5 be vectors
in X' such that Az; = Az,. From the definition of X" there exist
7,0 € I', such that 21 € Sy, 22 € Sp. Thus, z1,z2 € Sy,
and from the one-to-one assumption for S, g, it follows that
x1 = z9. Hence, A is one-to-one on X.

Now consider the “only if” part, that is, assume that A is
one-to-one on X'. Let 1,2 be vectors in S g, (v,6) eNF x I'
such that Ay = Ayso. Denote z = y; — y». Because S, ¢ is a
subspace, z € S, 9. From (12), there exist z; € X and x5 € X
such that z = x1 — z». Since A is linear, Az — Axy = Az =
Ay — Aya = 0. It then follows from the one-to-one assumption
for X that 1 = zo. This implies z = 0, or equivalently, y; =
y2. Therefore, A is one-to-one on every Sy g, (7,0) € I' x I'.m

Proposition 2: A linear sampling operator A is stable for X,
with stability bounds « and 3, if and only if

allyllf < 14yl7, .y < BllvllF (13)
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for every y € gﬁ,,g and (y,0) e T' x T.
Proof: Starting from the stable sampling condition of A
given in (9) and using (12), we have

allzr = wall3 < [[Azy — Azsff, < Bllay — 2|3,
= allyllf < 14yllz, < Bllyll3
= allyllf < Ayllz, < Bllyli%

forevery y € X

for every y € §779 and (v,0) e I' x I. [ |

IV. UNION OF FINITE-DIMENSIONAL SUBSPACES

In this section, we consider the situation where the subspaces
S,(y € T') in X are finite-dimensional, although the ambient
space ‘H can be infinite-dimensional and the index set I' can be
infinite.

A. Minimum Sampling Requirement

Using Proposition 1, we immediately obtain the following
minimum sampling requirement for union of finite-dimensional
subspaces.

Proposition 3: Suppose that A : z — {(m,'l/fn)}fj:l is an
invertible sampling operator for X'. Then

sup dim(g,yyg).
(v,0)€TxT

N > Nyip & (14)

Proof: Suppose that A is one-to-one on &". From Proposi-
tion 1, A is one-to-one on every S, (v,0) € T x I. It follows
that dim(S, ¢) = dim(A(S, p)). Since the range of A is in an
N-dimensional vector space, dim(A(S,,4)) < N. Therefore,
N > dim(S, ¢) for every (v, ), and, hence, N > Npin. [ |

Proposition 3 provides a minimum sampling requirement
(i.e., the minimum number of samples) for linear sampling. It
states that with a linear sampling scheme, one needs to obtain
at least N,;, samples to provide an invertible representation
for signals from &'

Consider a simple application of Proposition 3 to Example 1,
where X’ consists of streams of K Diracs.? In this case, Sy ¢ are
subspaces of streams of Diracs with impulses at up to 2K fixed
locations. Thus, the minimum sampling requirement is Ny,j, =
2K . This is also equal to the number of free parameters for each
signal in X.

The situation becomes more interesting when we consider
Example 2, where the signal class X’ consists of 1-D piece-
wise polynomial signals supported on [0, 1]. Every signal in X
contains at most K polynomial pieces, each of degree less than
d. We can see that every signal in A" can be fully specified by
Kd + K — 1 free parameters, with K — 1 parameters used to
record the locations of the discontinuities and K d parameters
to specify the coefficients of the K polynomial pieces. But is it
sufficient to use only K'd + K — 1 linear measurements to fully
specify signals from X'?

The previous question can be answered by applying Proposi-
tion 3. First, we can check that &, 4 are subspaces of piecewise

2Technically, streams of Diracs do not belong to a Hilbert space as required
in our framework; rather, these generalized functions should be treated as linear
functionals on the space of smooth test functions. However, we can verify that
Propositions 1, 3, and 4 hold without change under this more general setup. The
only difference is that, instead of representing inner products in Hilbert spaces,
the notation <L ubn) should now be understood as the pairing between the linear
functional = (such as Diracs) with its argument %), .
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polynomials with at most 2K — 1 pieces, each of degree less
than d. Thus, from (14), the minimum sampling requirement
for X is Nyin = (2K — 1)d. Contrary to what one might ex-
pect, Nmin is strictly greater than the number of free parameters
Kd+ K — 1 whend > 1. Thus, as a novel application of our
minimum sampling bound, we have shown that the sampling
algorithm proposed in [12] for piecewise polynomials, which
effectively converts the input signal into a stream of Diracs by
repeated differentiation, indeed achieves the minimum sampling
requirement Ny, = (2K — 1)d.

B. Invertible Conditions on Sampling Vectors

Recall that a linear sampling operator is specified by a set
of sampling vectors ¥ = {1}, .\ as defined in (7). We now
study the invertible and stable sampling conditions on W. Let
® = {¢1}1_, be a basis for a finite-dimensional subspace S.
Then each x € S has the basis expansion

K
= Z CrPre- (15)
k=1

It follows that
K

k=1

Thus, we can express Az via a matrix-vector multiplication
Az = Gq;y\pc (16)

where G g is the (generalized) Gram matrix between the sets
of vectors @ = {¢p}r_, and U = {p, })_,

(P1,91)  (¢2,91) (DK, 1)

Gag <¢17.1/12> <¢>27.1/12) <¢Kj¢2> an
(B1.0n) (d2n) o ()

and ¢ = (c1,...,cx)7T is the column vector of coefficients in

. . - . (e B
the basis expansion of x. Similarly, if ®, ¢ = {¢,""'},_, is

a basis for S'v%g, then for y € S, 4, we can express Ay via
a matrix-vector multiplication as in (16) with the Gram ma-
trix G@mo,\p. Hence, the invertible sampling condition of A in
Proposition 1 is translated into the (left) invertible condition on
Gram matrices G@,Y,O_’q;, as follows.

Proposition 4: Let U = {wn}fy:l be a set of sampling vec-

K'Y~ . Y
tors and @, 4 = {gb,(c"’e)}k:lo be a basis for S, 5. Then, ¥
provides an invertible sampling operator for X if and only if
Gs. , v has full column rank for every (v,0) € I' x T".

K

Furthermore, if we suppose ®, 4 = {qﬁé ’9)}k;'10 is an or-
thonormal basis for S, g, then ||y|[x = ||¢||2. From matrix
theory [29], we know that

Trin(@)llell3 < [1Gell3 < 07,0 (@)ell3 (18)

2339

for every ¢, where 0y,in (G) and 0.5 (G) are the smallest and
largest singular values of G, respectively. Moreover, o2 (G)
and o2, (G) provide the tightest bounds for the inequalities
of the type in (18). Hence, the stable sampling condition of A
in Proposition 2 is translated into the classical conditioning re-

quirements on Gram matrices G g 0,0
Proposition 5: Let ¥ = {1, },,_, be a set of sampling vec-

~ K'v, . =5
tors and @, ¢ = {¢§C”6)}k=10 be an orthonormal basis for S, 4.
Then, ¥ provides a stable sampling operator for X if and only if

def

0<a= inf 2 (G
o (%el)rérxramm( ®,0,0)
def
<p=E sup Uﬁlax(G@,,o,‘I/) < 0. (19)
(v,0)eTxT

Meanwhile, o and (3, as defined above, are the tightest stability
bounds.

C. Application to Finite Rate of Innovation Sampling

To see applications of the results so far, first let us revisit Ex-
ample 1, where the union of subspaces X’ consists of streams
of K Diracs and provides the basic signal model for finite rate
of innovation sampling [12]-[14]. In this case, each subspace
S,.¢ has a basis {6(t — tk)}iu:l with t1 < to < --- < tpy,
and M < 2K. We have already shown the minimum sampling
requirement is 2K. Since (§(t — to),¥(t)) = (o), it fol-
lows from Proposition 4 that a minimum sampling vector set
U = {zpn}ff; provides an invertible sampling for streams of
K Diracs if and only if

Yi(t1)  Pi(ta) 1 (tak)
det ¢2§t1) ¢2§t2) ¢2(t.2K) P
1/)21('(151) 1/)21('(152) 1/)2K('t2K)

forevery t1 <ty < -+ < tox.

The set of functions ¥ = {1/Jn}ilz(l satisfying the previous
condition (20) is called a Tchebycheff system [30]. The clas-
sical example of a Tchebycheff system is the power functions
P =t""1,n =1,2,...,2K.In this case, the matrix in (20) is
the familiar Vandermonde matrix. Tchebycheff systems play a
prominent role in several areas of mathematics such as approxi-
mation, interpolation, and numerical analysis. Numerous exam-
ples of Tchebycheff systems are given in [30], including power
functions, Gauss kernels, spline polynomials, sin, and cos func-
tions, and derived systems from these examples (for instance, if
{n(t) }1]1\;1 is a Tchebycheff system and w(t) is a positive and
continuous function, then {w(t)z/)n(t)}fj:l is also a Tcheby-
cheff system). The particular choices of sampling functions used
in the finite rate of innovation sampling literature [12], [14] are
of course among these examples.

The previous discussion also applies to the signals of
overlappin§/ echoes in Example 5. Note that sampling
z(t) = > p_q cep(t — ti) with sampling functions {,, (¢)} is
equivalent to sampling a stream of Diracs Zle cr6(t—ty) with
sampling functions {1, (¢)}, where 9,,(t) = (d(- — t),1¥n).
Thus, the invertible sampling condition described in (20) can
be used in the case of overlapping echoes as well.
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D. Application to Compressed Sensing

In the compressed sensing setup [23]—[25], the signals of in-
terest are supposed to have sparse representation, using up to K
terms from an orthonormal basis {¢y } as in Example 4; i.e.,

X:{x:x:ch¢>k7|I|§K}

kel

where I is an index set and || denotes its cardinality.

Let U = {zpn}f:l be a set of sampling vectors. For each
¢y, in the dictionary {¢y},, consider the column vector g, =
(G191 (Drs )« -+ (dr, )T, and consider the matrix
G = (g,), obtained by concatenating all of these columns.
Then the problem of reconstructing z € & from its sampling
data Az = d is equivalent to solving ¢ from the matrix equa-
tion Ge = d under the constraint that ¢ has at most K nonzero
entries. _

Note that in this case, each subspace S, ¢ has an orthonormal
basis of the form @, 5 = {¢r},; with |[I| < 2K. Therefore,
the Gram matrix Gg_ , v is formed by taking subsets of the
columns of G as G1 = (g;.),; With |I| < 2K . Hence, applying
Proposition 5, we can write the stability bounds in this case as

o= ul]ing Amin (G?G})
B= sup Amax (G7Gr) 21
|I|=2K

where G is the conjugate transpose of G, and Apyin(-) and
Amax(+) denote the minimum and maximum eigenvalues.3 Note
that the stability bounds derived in (21) are closely related to the
notion of restricted isometry in [31]. By noting that the entries
of G3Gy are (g;,,9;), k,l € I, and using the Ger§gorin disc
theorem [29, pp. 344-345] to bound the eigenvalues of these
matrices, we obtain

> inf _ )
a2 o e ((yk,m Z |(gk/gl>|>

ler

B < sup (<gk>gk> + Z |(gk:91>|> - (22)

|I|=2K—1,k&I el

Therefore, for stable sampling, the condition § < oo is al-
ways satisfied; we only need to ensure o > 0. Without loss of
generality, we can suppose the columns of G to have unit norm;
i.e., ||gxll, = 1. Using the cumulative coherence functions that
were defined in [32] as

pm) = s Y (g )l

|T|=m, k&l =7

we see from (22) that A is a stable sampling operator in this case
if

(2K —1) < 1. (23)

It is easy to see that ui(m) < mpu, where p def

supy. [(9x»9,)| is called the coherence parameter [33].

3We have used the following equalities: Amin(G*G) = ¢2,,(G) and
Amax(G7G) = 05, (G).
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These coherence measures play a fundamental role in the com-
pressed sensing literature. In comparison with (23), the sharpest
available result in [32] shows under the stricter requirement

pr(K —1) +p(K) <1

that two efficient algorithms, basis pursuit, and orthogonal
matching pursuit, can reconstruct K-sparse signals exactly
from its sampling data.

E. Existence of Invertible Minimum Sampling Sets

In the case where X = |J S, is a countable union of sub-
~yer
spaces, the following proposition shows that the minimum sam-

pling requirement is achieved by a dense set of sampling vectors.
Proposition 6 (Existence of Invertible Sampling Operators):
Suppose that X = |J S, is a countable union of subspaces of

r
‘H, and suppose thaWtENmirl as defined in (14) is finite. Then the
collection of sampling vectors {¥ = {1/1n}iv=1 : U provides an
invertible sampling operator for X'} is dense in HNmin
Proof: Consider the following function that is defined for
each (v,60) € T' x T" as the determinant of the Gram matrix in
17); i.e.,

def

fq;,yﬂ (1/)1,. .. ,1,/)Nmi“) = det(G@mo’\p) (24)
_ (7,8)7 Vmin . S .
where @, = {¢,"},_;, is some basis for S, (if

dim(Sy,9) < Nmin then we augment its basis to a set of Nin
linearly independent vectors). From Proposition 4, ¥ provides
an invertible sampling operator if fgo_,(v1,...,%nN,..) # 0
for every (v,0) € T’ x I.

Due to the continuity of the inner products and the continuity
of determinant with respect to matrix entries, f@/_o is contin-
uous on H¥min | Define the set

Os., 4 {1, Npn) t fo, o (W1,
~ fal, (=00,0) U (0, +50)).

7,(/1Nn1in) 7é 0}
(25)

Since the set (—o0, 0)U(0, +00) is open and f is continuous,
O, , is open in H™=in. As shown in the Appendix, Og_ , is
also a dense set. Now the set of invertible sampling vectors O =

(1 Os, , isacountable intersection of dense open sets in
(v,0)er'xT
the complete metric space H™Vmi». Hence, by the Baire theorem
[34], O is dense in HNmin, n

As a nice application of this result, consider Example 4 of
sparse representations. Suppose H is a separable Hilbert space
and let {¢y,},-, be a countable basis for H. Then the set X of
all possible K-term representations as given in (4) using this
basis constitutes a countable union of subspaces of dimension
K in H. On the one hand, from Proposition 3, an invertible
sampling operator requires at least 2K sampling vectors. On the
other hand, from Proposition 6, the collection of 2K vector sets
{¢n}3£1 that provide invertible sampling operators is dense.

Similar existence results on invertible sampling operators
of this type were shown in the compressed sensing literature
[23]-[25], but only for finite unions of finite dimensional
subspaces. The result shown in Proposition 6 is more general
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in the sense that it allows to have an infinite dimensional
ambient space, as well as an infinite, but countable, number of
subspaces.

Note that Proposition 6 does not cover the case in Example
1 with streams of K Diracs, in which the index set A = RX is
not countable. As discussed in Section IV-C, only Tchebycheff
systems lead to invertible sampling operators.

V. UNION OF SHIFT-INVARIANT SUBSPACES

In this section, we consider the case where the ambient space
H = L%*(R) and the set X of signals of interest is a union of
infinite-dimensional shift-invariant subspaces.

A. Shift-Invariant Subspaces

A finitely-generated shift-invariant subspace in L?(R) is de-
fined as [35]

S@ = {:C(t) =

where ¢ = {d)k}le is called the set of generating functions of
Sp, and ¢ = {Ck77n}1<k<K,m€Z is called the coefficient set of
x(t). For expositional simplicity, we will set T = 1 by rescaling
the time axis.

To make the representation in (26) stable and unambiguous,
we require that the family of functions {$x (¢t — M)}, << i ez
form a Riesz basis of Sg [3], [35], [36]. This means that there
must exist positive constants 0 < agp < B¢ < oo such that

K
SN chmdr(t—mT):ce 12} (26)

k=1meZ

2

K

aslellf, < |1 D ckmbr(t —m) < Ballell7, @7
k=1meZ L2(R)

for all ¢ € lo, where [lc]|? = Y p ) ez lcrm|? is the

squared lo-norm of e¢. Note that this requirement implies any
function x(t) € Sg has finite energy and is uniquely and stably
determined by its coefficients ¢

Analogous to the dimension of a finite-dimensional subspace,
the length of a shift-invariant subspace S is defined to be the
cardinality of the smallest generating set for S [35]; i.e.,

def . K

len(S) = min {K : S can be generated by {¢x}r—1}. (28)

For example, for the space S¢ given in (26), we have len(Sg) =

K if the generating functions { QSk}f:l satisfy the Riesz basis
condition in (27).

A common approach to studying shift-invariant subspaces
is to consider the Fourier domain [10], [35], [36]. Taking the
Fourier transform of x(¢) in (26) and exchanging the order of
integrations, we have

Z /Ckm¢k t— ) —iwt gy

meZ

~

Cr(w)pr(w)

M 10

(29)

>
Il

1
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Y1(—t)

YN (1)

Fig. 3. Multi-channel sampling. The input signal #(t) is first filtered by a bank

of N filters, {¢n (—t)}iv:l, and then the sampling data are taken at time in-
stances m € Z.

def . . .
—i“tdt is the Fourier transform

where g (w) = [°7_ pi(t)e
of ¢x(t) and Cp(w) déf >, Clome 7™ is the discrete-time
Fourier transform of the sequence ¢x = {ckm},, cz- Using
(29), one can derive an equivalent Riesz basis requirement in
the Fourier domain. We refer to [10] and [36] for details.

B. Sampling Signals From a Union of Shift-Invariant
Subspaces

Now we consider the class of signals that can be modeled

as X = U Sa., where each subspace Sg_ is a shift-invariant
vel
subspace generated by a finite set of functions ®.,. We want to

sample signals from X’ by a sampling operator A characterized
by a set of sampling vectors {9, },,c »-

We consider the case where the set of sampling vectors takes
the form of {9, (t — m)}, <, < . mez- In this case, the sampling
procedure of computing (, %, (- — m)) can be efficiently im-
plemented by a bank of filtering followed by uniform pointwise
sampling, as illustrated in Fig. 3.

Specifically, by denoting &, (t) = ¥, (—t
the sampling data as

), we can express

i (- = m)) =

(@ % &n)(m).

In other words, {dy m },,c7 is the uniform sampling of the
function (z x &,)(t) in the classical sense. Applying the clas-
sical sampling formula in the Fourier domain (as obtained from
the Poisson summation formula), we can write the discrete-time

(30)

. def
Fourier transform of the sequence d,, = {dn m},, c7 a8

() Y dy e

meZ

= Z Z(w + 27rm)En (w + 27m).
meZ

(3D

Therefore, if 2(t) € Sg and is defined as in (26), then substi-
tuting (29) into (31), and noting that gn(w) = @n(w) and ¢ (w)
is a 2m-periodic function, we obtain

K _—_—
:Z Z Cr (w+27rm)$k (w+27rm)1//;n(w+27rm)
k;l meZ A A
:Z<Z ¢k(w+2ﬂ'm)1/)n(w+27rm)) e(w). (32)
k=1 \meZ
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This leads to a compact relation between the sam-

def

pling data d = {dum}ic,cnmez and coefficients

def . .
¢ = {chm}icpcrmez of ©(t) € S via a matrix-vector
multiplication in the Fourier domain

~

d(w) = Go.u(w)e(w) (33)
where 8(w) = (61(w),E(w),...,ex ()T and d(w) =

(31 (w), d2(w),...,dn(w))T are column vectors, and Gy (w)
is an N x K matrix with entries

def

{Gow(w)}, , = Z Pro(w + 27rm)m.

me”Z

(34)

Note that (33) and (34) closely resemble (16) and (17), and
thus we can consider G ¢ (w) as the Fourier-domain Gram ma-
trix between two sets of generating functions ® = {(;Sk(t)}kK:l

and W = {¢h, (£)}n_y-

C. Sampling Conditions for Union of Shift-Invariant
Subspaces

Using the results from Section III, we can derive the sampling

conditions for a union of shift-invariant subspaces X = |J 8‘?7
vyer

by considering subspaces §¢M Lef S, +Ss, . Clearly, :S':p,’ L 18
also a shift-invariant subspace that can be generated by the set of
functions ®., U ®4. Denote P ¢ as a set of generating functions
for a Riesz basis for g@/ o Thus, it follows from the definition in
(28) that | @, 4| = len(Ss._ ,) < len(Sy_ ) +len(Ss, ) =|0, |+
|®g|. Applying the relation given in (33), we can express Ay for
y € Se. , via a matrix-vector multiplication in the Fourier do-
main with the Gram matrix G , w(w) of size N x len(géw ).

Proposition 7: Suppose that the mapping A T

{,hn(- —m)) } << N.mez 18 an invertible sampling oper-
ator for X = J Sg. . Then
~v€r
N> Npin = sup len(Ss, ). (35)
(7,8)€TXT '

Proof: From Proposition 1, A is an invertible sampling
operator for X if and only if A is one-to-one on every Scpv_o,
(v,0) € T' x T. Hence, from the matrix-vector representation
given in (33), the invertible sampling condition is equivalent to
the Gram matrix Gg_ ,,w(w) having full column rank, which
implies that N > |<I>y o] = 1911(8.:1:. o) for every (v,0) €
I'xT. |

Proposition 7 provides an easy-to-compute minimum sam-
pling requirement N,,;,,, interpreted as the minimum number of
channels in the multi-channel sampling illustrated in Fig. 3, or
equivalently the minimum number of samples per unit of time,
for a union of shift-invariant subspaces. Using the same rea-
soning leading to Proposition 7, we can obtain the following
condition for invertible sampling, whose proof is omitted due to
similarity.

Proposition 8: Let ¥ = {1/1 }

tions and ®., 5 = {gb,(;”a)} o1 " be a set of generating functions

1 be a set of sampling func-
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of a Riesz basis for S, 5. Then {t),(- = m)}, <, < § ez PrO-
vides an invertible sampling operator for X = J Sq;. if and
ver
only if, for any choice of (,6) € I'xT, the corresponding Gram
matrix Gg_ , v(w) has full column rank for almost* every w.
Next, we will derive stability conditions for sampling.
For simplicity, similar to Proposition 5, we suppose that

{(]579)( —m)}1<k<K70m€Z is an orthonormal basis for

S<p o+ This assumption is made without loss of generality,
since, analogous to [36, Th. 4.1] on the existence and construc-
tion of the dual basis, we can always orthogonalize a set of
generating functions for a shift-invariant subspace to obtain an
orthonormal basis for it.
N
{d}n}n=

Proposition 9: Let ¥ =
pling functions and ®. ¢ {qb,(]’e)}k:lo be a set of gen-
erating functions of an orthonormal basis for S, 4. Then
{¥n(- = m)} << N mez Provides a stable sampling operator
for ¥ = |J So, if and only if

be a set of sam-

vyerl
def . 2
O<a = f - (G 36
O aesinl_ yomin (Gu @) GO
<L esssup 02,(Ga,u(w) <. (37)

(v,0)eT XTI we[—m,7]

Meanwhile, « and [, defined above, are the tightest stability
bounds. _

Proof: Suppose that y € S, and ¢ =
{ck, m}1<k<K7 . mez is the coefficients of 7. Since the

set of vectors { <;5 x )( 2 is an orthonormal

M h<r<ic, gme
basis of S%g, it follows that ||y||z2 = ||€l|i,-
Using the Parseval equality, we have

lel?, = Zn el = / () do
k=1_"_
1 oo
:%/ dw (38)
where €(w) & (&1(w), 22 (W), .- ., ., (w))T and €" (w) is the

conjugate transpose of ¢(w). Similarly, for sampling data Ay =
d = {dnm}1<p<nmez> We have

2 i /’\ 3
i, = 5= | @ (@)d(w)dw.

Since a(w) =Gy, v(w)e(w), we know from matrix theory
that for (almost) every w

~K ~
Tmin( G, 0,0 (W) € (w)E(w ) <d ( )d(w)
Trmasx (G, 0, 0(w) € (w)e(w).
4This technicality is due to the fact that, for some generating functions &,

and sampling functions W, the corresponding Gram matrix G'q>_y_ o.w(w) may
not have well-defined pointwise values on a set of measure zero.
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Therefore

(st o2, (s, o0(w) ) el < 41

we[—m,7]

< (esssup Trnax (G g0 (w ))> lellZ,

we[—m,7]

and the bounds are tight. Combining these bounds for all
(7,0) € T' x I and using Proposition 2, we obtain the desired
result. [ |

D. Case Study: Spectrum-Blind Sampling of Multiband Signals

To demonstrate the proposed theory of sampling signals from
a union of shift-invariant subspaces, we will revisit here the
problem described in Example 6, where the signals of interest
are multiband signals with unknown spectral support. Our dis-
cussions differ in style as well as in technical details from some
of the original results of Bresler ef al. [20]-[22], who first pro-
posed and studied the spectrum-blind sampling and reconstruc-
tion of these multiband signals.

As shown in Fig. 1(e), we partition the spectral span F =
[Winin, Wmax] into L equally spaced spectral cells {C’L}f:_o1 For
simplicity of exposition, we set Wmax — Wmin = 27 L (after
rescaling the time axis); each cell can then be specified as C; =
[Wmin + 274, Wimin + 27(i + 1)]. The signals to be sampled
have nonzero frequency values in at most K spectral cells (with
K < L), though we do not know the exact locations of these
cells.

Clearly, the signals of interest form a union of subspaces and
can be written as

xMB) _ U S(BL)
ver
where def {q1,92,.--,qx : 0 < qx < L} represents a set

of indices, specifying a possible choice of K, out of L, spectral
cells; F, def U Cq, is the finite union of these K cells; and

qrLEY
S(f];L) is the subspace of all continuous functions bandlimited
to
5

To apply the results in Section V-C, we consider the sub-
space S. 7,0 =Sx (BL) 4 Sy (BL , which consists of all continuous
functions bandhmlted to .72, 9 = F, U Fy. Let ¢;(t) represent
the function whose Fourier transform is the indicator function
1e, (w) of the ith cell, i.e.,

]lci (w)

~

¢i(w) =

We can then verify that the shift-invariant subspace gf%o
has an orthonormal basis {¢q, (- —m)},, . g mez> Where
yU# = {q1,q2, ..., qu} are the indices of the M different cells
in Fue. Since len(Sx_ ,) = M = |[yUf| < |y| + 10| = 2K
with equality when ~ and 6 are disjoint, it follows from the
minimum sampling requirement in Proposition 7 that we need
at least Np,;n = 2K samples per unit of time to determine
uniquely all signals from X' (™ B) from their sampling data. This
is twice the rate we would need if we possessed prior knowledge
about the frequency support. However, this minimum sampling
rate can still be much more efficient than the Nyquist rate,

0<i<L. (39)

2343

which is based on the entire bandwidth wy,,x — Win = 27 L
and, therefore, requires L(>> 2K') samples per unit of time.
Next, we will show that the previous minimum sampling rate
can be achieved, i.e., there exist suitable choices of 2K sampling
functions {1, }>, providing stable sampling for X (MB),
Proposition 10: The sampling process A : x
{{z, (- =m))} < <o mez 1S a stable sampling oper-
ator for the multiba_nd_signals XMB) if the Fourier transforms

—

~ -~ 2K
of the sampling functions ¥ = {9, (w)},_; are continuous
and form a Tchebycheff system on the interval [Wimin, Wmax)»
ie.,

@1(‘*11) 1/21(‘*12) 121@021()
det 7/)2(.011) 1/12(.w2) 1/12((4.)23') £0 (40)
{/;21(.(&11) 7//;21(.(&12) 1221( (.(UZK)

for all choices of wiin < W) < ws < -+ < wag < Wmax-
Proof: First, we substitute (39) into (34), and write the en-

tries of the Gram matrix as

{Go, 0@}, =D T, (Wt2rm)ih(w + 2rm) (41)

meZ

where gy, is the index of the kth cell in Fup, and 1 < k < 2K.
Since (41) represents a 2w-periodic function, we only
need to evaluate its values in one period. On the interval
W € [Wmin, Wmin + 27, we have

1, whenm = q

0, whenm # qi “2)

Ic,, (w+2mm) = {
and thus

{G<I>a,_o-,‘lf(w)}n,k = l//;n(w + 27qu)

for 1 < n,k < 2K. Consequently, the condition in (40)
simply implies that the Gram matrix Gg_, v(w) always has
full column rank.

Next, denote oy 6(w) = 02;,(Gs, , v(w)) and B, 6(w) =
022x(Ga. , v(w)). For any fixed (,6), we know from the full
rank property of Gg_ , v(w) that 0 < ay p(w) < Bye(w) <
00, for all w € [Wwin, Wmin + 27]. Since both a., (w) and
B-,6(w) are continuous functions of w (due to the assumption
that {ﬂ;n (w)} are continuous functions on [Wiyin , Wmax|), We can
further conclude that there exist o, ¢ and (3, ¢ (independent of
w) such that 0 < a9 < aq9(w) < By0(w) < By < 00, for
all w on the finite and closed interval [Wynin, Wmin + 27]. More-
over, since there is only a finite number of choices for (v, 6)
(corresponding to all possible configurations of choosing up to
2K cells out of L cells), we can find constants «, 3 such that
O0<a<a,s<pf,0<p < oo,forall (,8), which implies
the conditions in (36) and (37) for stable sampling. |

In the following, we glve two concrete examples of the sam-
pling functions {1, }n ; that satisfy the conditions required in
Proposition 10. The first is to consider

(W) = eI Tl (W),

where 1 (w) is the indicator function of the spectral span F. It
is easy to verify (from the property of the Vandermonde matrix)
that the determinant of the matrix in (40) is always different

1<n<2K (43)
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from zero. Since any function z(t) from X (MB) is bandlimited
within F, we can obtain from (30) that the resulting sampling
data can be written as

n—1
dn’m—$<m+ 7 )

for1 < mn < N and m € Z. This becomes exactly the original
sampling scheme proposed in [20], where the sampling data are
obtained by directly taking the pointwise values of the input
signal on a periodic nonuniform pattern | J,,_, |J,,cz(m+(n—
1)/L).

In the second example, we propose a new sampling scheme
that has not been considered in the previous work [20]-[22].
Let the sampling functions be Gaussian kernels defined (in the
Fourier domain) as

(44)

p(w)=e ™7 1<n<2K (45)
for some constant ¢ > 0. In this case, the matrix in (40)
becomes a (generalized) Vandermonde matrix, whose ele-
ments {e~“t/ az}ii{l are always distinct for arbitrary choice
of Wmin < w1 < wy < ++- < Warg < Wmax, as long as we
assume’ wy;y > 0. It then follows from Proposition 10 that the
proposed sampling vectors given in (45) can also provide stable
sampling for the multiband signals.

The sampling data in this case are d,, ., = (x(t)*¥,,(£))(m),
where the spatial domain sampling functions are ,(t) =
e=t'e"/(4n) | /52 [(AnT). Compared with the previous sam-
pling scheme shown in (44), the proposed new scheme differs
in two ways: first, instead of directly taking pointwise values,
the sampling data are now obtained by averaging the input
signals with Gaussian kernels; second, all the sampling data
in the new scheme are taken at the same sampling instances
(i.e., m € Z) without a timing shift. The latter property can be
desirable in practical implementations, since it eliminates the
need to carefully control the timing offsets between different
sampling cosets, which was required in the periodic nonuniform
sampling procedure in (44).

Finally, we would like to point out that the class of stable sam-
pling vectors for the multiband signals are not limited to the two
choices given in (43) and (45). As we have shown in Proposi-
tion 10, a set of 2K sampling functions provide stable sampling
for XM B) if their Fourier transforms are continuous and form a
Tchebycheff system on the interval w € [Win, Wmax]- The two
particular choices in (43) and (45) are just special cases of the
Tchebycheff systems, which contain many other possibilities as
mentioned in Section IV-C. This generalization about suitable
sampling functions opens door to greater flexibilities in the de-
sign of the sampling systems.

VI. CONCLUSION

We proposed a new sampling problem where the signals of
interest live on a union of subspaces. The first two questions out-
lined in Section II-A were addressed in this work, which involve
the feasibility and performance bounds of the proposed sam-
pling framework. The key geometrical viewpoint was to find a

5This assumption is made without loss of generality, since we can always

apply a frequency modulation to the signals before sampling, to make the as-
sumed condition hold.
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suitable sampling operator which projects the signals of interest
into a lower dimensional representation space while still pre-
serves all the information. Starting from the case of unions of fi-
nite-dimensional subspaces, we derived necessary and sufficient
conditions for such sampling operators to exist, and found the
minimum sampling requirement. Next, we extended all the re-
sults to the case of unions of infinite-dimensional shift-invariant
subspaces.

The proposed sampling framework for unions of subspaces
has close ties to the prior work of finite rate of innovation
sampling, compressed sensing/compressive sampling, and
spectrum-blind sampling, in which new results and derivations
were discovered. It is our hope that the proposed framework
can serve as a common ground and facilitate the interplay
between the above three lines of thinking. Moreover, the idea of
modeling signals as coming from unions of subspaces provides
a useful geometrical viewpoint for finite rate of innovation sam-
pling and suggests a path for extending the current compressed
sensing/compressive sampling work from discrete and finite
dimensional cases to continuous and infinite-dimensional cases
(e.g., by considering unions of shift-invariant subspaces).

APPENDIX
We will show that for a linearly independent set of vectors
O Lh po, ..., pn}, the set O defined in (25) is dense in

HN. Geometrically, this means that, given an N-dimensional
subspace, the set of N-dimensional subspaces onto which the
former subspace can be projected without losing dimensions is
dense.

Suppose that ‘IINdZOf {Y1,%2,...,9Nn} & Ogp. We will show
that there exists a W € Qg that is arbitrarily close to V. For the
Gram matrix G<I>7\p as defined in (17), its singular value decom-
position has the form

Goy = UAV*

where U and V are two unitary matrices, and A is a diagonal
matrix with real and non-negative entries. We can always find
another diagonal matrix As such that for all & > 0, A + aAs is
a diagonal matrix with real and positive entries.

Since {ﬁbn}g:l is a linearly independent set, it is easy to
verify that G ¢ is invertible. Let U =04+ aUAzV*G;’l@@.
Because the Gram matrix is linear with respect to its constituent
sets of vectors, we have

G’@,g =Gs,u + OéUAzV*G;}q;.G@;CI) =U(A+ ah2)V".

Thus, by construction det(G ® 5) # 0, which means =
Os. Since « can be arbitrarily srriall, we are done.
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