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POCS-based framework of signal reconstruction
from generalized non-uniform samples

Nguyen T. Thao, Member, IEEE, Dominik Rzepka, Member, IEEE, and Marek Miśkowicz, Senior Member, IEEE

Abstract—We formalize the use of projections onto convex
sets (POCS) for the reconstruction of signals from non-uniform
samples in their highest generality. This covers signals in any
Hilbert space H, including multi-dimensional and multi-channel
signals, and samples that are most generally inner products of the
signals with given kernel functions in H. An attractive feature of
the POCS method is the unconditional convergence of its iterates
to an estimate that is consistent with the samples of the input,
even when these samples are of very heterogeneous nature on
top of their non-uniformity, and/or under insufficient sampling.
Moreover, the error of the iterates is systematically monotonically
decreasing, and their limit retrieves the input signal whenever the
samples are uniquely characteristic of this signal. In the second
part of the paper, we focus on the case where the sampling kernel
functions are orthogonal in H, while the input may be confined
in a smaller closed space A (of bandlimitation for example).
This covers the increasingly popular application of time encoding
by integration, including multi-channel encoding. We push the
analysis of the POCS method in this case by giving a special
parallelized version of it, showing its connection with the pseudo-
inversion of the linear operator defined by the samples, and
giving a multiplierless discrete-time implementation of it that
paradoxically accelerates the convergence of the iteration.

I. INTRODUCTION

The reconstruction of bandlimited signals from non-uniform
samples is a difficult topic that has been studied since the
50’s [1], [2], [3], [4], [5], although its practical development
has remained somewhat limited. But this subject is currently
attracting new attention with the increasing trend of event-
based sampling in data acquisition [6], [7], [8], [9], [10]. This
approach to sampling has grown in an effort to simplify the
complexity of the analog sampling circuits, lower their power
consumption and simultaneously increase their precision. This
is made possible in particular by the replacement of amplitude
encoding by time encoding, which takes advantage of the
higher precision of solid-state circuits in time measurement.
Time encoding has however induced the use of non-uniform
samples that were not commonly studied in the past literature.
A well-known example is the time encoder of [11] which
acquires the integrals of an input signal over successive non-
uniform intervals and makes use of a special algorithm intro-
duced in [4] for signal reconstruction. While a breakthrough
in time encoding, this invention has however the shortcomings
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Fig. 1. Multi-channel system of time-encoding machines (TEM) from [23],
[9].

of strict conditions for the convergence of the algorithm and
a limited potential for generalizations to other types of non-
uniform sampling such as, for example, leaky integrate-and-
fire encoding [12] (as pointed in [13]).

The method of projection onto convex sets (POCS) was
initially introduced in [14] for signal reconstruction from non-
uniform point samples. But it was later deemed a slow method
in [4] and since then has not retained much attention in
sampling. Interest in this method however got more recently
revived with the following features and events: 1) the time-
encoding reconstruction algorithm of [11] was improved in
[15] by an adaptation of the POCS algorithm with a similar
rate of convergence but unconditional convergence and a
lower computation complexity; 2) the inherent versatility of
the POCS method makes it an attractive candidate in the
current trend of event-based sampling, which is pushing the
use of non-standard sampling schemes of various nature and
complexity; 3) there exists a pool of POCS techniques that
has been developed over decades [16], [17], [18] but has not
been extensively exploited in non-uniform sampling, while
the Kaczmarz method [19] as a particular case of the POCS
algorithm is independently attracting attention in big data [20],
[21], [22]. An example of versatility of the POCS method is
its application in [23], [9] to the multi-channel time encoding
system shown in Fig. 1.

With this recent comeback of the POCS method in nonuni-
form sampling, the purpose of this article is to take some
distance and reflect on what this method can fundamentally
achieve in this problem at the highest possible level of
generality. This method is applicable in any abstract Hilbert
space H, separable or not. Whenever an input signal x ∈ H

is known to be in the intersection of closed convex subsets of
H, the POCS method can systematically find an element in
this intersection as an estimate of x. This is the case when an
encoder extracts from x a sequence of samples (sk)k∈Z of the
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form
sk := 〈x, hk〉, k ∈ Z (1)

where 〈·, ·〉 is the inner product of H and (hk)k∈Z is a
known collection of functions in H. Indeed, this tells us
that x belongs to the intersection of the affine hyperplanes
Ck := {v ∈ H : 〈v, hk〉 = sk}, which are a particular case
of closed convex sets. When x is additionally known to be
in a closed subspace A of H of “limited freedom”, such as
bandlimitation, this subspace is naturally to be incorporated
by the POCS method among the convex sets. In the basic
sampling situation where x is a bandlimited function x(t)
and sk = x(tk) at some instant tk, then sk does yield the
form of (1) where hk(t) is a sinc function shifted by tk.
But as (1) refers to a more general situation, we call 〈x, hk〉
a generalized sample of x [24] and hk the corresponding
sampling kernel function. We give in Section II an overview of
concrete non-uniform sampling examples that are covered by
the formalism of (1). This includes point sampling, derivative
sampling, integrate-and-fire encoding, asynchronous Sigma-
Delta modulation (ASDM) with bandlimited signals in L2(R)
or more generally L2(RN ) or (L2(R))N . In the remainder of
the paper, we then elaborate on the specific contributions of
the POCS method in the general setting of (1).

Section III is an overview of the basic principles of the
POCS method and its various versions when applied to (1)
with x in a closed subspace A as only extra assumption.
When Z is finite, which is always the case in practice, an
outstanding property of the POCS method is the systematic
convergence of its iteration, contrary to the algorithm of [11],
whether perfect reconstruction is theoretically possible or not.
More specifically, it tends to the estimate that is closest to
the initial iterate while being consistent with the samples of
x. This automatically leads to perfect reconstruction whenever
the samples are uniquely characteristic of x, whether one is
able to prove this situation or not. Meanwhile, there is no
restriction on the type of samples that can be used. One can for
example mix samples from derivatives of the input of various
orders together with integral values. For illustration, we show
an experiment of perfect reconstruction from input extrema
whose density is below the Nyquist rate. This is possible as
the 0-derivative property of extrema has the effect to double
the number of samples in the generalized sense.

In the second part of the paper, we focus on the special case
where the sampling kernel functions (hk)k∈Z are orthogonal
in H while x remains in the smaller space A. This is a case
of importance as this includes the time-encoding machine
of [11], leaky integrate-and-fire encoding [12], as well as
multi-channel time encoders such as those introduced in [25],
[23], [9]. This special case turns out to exhibit a number
of outstanding properties, that were initially noted in [15],
[13] for the time-encoding scheme of [11]. These properties
include a special parallelized version of the POCS method,
its unconditional convergence even when Z is infinite, its fun-
damental connection to the Moore-Penrose pseudo-inversion
of the linear operator u ∈ A 7→ (〈u, hk〉)k∈Z (after some
normalization), a rigorous and simple DSP discretization of
the iterative part of the method that is applicable even when

the subspace A is of uncountable infinite dimension (case of
non-separable Hilbert space), and a multiplierless variant of it
that paradoxically accelerates the convergence. This is covered
in Sections IV, V and VI. In Section V in particular, we show
how the multi-channel time-encoder of [23], [9] concisely fits
in this framework, thus inheriting all of the above properties
and features.

II. GENERALIZED SAMPLING EXAMPLES

A. Basic point sampling in L2(R)

In the basic framework of sampling, H is the space L2(R)
of square-integrable functions equipped with the inner product

〈u, v〉 :=

∫
R
u(t)v(t) dt, u(t), v(t) ∈ L2(R),

and A is a space of bandlimited signals. Up to a change of
time unit, one can always assume that A is equal to the space
B of bandlimited signals of Nyquist period 1. Then the most
basic example of sampling consists in acquiring from an input
x(t) ∈ B the scalar values

sk := x(tk), k ∈ Z (2)

where Z is some set of consecutive integers, and (tk)k∈Z is
some increasing sequence of instants. In the present context
of non-uniform sampling, these instants are not assumed to
be equidistant. Since x(t) = sinc(t) ∗ x(t) where ∗ is the
convolution product and

sinc(t) := sin(πt)/(πt),

we also have sk = (sinc ∗ x)(tk) =
∫
R sinc(tk − t)x(t) dt.

Then sk can be put in the form of (1) with

hk(t) := sinc(tk− t) = sinc(t− tk), k ∈ Z.

B. Examples of generalized sampling in L2(R)

One can consider more generally samples of the type

sk := (fk ∗ x)(tk), k ∈ Z (3)

where (fk(t))k∈Z is some family of functions in L2(R). With
some similar derivation, sk yields the form of (1) with

hk(t) := fk(tk− t), k ∈ Z. (4)

In this generalization, we see two generic examples.
1) Derivative sampling: This is the case where derivatives

of x(t) of arbitrary orders are sampled, giving a sequence of
the type

sk :=
dnkx

dtnk
(tk), k ∈ Z (5)

where (nk)k∈Z is some sequence of non-negative integers
and (tk)k∈Z may be more generally monotonically increasing
(allowing for example tk+1 = tk with nk+1 6= nk). This is
the particular case of (3) where

fk(t) :=
dnksinc

dtnk
(t), k ∈ Z.



3

Given the even symmetry of sinc(t), the resulting function
hk(t) of (4) is

hk(t) = (−1)nk
dnksinc

dtnk
(t− tk), k ∈ Z. (6)

The samples of (2) are themselves the particular case of (5)
where nk = 0 for all k ∈ Z.

2) Integrate-and-fire sampling: In this case, the samples are
of the type

sk :=

∫ tk

tk−1

f(tk− t)x(t) dt, k ∈ Z (7)

where f(t) is some function in L2(R). This is the particular
case of (3) where

fk(t) :=

{
f(t) , 0 ≤ t < tk− tk−1

0 , otherwise .

Meanwhile, one can see directly from (7) that sk yields the
form of (1) with

hk(t) :=

{
f(tk− t) , t ∈ [tk−1, tk)

0 , otherwise . (8)

A well-known case is leaky integrate-and-fire encoding (LIF)
where

f(t) := e−αt

for some constant α ≥ 0. In the case α = 0, the samples are
of the simple form

sk :=

∫ tk

tk−1

x(t) dt, k ∈ Z (9)

which is also the type of samples that one can extract from
an asynchronous Sigma-Delta modulator (ASDM) [11], [15].

C. Examples with more sophisticated signal spaces

1) Multi-dimensional signals: This is the case where H =
L2(RN ). Each element x in this space is a scalar function x(t)
where t ∈ RN . The space A is then a subspace of bandlimited
functions in the sense of the N -dimensional Fourier transform.
The case N = 2 has been of particular interest for image
processing [26], [27] but has been limited to point samples
sk = x(tk) where (tk)k∈Z is a sequence of RN .

2) Multi-channel signals: This applies to the system shown
in Fig. 1 and introduced in [23], [9]. Formally in this case,
H = (L2(R))M and A is a subspace of BM . We will study
this example in depth in Section V.

III. POCS METHOD

We now return to the general sampling setting of the
introduction and give an overview of how the POCS method
can be used to reconstruct or estimate an input signal x in a
closed subspace A of H from samples of the type (1).

A. Consistent estimates

Looking for an estimate u of x, one wishes to make sure that
u is at the least consistent with the samples of x, meaning that
〈u, hk〉 = sk for all k ∈ Z. This is a natural requirement when
the samples (sk)k∈Z are uniquely characteristic of x. But there
is also a rational reason for doing so when the solution to (1)
is not unique. From a set theoretic viewpoint, u is consistent
if and only if it is in the set

S :=
⋂
k∈Z

Sk where Sk :=
{
v ∈ A : 〈v, hk〉 = sk

}
, k ∈ Z.

(10)
Now, because S is the intersection of affine hyperplanes of
A, it is a closed affine subspace of A (meaning the translated
version of a closed linear subspace of A). As S contains x, it
then follows from the Pythagorean theorem that the distance of
u to x is automatically reduced by projecting u orthogonally
to S (see Fig. 2 with V = S). Denoting the norm of H by
‖ · ‖ and calling PV the orthogonal projection onto any given
closed affine subspace V, we have formally

x ∈ V and u /∈ V ⇒ ‖PVu− x‖ < ‖u− x‖. (11)

So if u /∈ S, there is at least theoretical knowledge to improve
it as an estimate of x. Meanwhile, if u ∈ S, there is no more
deterministic knowledge to discriminate it from x.

In practice, there is unfortunately no closed-form expression
for PS. However, if u /∈ S, there exists at least some k ∈ Z
for which u /∈ Sk. Then (11) is valid for V := Sk. Thus, PSk

automatically reduces the estimation error of u. This time, PSk

yields the following simple expression.

Proposition 3.1: For all u ∈ H,

PSk
u = Pku := ũ+

sk − 〈ũ, hk〉
‖h̃k‖2

h̃k (12)

using the general notation

ũ := PAu, u ∈ H. (13)

Proof: The following property will be needed,

∀u ∈ H, v ∈ A, 〈u, v〉 = 〈ũ, v〉 (14)

which is true since u−ũ is by construction orthogonal to A and
hence to v. Let w be the right hand side of (12). We just need
to verify that w ∈ Sk and u−w ⊥ w−v for all v ∈ Sk. It is first
clear that w ∈ A. Then 〈w, hk〉 = 〈w, h̃k〉 = 〈ũ, h̃k〉+ (sk −
〈ũ, hk〉) = sk as a result of (14) again. So w ∈ Sk. Next, for
any v ∈ Sk, 〈u−w,w−v〉 = 〈ũ−w,w−v〉 = −αk〈h̃k, w−v〉
where αk is the coefficient of h̃k in (12). But 〈w−v, h̃k〉 =
〈w−v, hk〉 = sk − sk = 0.

Note that in certain cases such as in (6), hk is by construction
in A, so that h̃k = hk. This is however not the case of (8).

B. Alternating projections

A single projection Pku is only able to fix the kth sample
of u. To obtain an estimate in S = ∩k∈ZSk, a natural attempt
is to perform an iteration of the type

u(n+1) = Pk(n)u(n) (15)
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where (k(n))n≥0 is some sequence of indices in Z. As PVu =
u when u ∈ V, what can be claimed from (11) is that the
estimation error ‖u(n)−x‖ will at least monotonically decrease
with n. If one makes sure that the sets

Ik := {n ≥ 0 : k(n) = k}

are infinite for every k ∈ Z, then one can further guarantee that
‖u(n)− x‖ will stop decreasing only when u(n) is effectively
in S.

When Z is finite, it is known that u(n) does eventually
converge to an element of S

lim
n→∞

u(n) = u(∞) ∈ S (16)

under the stronger condition that (k(n))n≥0 is “almost cyclic”,
which means that the distance between every consecutive
elements of Ik is bounded for each k ∈ Z. This results from
the general theory of projections onto convex sets (POCS)
[16], [17], affine sets being a particular case of convex sets.
Of course, u(∞) = x when x is the only element of S. In
other words, when the samples (sk)k∈Z uniquely characterize
the input x, the POCS iteration of (15) leads to perfect
reconstruction. When S is not a singleton, it is actually known
that

u(∞) = PSu
(0) (17)

because the subspaces Sk are affine. Qualitatively, u(∞) is the
element of S that is closest to the initial estimate u(0) with
respect to the norm of H. If one chooses u(0) = 0, then u(∞)

is the minimal norm element of S.
Because Sk is more specifically a hyperplane of A, the

iteration of (15) with a finite set Z also falls in the description
of the Kaczmarz method within the space A (note that
u(n) ∈ A for all n ≥ 1 regardless of u(0)). The original
version of this method is the case where (k(n))n≥0 is “cyclic”
[19], which amounts to saying that the elements of Ik are
exactly equidistant of period cardZ for each k ∈ Z. This was
first applied in the basic non-uniform sampling case of (2) in
[14]. Because of the slow convergence, some other sequences
(k(n))n≥0 were discussed in [4] in this specific application.
Randomly generated sequences (k(n))n≥0 were also proposed
in [20] to accelerate the convergence. But (16) was shown only
in a probabilistic sense and under uniqueness of reconstruction.

When Z is infinite, there is no general result of convergence
in the sense of (16). However, the following weaker conver-
gence

∀k ∈ Z, lim
n→∞

〈u, h(n)

k 〉 = sk

is obtained under an extended version of the “almost cyclic”
condition (where the bound on the distance between every
consecutive elements of Ik may depend on k ∈ Z) [18].

C. Relaxed projections

The estimation error reduction of (11) is in fact more
generally realized by a relaxed version of PV. For any trans-
formation P and λ ∈ R, let

Pλu := λPu+ (1− λ)u

= u+ λ(Pu− u). (18)

Then, a more general version of (11) is

x ∈ V and u /∈ V ⇒ ∀λ ∈ (0, 2), ‖PλVu− x‖ < ‖u− x‖.
(19)

This can be seen in Fig. 2 and is easy to prove from the
Pythagorean theorem. Meanwhile, Pλu is still equal to u
when u ∈ V for any λ. The iteration of (15) is then naturally
generalized to

u(n+1) = Pλ
(n)

k(n) u
(n) (20)

where (λ(n))n≥ is a sequence of relaxation coefficients in
(0, 2). When these coefficients are more strictly in an interval
of the type [ε, 2−ε] for some constant ε ∈ (0, 1], then all
the convergence results of Section III-B are known to remain
valid. This additional relaxation freedom permits in practice
an acceleration of the convergence. There is however little
analytical guideline on how to optimally adjust (λ(n))n≥0.

D. More sophisticated POCS methods

There exists a large number of more sophisticated POCS
methods aiming at accelerating the convergence. A generic
technique of interest is the parallel use of multiple projections
at each iteration. This involves transformations of the type

Pµ
Ku = u+

∑
k∈K

µk(Pku− u) (21)

where K is some subset of Z and µ = (µk)k∈K is some
sequence of coefficients. A basic version is to have positive
coefficients µk such that

∑
k∈Z µk ∈ [ε, 2−ε]. This amounts

to having Pµ
K equal to a convex combination of individual

relaxed projections Pλk [17].
Whenever possible, a technique to further accelerate the

convergence is to decide at each iteration what transformation
to apply on u(n) depending on its position with respect to the
sets (Sk)k∈Z. In the serial case of (15), a greedy approach is to
choose for k(n) at each iteration n the index k that minimizes
‖Pku(n)−x‖. By the Pythagorean theorem, this is equivalent to
maximizing ‖Pku(n)−u(n)‖, which amounts to choosing the set
Sk that is “most remote” from u(n). With the parallel scheme
of (21), an adaptive approach allows to choose coefficients
µk of substantially larger magnitudes and leading to dramatic
convergence accelerations [18]. But adaptive schemes inher-
ently imply an overhead of computation complexity which
may not be compatible with certain conditions of real-time
signal processing.
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Fig. 3. Mean squared error of iterates of the POCS method for the
reconstruction of input signals from their extrema.

E. Numerical experiments

We show in Fig. 3 experimental results of the POCS
iteration in the case of extrema sampling. We assume that
the encoder extracts from a bandlimited signal x(t) the time
location τi and the amplitude value ai of its ith local ex-
tremum. Formally, this amounts to providing samples sk of
the type (5) where for every i, (n2i, t2i, s2i) = (0, τi, ai) and
(n2i+1, t2i+1, s2i+1) = (1, τi, 0), since the derivative of x(t)
at its extrema locations is 0. We recall that sk is of the form
(1) where hk(t) is given by (6). In the experiment, we work
with randomly generated bandlimited inputs that are periodic
over an interval of length 41, assuming the Nyquist period is
1, and have exactly Ne = 36 extrema over one period to obtain
precise statistics. To achieve such a high number of extrema,
we set the input spectrum to be linearly increasing with the
frequency within the bandwidth. For each input x(t), we
perform the POCS iteration of (20) with k(n) := n mod 2Ne

(cyclic control), λ(n) := 1 for n even, and λ(n) := λ for n odd
and some constant λ. We recall that Pλk is given by (12) and
(18). Taking u(0)(t) to be the bandlimited version of the linear
interpolation of the extrema, we measure the relative error
‖u(n)−x‖2/‖x‖2 at the beginning of each iteration cycle, i.e.,
when n is a multiple of 2Ne, average this over 500 inputs,
and report the result in Fig. 3 versus the number of iteration
cycles for various choices of the constant λ.

The case λ = 0 shown in curve (a) amounts to using the
extrema only as point samples and ignoring their 0-derivative
property. This is a situation of sub-Nyquist sampling since only
34 samples are available for 41 Nyquist periods. As expected,
the error cannot tend to 0. With λ = 1, the POCS iteration
amounts to the unrelaxed version of (15), with 2×34 = 68
generalized samples. This is way above the Nyquist rate and
yields the MSE decay of curve (b). As seen with curves (c)
and (d), using a relaxation coefficient λ ∈ (1, 2] accelerates
the convergence.

IV. ORTHOGONAL SAMPLING KERNEL FUNCTIONS

In the example of integrate-and-fire sampling in Section
II-B2, we saw that the samples (sk)k∈Z yield the generic
form of (1) with functions (hk(t))k∈Z of non-overlapping

time supports as seen in (8). Thus, (hk(t))k∈Z is orthogonal
in L2(R). Back in the general space setting of this paper,
we show in this section that having an orthogonal family
of sampling kernel functions (hk)k∈Z in H allows a simpler
version of POCS iteration for signal reconstruction, with a
number of outstanding properties concerning convergence and
implementation. All our derivations in this section allow an
infinite set Z.

A. Special POCS configuration

One can always rewrite the set S = ∩k∈ZSk of (10) as

S = A ∩ Cs (22)

where
Cs :=

{
v ∈ H : ∀k ∈ Z, 〈v, hk〉 = sk

}
(23)

and s symbolizes the sequence (sk)k∈Z. Therefore, an alter-
native POCS method would be the iteration of

u(n+1) = PAPCsu
(n), n ≥ 0. (24)

But like PS, one has in general difficult access to the projection
PCs . Now, the outstanding contribution of having an orthogo-
nal family of sampling kernels (hk)k∈Z is that PCs becomes
directly accessible with the following closed form expression.

Proposition 4.1: Assuming that (hk)k∈Z is orthogonal in H,

∀u ∈ H, PCsu = u+
∑
k∈Z

sk − 〈u, hk〉
‖hk‖2

hk. (25)

Proof: For any given j ∈ Z, 〈hj , hk〉 is equal to ‖hj‖2
when k = j and 0 otherwise. Calling w be the right hand side
of (25), we then obtain 〈w, hj〉 = 〈u, hj〉+(sj−〈u, hj〉) = sj
for any j ∈ Z. So w ∈ Cs. Let v ∈ Cs. For any k ∈ Z,
〈w−v, hk〉 = sk − sk = 0. Meanwhile, it is clear that u − w
is a linear combination of (hk)k∈Z. So 〈u−w,w−v〉 = 0 for
any v ∈ Cs. Thus, w = PCsu.

The above proof was mainly an algebraic verification. Here are
some additional explanations on the convergence and meaning
of the sum in (25). This result is equivalent to

∀u ∈ H, PCsu = u+
∑
k∈Z

(
ŝk − 〈u, ĥk〉

)
ĥk. (26)

where

ĥk := hk/‖hk‖ and ŝk := sk/‖hk‖, k ∈ Z. (27)

But as ŝk = 〈x, ĥk〉, then∑
k∈Z

(
ŝk − 〈u, ĥk〉

)
ĥk =

∑
k∈Z
〈x−u, ĥk〉 ĥk.

Since (ĥk)k∈Z is orthonormal in H, not only this sum is
convergent, but it is also precisely the orthogonal projection
of x− u onto the closed space linearly spanned by (ĥk)k∈Z.

The estimation error ‖u(n)−x‖ is strictly decreasing as long
as u(n) /∈ A ∩ Cs. In all cases,

lim
n→∞

u(n) = u(∞) = PA∩Cs u
(0). (28)

Contrary to the iteration of (15), this convergence is uncondi-
tional when A ∩ Cs 6= ∅ even when Z is infinite. Assuming
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that u(0) is chosen in A, the iterates u(n) of (24) remain in A

for all n ≥ 0. It then follows from (26) and (24) that

∀u ∈ A, PAPCsu = u+
∑
k∈Z

(
ŝk − 〈u, ĥk〉

) ˜̂
hk (29)

where ˜̂hk := PAĥk according to the notation of (13).

Remark: Using (14) and (27), the projection Pku of (12) can
be put for all u ∈ A in the form

Pku = u+
sk − 〈u, hk〉
‖h̃k‖2

h̃k = u+
ŝk − 〈u, ĥk〉

µk

˜̂
hk

where µk := ‖h̃k‖2/‖hk‖2. Thus, PAPCs yields the equivalent
expression

∀u ∈ A, PAPCsu = u+
∑
k∈Z

µk(Pku− u). (30)

This is the parallel-projection form of (21) with K = Z and
coefficients µk that are in (0, 1] by Bessel’s inequality.

B. Linear operator presentation
The POCS iteration limit of (28) is guaranteed when A∩Cs

is non-empty. In practice however, the sampling sequence s =
(sk) ∈ Z is not exactly obtained by (1) due to inherent noise.
The problem is that the iteration (24) is consistent with (1).
As a result, A ∩ Cs might be empty and it is no longer clear
what is the behavior of u(n) at the limit. As u(n) from (24)
can be presented as

u(n) = (PAPCs)nu(0), n ≥ 0,

the goal is to study the dependence of limn→∞(PAPCs)nu(0)

with both the initial estimate u(0) and the sequence s, regard-
less of how s has been produced. This analysis is facilitated as
PAPCs is affine, i.e., linear plus a fixed translation. Its linear
part is extracted by defining the following linear operators

Ŝ : A → `2(Z)

u 7→
(
〈u, ĥk〉

)
k∈Z

and Ŝ∗ : `2(Z) → A

c 7→
∑
k∈Z

ck
˜̂
hk

(31)
where `2(Z) is the space of square-summable sequences
c = (ck)k∈Z. By Bessel’s inequality, we have not only the
guarantee that the range of Ŝ is in `2(Z), but also that Ŝ is
bounded of norm ‖Ŝ‖ ≤ 1. Then (29) can be presented as

∀u ∈ A, PAPCsu = u+ Ŝ∗(̂s− Ŝu) (32)

where
ŝ := (ŝk)k∈Z = (sk/‖hk‖)k∈Z. (33)

We call ŝ the normalized version of the sampling sequence s.
The notation Ŝ∗ has been used because it is exactly the adjoint
of Ŝ. To see this, note first that 〈u, ĥk〉 = 〈u, ˜̂hk〉 for all u ∈ A

from (14). Then, denoting the canonical inner product of `2(Z)
by 〈·, ·〉2, we have for any u ∈ A and c ∈ `2(Z),

〈Ŝu, c〉2 =
∑
k∈Z
〈u, ˜̂hk〉ck =

〈
u,
∑
k∈Z

ck
˜̂
hk

〉
= 〈u, Ŝ∗c〉. (34)

Next, as (57) can be equivalently presented as PAPCsu =
(I − Ŝ∗Ŝ)u + Ŝ∗ŝ for all u ∈ A, where I is the identity
operator, the linear part of PAPCs is then I − Ŝ∗Ŝ, which is
self-adjoint.

C. Theorem of POCS iteration limit

Before finding the limit of (PAPCs)nu(0), it is first interest-
ing to characterize the emptiness condition of A∩Cs in terms
of the operator Ŝ. As the set Cs from (23) can be equivalently
described as

Cs =
{
v ∈ H : ∀k ∈ Z, 〈v, ĥk〉 = ŝk

}
,

one sees that

A ∩ Cs =
{
v ∈ A : Ŝv = ŝ

}
. (35)

Thus,
A ∩ Cs = ∅ ⇔ ŝ /∈ ran(Ŝ)

where ran(Ŝ) designates the range of Ŝ. The next the-
orem gives conditions under which the convergence of
(PAPCs)nu(0) is maintained and gives two characterizations
of its limit.

Theorem 4.2: Assume that ran(Ŝ) is closed. Then, for any
u(0) ∈ A and any sequence s such that ŝ ∈ `2(Z),

lim
n→∞

(PAPCs)nu(0) = PA∩Cs̄ u
(0) (36)

= u(0) + Ŝ†(̂s− Ŝu(0)) (37)

where
• s̄ is the sequence whose normalized version ˆ̄s is the

orthogonal projection of ŝ onto ran(Ŝ),
• Ŝ† is the Moore-Penrose pseudo-inverse of Ŝ [28].

By definition,

Ŝ†c := argmin
v∈Mc

‖v‖, c ∈ `2(Z) (38)

where
Mc :=

{
v ∈ A : ‖Ŝv − c‖2 is minimized

}
(39)

and ‖·‖2 is the canonical norm of `2(Z). We prove this theorem
in Appendix A. When ŝ ∈ ran(Ŝ), then s̄ = s, so (36) is
just the same as (28) and the proof focuses on (37). When
ŝ /∈ ran(Ŝ), it then shows that (36) and (37) hold based on
the fundamental property of adjoint operators

null(Ŝ∗) = ran(Ŝ)⊥ (40)

where null(Ŝ∗) is the null space of Ŝ∗. This in fact directly
results from (34). The characterization (37) was previously
proved in [15], [13], but only for u(0) = 0 and with operators
of different normalization settings.

The closed property of ran(Ŝ) is necessary for s̄ to be
defined. In the pseudo-inversion interpretation, this property
is necessary for ‖Ŝv − c‖2 to have a minimum with respect
to v ∈ A. It is by default realized when Z is finite, which
is always the case in practice. In this case also, `2(Z) is
just RZ equipped with its Euclidean norm, so any sequence
s = (sk)k∈Z is allowed by the theorem.

D. Dual interpretation of POCS iteration limit and impact

Theorem 4.2 gives two interpretations of the POCS iteration
limit u(∞).
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1) Set theoretic interpretation: When A∩Cs is non-empty,
we know from (28) that u(∞) is the element of this set that
is closest to u(0). When A ∩ Cs is empty, the POCS iteration
behaves as if this set has been replaced by A ∩ Cs̄ where s̄
is the closest possible sequence to s after normalization while
ensuring a non-empty set A ∩ Cs̄. Due to the normalization,
the distance between s̄ and s that is minimized is the square
root of

∑
k∈Z |̄sk − sk|2/‖hk‖2.

2) Operator theoretic interpretation: From an operator-
theoretic viewpoint, (1) tells us that ŝ = Ŝx. When u(0) is
chosen to be 0, it follows from (37) that u(∞) = Ŝ†ŝ. Thus,
the POCS method coincides with the standard procedure of
solving a linear equation by pseudo-inversion. A consequence
of interest is the dependence of u(∞) with sampling noise.
In practice, the samples are more generally of the form
sk = 〈x, hk〉+ ek where e = (ek)k∈Z is some unknown error
sequence. In this case,

ŝ = Ŝx+ ê and u(∞) = Ŝ†ŝ = Ŝ†Ŝx+ Ŝ†ê

by linearity of S†, where ê is the normalized version of e.
While Ŝ†Ŝx is the error-free reconstruction (equal to x when Ŝ
is injective), Ŝ†ê is the error contribution of the sampling noise
to the reconstruction. Now, as shown in Appendix A, Ŝ†ê =
Ŝ†ˆ̄e, where ˆ̄e is the orthogonal projection of ê onto ran(Ŝ).
By Bessel’s inequality, ‖ˆ̄e‖2 ≤ ‖ê‖2 (with a strict inequality
when ê /∈ ran(Ŝ)). Thus, pseudo-inversion has a sampling-
noise filtering effect. Meanwhile, as ˆ̄e ∈ ran(Ŝ), ˆ̄e cannot be
distinguished from the normalized sampling sequence of an
actual signal in A. So the error component ˆ̄e is irreversible.

E. Discrete-time implementation of iteration

As a result of (32), the iteration of (24) is explicitly

u(n+1) = u(n) + Ŝ∗(̂s− Ŝu(n)), n ≥ 0 (41)

assuming u(0) ∈ A. In practice, this is an iteration of
continuous-time functions. Now, whether the space A has a
countable dimension or not, there is a way to obtain u(n) by a
pure discrete-time iteration in `2(Z). Let s = (sk)k∈Z be the
given sequence of samples and ŝ be its normalized version as
defined by (33). For any given initial estimate u(0), consider
the system iteration

c(n+1) = c(n) + (̂s− Ŝu(0))− ŜŜ∗c(n) (42a)

u(n) = u(0) + Ŝ∗c(n) (42b)

for n ≥ 0 with c(0) := 0, the zero vector of `2(Z). We have

u(n+1) = u(0) + Ŝ∗c(n+1)

= u(0) + Ŝ∗c(n) + Ŝ∗
(
ŝ− Ŝ(u(0)+Ŝ∗c(n))

)
= u(n) + Ŝ∗(̂s− Ŝu(n)).

Thus u(n) reproduces the recursion of (41) for the given initial
estimate u(0). The outstanding contribution of (42) is that
c(n) ∈ `2(Z) for all n ≥ 0. So (42a) is a pure discrete-time
iteration. In it, ŝ − Ŝu(0) is a fixed sequence in `2(Z) which
just needs to be computed once. Meanwhile, Ŝ∗Ŝ can be seen
as a square matrix of coefficients

ŜŜ∗ =
[
〈˜̂hk′ , ĥk〉]

(k,k′)∈Z×Z
(43)

which also needs to be determined once. In practice, if one
aims at the estimate u(m), then one only needs to iterate (42a)
alone m times, and then perform the conversion of (42b) from
discrete time to Hilbert space function, only once at n = m.

V. MULTI-CHANNEL ORTHOGONAL SAMPLING

In this section, we illustrate the theoretical power of Section
IV by applying it to the POCS method used in [23], [9] for
the multi-channel time-encoding system of Fig. 11. In this
process, we reformalize these references, while uncovering
fundamental and practical consequences behind their method.

A. System description

The time-encoding system of [23], [9] assumes that the
source signals are multidimensional bandlimited functions

y(t) = (y1(t), · · ·, yM (t)) ∈ BN .

Next, instead of sampling the functions yi(t) individually, the
system first expands y(t) into a redundant representation

x(t) := Ay(t), t ∈ R

where A is a full rank M×N matrix with M ≥ N . The signal
x(t) is thus of the form

x(t) = (x1(t), · · ·, xM (t)), t ∈ R.

Each component xj(t) is then processed through an ASDM-
based time-encoding machine which outputs a sequence of
spikes located at some increasing time instants (tij)j∈Zi

,
where Zi is some index set of consecutive integers. From the
derivations of [11], this provides the knowledge of successive
integral values

si,j :=

∫ tij

tij−1

xi(t) dt, j ∈ Zi. (44)

The work of [23], [9] uses a POCS iteration to retrieve x(t),
before y(t) is recovered with the relation

∀t ∈ R, y(t) = A+x(t)

where A+ is the matrix pseudo-inverse of A.

B. Signal and system formalization

The POCS method of [23], [9] formally takes place in
the Hilbert space H := (L2(R))M . Each element u ∈ H

is a function of time u = u(t) = (u1(t), · · ·, uM (t)). The
canonical inner product of H is defined by

〈u,v〉 :=
M∑
i=1

∫
R
ui(t)vi(t)dt, u,v ∈ H. (45)

We will simply denote by ‖ · ‖ the norm on H induced by
〈·, ·〉, The signal x(t) to be retrieved is an element x ∈ H

that lies more specifically in the closed subspace

A :=
{
v ∈ BM : ∀t ∈ R, v(t) ∈ ran(A)

}
.

1The letters ‘x′ and ‘y′ from [23], [9] have been interchanged in Fig. 1 to
be compatible with the notation of the present article.
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To be consistent with the generalized sampling presentation
of (1), we are going to show that the samples si,j of (44) can
be formalized as

si,j =
〈
hi,j ,x

〉
, (i, j) ∈ Z. (46)

Naturally,

Z :=
{

(i, j) : i ∈ M and j ∈ Zi
}

where M := {1, · · · ,M}.

Then, (46) clearly coincides with (44) by taking

hi,j(t) :=
(
0, · · ·, 0, hij(t), 0, · · ·, 0

)
(47)

where hij(t) is at the ith coordinate position and is the indicator
function of the interval [tij−1, t

i
j ]. It is clear as a result that

(hi,j)(i,j)∈Z is an orthogonal family of H. In fact, to obtain
this property, it is sufficient to have

(hij(t))j∈Zi
orthogonal in L2(R), i ∈ M.

This is just what we are going to assume in this section,
making the samples (si,j)(i,j)∈Z more general than (44). For
concise notation, we will simply write

hi,j(t) = hij(t) ei (48)

where ei designates the ith coordinate vector of RM .

C. POCS iteration

All results of Section IV on the POCS method are applicable
with the space and sampling settings of the above Section
V-B, with the notation change that every element of H is
symbolized by a bold face letter u instead of u, and the sample
indice k have the form of a pair (i, j) as seen in (46). Up
to these modifications, the POCS method can be implemented
by iterating the discrete-time recursion of (42a), and executing
(42b) only at the final iteration. These operations involve the
operators Ŝ and Ŝ∗ defined in (31). They depend on (ĥk)k∈Z
and (

˜̂
hk)k∈Z which, with the present notation, are the functions

ĥi,j = hi,j/‖hi,j‖ and ˜̂
hi,j = PAĥi,j , (i, j) ∈ Z. (49)

For their derivation, we will use for any u(t) ∈ L2(R) the
notation

ũ(t) := PBu(t) = sinc(t) ∗ u(t) (50)

where ∗ denotes convolution and sinc(t) := sin(πt)/(πt). We
first have the following result.

Proposition 5.1: Let u(t) := u(t) u where u(t) ∈ L2(R)
and u ∈ RM .

(i) If u(t) ∈ B⊥ or u ∈ ran(A)⊥, then u(t) ∈ A⊥.

(ii) PAu(t) = ũ(t) Pu, where P := AA+.

Proof: (i) Let v = v(t) ∈ A. By thinking of u and v(t)
for each t ∈ R as column vectors and interchanging the two
summations of (45), we obtain

〈u,v〉 =

∫
R
u(t)

(
u>v(t)

)
dt.

Clearly, u>v(t) ∈ B. So if u(t) ∈ B⊥, then 〈u,v〉 = 0.
Meanwhile, if u ∈ ran(A)⊥, then u>v(t) = 0 for each single
t ∈ R. Then 〈u,v〉 = 0 regardless of u(t). This proves (i).

(ii) Let w(t) := ũ(t) Pu. Its ith component is wi(t) =
ũ(t) qi ∈ B, where qi is the ith coordinate of Pu. So w(t) ∈
BM . Meanwhile, Pu ∈ ran(A), so w(t) ∈ ran(A) for each
t ∈ R. Then, w(t) ∈ A. Next, we can write

u(t)−w(t) =
(
u(t)−ũ(t)

)
u + ũ(t) (u−Pu).

While u(t)−ũ(t) ∈ B⊥, u − Pu ∈ ran(A)⊥ because P is
precisely the orthogonal projection of RM onto ran(A). So
u(t)−w(t) ∈ A⊥ according to (i). Thus, w(t) = PAu(t).

It is clear from (47) that ‖hi,j‖ is equal to the L2-norm ‖hij‖
of hij(t). It then results from (48), (49) and Proposition 5.1 (ii)
that

ĥi,j(t) =
hij(t)

‖hij‖
ei and ˜̂

hi,j(t) =
h̃ij(t)

‖hij‖
Pei (51)

for all (i, j) ∈ Z. This allows us to find the matrix ŜŜ∗

described in (43) with these functions. Seeing that ĥi,j(t) and˜̂
hi,j(t) are both of the form u(t) u, and finding from (45) that〈

u(t)u, v(t)v
〉

= 〈u, v〉u>v

where 〈u, v〉 is without ambiguity the inner product of L2(R),
the coefficients of ŜŜ∗ are〈˜̂

hi′,j′ , ĥi,j
〉

=
〈h̃i′j′ , hij〉
‖hi′j′‖ ‖hij‖

pii′ (52)

where pii′ := (Pei)
>Pei′ = e>i P>Pei′ = e>i Pei′

by property of orthogonal projections. Then (pii′)i,i′∈M are
nothing but the entries of the matrix P. We will see later on
how the inner products 〈h̃i′j′ , hij〉 can be obtained from a single
variable lookup table.

D. Final iterate output

Once (42a) has been iterated the desired number of times
n, one can output the continuous-time multi-channel signal

u(n)(t) = Ŝ∗c(n)

from (42b). We wish to know the explicit expression of Ŝ∗c
for any c = (ci,j)(i,j)∈Z ∈ `2(Z). It follows from (31) and
(51) that

Ŝ∗c =
∑

(i,j)∈Z
ci,j

˜̂
hi,j(t) =

∑
i∈M

(sinc(t) ∗ ci(t)) Pei

where ci(t) :=
∑
j∈Zi

ci,j ĥ
i
j(t). (53)

If one needs to provide an estimate of the source signal y(t),
then one naturally considers

v(n)(t) := A+u(n)(t) = A+Ŝ∗c(n) ∈ BN .

Since P = AA+ and A+A is identity, then A+Pei = A+ei =
a+
i , where a+

i is the ith column vector of A+. We finally
obtain for any c ∈ `2(Z),

A+Ŝ∗c =
∑
i∈M

(sinc(t) ∗ ci(t)) a+
i
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Fig. 4. MSE results of POCS iteration for signal reconstruction from the
multi-channel time encoding system of Fig. 1 with N = 2 and M = 3, for
global oversampling ratios of 1.56 (solid curves) and 1.49 (dashed curves).

where ci(t) is given in (53).
Returning to the explicit case of (44), we mentioned in

Section V-B that

hij(t) = 1[tij−1,t
i
j ]

(t) (54)

where 1I(t) is for any given interval I its indicator function.
Then, ĥij(t) = hij(t)/‖hij‖ = 1Iij (t)/(tij − tij−1)1/2. So

ci(t) =
∑
j∈Zi

cij 1Iij (t) where cij :=
ci,j

(tij − tij−1)
1/2
.

This is nothing but the piecewise constant function equal to
cij in Iij for each j ∈ Zi. This is produced by analog circuits
using a zero-order hold.

E. Numerical experiments

In Fig. 4, we test the POCS iteration in a case where N = 2
and M = 3. For best uniformity between the channels, we
choose a 3×2 matrix A with row vectors that form a tight
frame of R2 [29]. Similarly to the experiment of Fig. 3, the
components (y1(t), y2(t)) of the source signal y(t) are ban-
dlimited and periodic of period 61. The MSE values reported
in the curves (b) of the figure are obtained by computing for
a given multi-channel signal x(t) = Ay(t) the nth iterate
u(n)(t) of (41), or equivalently (42), measuring the relative
error ‖u(n)− x‖2/‖x‖2, and averaging this value over 100
randomly generated inputs. The solid and the dashed curves
are obtained with two different densities of output samples,
which can be modified by adjusting the integrator gain of
the channel ASDM’s. The dashed curves are obtained with
an average oversampling ratio of 0.99 within each channel,
while the solid curves correspond to a ratio of 1.04. Given
the multi-channel configuration, this corresponds to an overall
system oversampling of 1.49 and 1.56, respectively. One can
see the extreme sensitivity of the MSE decay rate with the
oversampling ratio. The curves (a) are obtained by omitting
the redundancy between the channels in the POCS iteration,

which amounts to replacing PA in (55) by PBM , although still
applying PA once right before calculating the MSE. One can
observe from the dashed curve (a) that the MSE stagnates to
a constant. This is expected given the sub-Nyquist sampling
ratio of 0.99 in each channel. The curves (c) and (d) will be
presented at the end of Sections VI-A and VI-D, respectively.

VI. LOW COMPLEXITY IMPLEMENTATIONS

There exists also a special relaxed version for the POCS
iteration of (24) for potential convergence accelerations. After
describing this extended version, we show that an extra contri-
bution of relaxation is a multiplication-free implementation of
the iteration. For illustration, we give a complete description
of this implementation for the multi-channel time encoding of
[23], [9]. The computation of sinc-based analytical functions
required for bandlimitation is implemented by simple table
lookup. As is the case in practice, we assume in this section
that Z is finite. In this situation, `2(Z) is simply RZ equipped
with its Euclidean norm.

A. POCS with relaxation coefficients

We saw in (20) a more general method to converge to the
intersection S using relaxation coefficients. A way to relax the
iteration of (24) while keeping iterates in A is to consider

u(n+1) = PAP
λ(n)

Cs
u(n), n ≥ 0

where (λ(n))n≥0 is a sequence in [ε, 2−ε] for some ε ∈ (0, 1]
and Pλ is defined in (18). From the expression (25) of PSs ,
one easily finds that

PλCs
u = u+ λ

∑
k∈Z

(
ŝk − 〈u, ĥk〉

)
ĥk.

Now, for any sequence of coefficients λ = (λk)k∈Z ∈ RZ,
consider the more general relaxed version of PCs defined by

Pλ
Cs
u := u+

∑
k∈Z

λk
(
ŝk − 〈u, ĥk〉

)
ĥk, u ∈ H.

It was shown in [15] that the iterates of

u(n+1) = PAP
λ(n)

Cs
u(n), n ≥ 0 (55)

still converge to an element of A ∩ Cs when there exists a
constant ε ∈ (0, 1] such that λ(n) = (λ(n)

k )k∈Z with λ(n)

k ∈
[ε, 2−ε] for all k ∈ Z and n ≥ 0. Again, it is clear that

∀u ∈ A, PAP
λ
Cs
u = u+

∑
k∈Z

λk
(
ŝk − 〈u, ĥk〉

) ˜̂
hk. (56)

Remark: Similarly to the final remark of Section IV-A, one
finds the equivalent expression

∀u ∈ A, PAP
λ
Cs
u = u+

∑
k∈Z

µk(Pku− u).

with µk := λk‖h̃k‖2/‖hk‖2. This is of the parallel-projection
form of (30) but with more relaxation in the coefficients µk.

We have tested the iterates of (55) in the experimental
conditions of Section V-E with coefficients λ(n)

k that are equal
to a constant λ. The curves (c) of Fig. 4 give the MSE results
with λ = 1.3, which we have found empirically to be the
optimal constant for convergence acceleration.
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B. Unnormalized operator presentation

As an extension to (32), one obtains from (56) that

∀u ∈ A, PAP
λ
Cs
u = u+ Ŝ∗Λ(̂s− Ŝu) (57)

where Λ is the diagonal matrix of coefficients (λk)k∈Z. Like
in Section IV-E, one can again transform (55) into a discrete-
time iteration of the type of (42a). But taking advantage of the
presence of Λ, we propose here a different time-discretization
procedure that will simplify the matrix-vector multiplication
ŜŜ∗c(n) of (42a). Consider the unnormalized operators

S : A → RZ

u 7→
(
〈u, hk〉

)
k∈Z

and S∗ : RZ → A

c 7→
∑
k∈Z

ck h̃k

.

(58)
Denoting by H the diagonal matrix of coefficients (‖hk‖)k∈Z,
we have

Ŝ∗ = S∗H−1 and Ŝ = H−1S.

As ŝ = H−1s, (57) becomes

∀u ∈ A, PAP
λ
Cs
u = u+ S∗H−1Λ

(
H−1s−H−1Su

)
= u+ S∗ΛH−2(s− Su) (59)

since H−1 and Λ(n) commute as diagonal matrices. This could
also be directly derived from (25) after applying PA and
scaling each term of the sum by λk.

C. Alternative discrete-time implementation of iteration

With (59), the POCS iteration of (55) is explicitly

u(n+1) = u(n) + S∗Λ(n)H−2(s− Su(n))

where Λ(n) is the diagonal matrix of coefficients (λ(n)

k )k∈Z.
Similarly to (42), this can be equivalently obtained by iterating

c(n+1) = c(n) + Λ(n)H−2
(
(s−Su(0))− SS∗c(n)

)
(60a)

u(n) = u(0) + S∗c(n) (60b)

starting with c(0) := 0. The discrete-time part (60a) may look
complicated. But it can be equivalently implemented by the
system

b(n) = Λ(n)H−2r(n) (61a)
r(n+1) = r(n) − SS∗b(n) (61b)
c(n+1) = c(n) + b(n) (61c)

starting with

r(0) := s− Su(0) and c(0) := 0.

To see this, one first needs to verify by induction from (61b)
and (61c) that r(n) = (s−Su(0))−SS∗c(n) for all n ≥ 0. Then
(60a) follows from (61c) and (61a). Again, only the discrete-
time system (61) needs to be iterated in actual computation.
The targeted estimate u(n) is then extracted from (60b) only
once.

The system (61) requires the separate precomputation of the
matrices

H2 = diag(‖hk‖2)k∈Z and SS∗ =
[
〈h̃k′ , hk〉

]
(k,k′)∈Z×Z

.

(62)

1) Precompute

SS∗ =
[
〈h̃k′ , hk〉

]
(k,k′)∈Z2

and
(
ρ(‖hk‖2)

)
k∈Z

2) Initialize r = s− Su(0) and c = 0
3) Repeat n times

b =
(
ρ(rk)/ρ(‖hk‖2)

)
k∈Z

r ← r− SS∗b
c ← c + b

4) Output u(n) = u(0) + S∗c.
TABLE I

COMPUTATION OF u(n) WITH MULTIPLIERLESS ITERATION

An advantage of this reformulation is the simpler computation
of SS∗ which no longer includes divisions of normalization.
It may be argued that the normalization action is now moved
to (61a) via the operator H−2. However, the next subsection
actually shows an outstanding advantage of this situation.

D. Multiplierless iteration

Given their degree of freedom, the diagonal matrices Λ(n)

can be designed to reduce all components of b(n) to mere
signed powers of 2 with a computation that does not require
any full multiplication or division. From (61a), these compo-
nents are

b(n)

k = λ(n)

k

r(n)

k

‖hk‖2
, k ∈ Z. (63)

Now, instead of explicitly adjusting the values of λ(n)

k , we
propose to literally replace (61a) by the following component
assignment

b(n)

k :=
ρ(r(n)

k )

ρ(‖hk‖2)
, k ∈ Z (64)

where
ρ(r) := sign(r) max

2m≤|r|
2m, r 6= 0

with ρ(0) := 0. When r(n)

k 6= 0, this theoretically amounts to
choosing in (63)

λ(n)

k :=
ρ(r(n)

k )

r(n)

k

‖hk‖2

ρ(‖hk‖2)
. (65)

This scalar can be thought of as a virtual relaxation coefficient.
Meanwhile, b(n)

k is simply a signed power of 2. As ρ(r)/r ∈
( 1
2 , 1] for any r 6= 0, it follows from (65) that λ(n)

k ∈ ( 1
2 , 2)

(when r(n)

k = 0, one can simply think of λ(n)

k as 1). This
coefficient is not rigorously in an interval of the type [ε, 2−ε].
However, not only does convergence appear to be maintained
in practice with this technique, but it is even observed to be
faster than in absence of relaxation as described at the end of
this subsection.

The determination of ρ(r) in computer arithmetic is straight-
forward since it only amounts to locating the most significant
digit of the binary expansion of |r| in fixed point, and is
directly given by the exponent in floating point. Then, a
fraction of the type ρ(r)/ρ(a) is just a power of 2 whose
exponent is the location distance between two digits in fixed
point, and is obtained by a mere difference of exponents in
floating point. Now, since the components of b(n) are only
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powers of 2, the matrix-vector multiplication SS∗b(n) in (61b)
does not imply any full multiplication but only binary shifts.

We summarize in Table I the complete computation of the
nth iterate u(n) for given sampling sequence s and initial
estimate u(0) with the resulting multiplierless discrete-time it-
eration. We have plotted in the curves (d) of Fig. 4 the resulting
MSE of such iterates u(n) in the experimental conditions of
Section V-E. At the oversampling ratio of 1.49, the dashed
curve (d) shows no MSE degradation compared to the basic
POCS iteration (dashed curve (b)). At the higher oversampling
ratio of 1.56 however, the solid curve (d) outperforms the basic
POCS iteration (solid curve (b)), even though it is obtained
from a computation of lower complexity.

E. Table-lookup determination of SS∗

In the algorithm of Table I, a remaining issue is how
to compute the inner products 〈h̃k′ , hk〉 involved in SS∗.
In typical applications, these inner products do not have
algebraic expressions and can only be obtained numerically.
For example, when the space A is based on bandlimitation, the
sinc function is involved in the definition of h̃k′ , which makes
integration difficult analytically. The solution we propose is to
resort to precalculated lookup tables. The major difficulty here
is that 〈h̃k′ , hk〉 depends at least on two parameters, which
implies the use of multidimensional tables. In the sampling
case of (9), this inner product even depends on 4 parameters!
However, it is shown in this case that the lookup table can be
reduced to a single parameter, up to to the extra computation
of 7 additions per inner product [15].

In the multi-channel system of section V, the entries of SS∗

are given by (52) without the normalization coefficients , i.e.,〈
h̃i′,j′ ,hi,j

〉
=
〈
h̃i
′

j′ , h
i
j

〉
pii′

where (pii′)i,i′∈M are the entries of the matrix P = AA+.
We show next that 〈h̃i′j′ , hij〉 can be expressed in terms of a
single-argument numerical function.

Proposition 6.1: Assuming that hij(t) is given by (54),〈
h̃i
′

j′ , h
i
j

〉
= f(T i,i

′

j,j′−1)−f(T i,i
′

j−1,j′−1)−f(T i,i
′

j,j′)+f(T i,i
′

j−1,j′)
(66)

where T i,i
′

j,j′ := tij − ti
′

j′ and f(t) :=
∫ t
0
(t−τ) sinc(τ) dτ .

This was previously derived in [15] in the case of a single
channel. We show in Appendix B how this derivation is
extended to multiple channels. Although 〈h̃i′j′ , hij〉 depends on
the 4 time parameters (tij , t

i
j−1, t

i′

j′ , t
i′

j′−1) and is composed
of 4 terms, it is the same single-argument numerical function
f(t) that is used. The values of this function can be stored
in a lookup table. Meanwhile, the diagonal coefficients of the
matrix H2 of (62) are simply

‖hi,j‖2 = ‖hij‖2 = tij − tij−1, (i, j) ∈ Z

as a result of (54).

VII. CONCLUSION

We have formalized the use of the POCS method for signal
reconstruction from non-uniform samples by describing the
most general and abstract context where this is applicable,
and giving the available properties of reconstruction from this
approach. On the first aspect, this method is applicable in
any Hilbert space, separable or not, with samples that can
be images of the input by any linear functionals. On the
second aspect, the iteration of the POCS method unconditional
converges to the signal that yields the same samples as the
input while being closest to the initial iterate. This is true
no matter how heterogenous the samples are (for example
by mixing samples of different filtered versions of the input)
and whether they are uniquely characteristic of the input or
not (in the first case, perfect reconstruction is automatic).
Before convergence, each single iteration of the POCS method
has its own contribution as it guarantees an error reduction
of the current estimate in the metric sense of the Hilbert
space. In the second part of the paper, we have substantially
pushed the analysis of the POCS method when the kernel
functions of the linear functionals are orthogonal to each other.
This is a case of high interest as it covers the increasingly
popular time encoding by integration. In this case, one obtains
additionally a parallelized version of the iteration, the exact
pseudo-inversion of the linear operator that formalizes the
sampling operation (including in the presence of noise), a
rigorous time discretization of the iteration (applicable even
in non-separable spaces) with a multiplierless implementation
option that paradoxically accelerates the convergence. For
demonstration, we have applied our theory to the multi-
channel time-encoding system of [23], [9], thus reformalizing
this system while uncovering new consequences on it.

APPENDIX

A. Proof of Theorem 4.2

Assume first that ŝ ∈ ran(Ŝ). As already mentioned in the
main text, ˆ̄s = ŝ in this case, so (36) is just the same as (28).
So let us show (37). The set Mŝ of (39), which is always
non-empty, has in this case the simpler form

Mŝ =
{
v ∈ A : Ŝv = ŝ

}
= A ∩ Cs

where the second equality was mentioned in (35). As this set
is not empty, the result of (28) is applicable and gives here

lim
n→∞

(PAPCs)nu(0) = u(∞) = PMŝ
u(0).

By orthogonal projection, u(∞) is then the element of Mŝ that
is closest to u(0). By translation, u(∞)− u(0) is the element of
Mŝ − u(0) that is closest to 0. Since

v + u(0) ∈Mŝ ⇔ Ŝv + Ŝu(0) = ŝ ⇔ v ∈Mŝ−Ŝu(0) ,

then

u(∞)−u(0) = argmin
v∈Mŝ−u(0)

‖v‖ = argmin
v∈M

ŝ−Ŝu(0)

‖v‖ = Ŝ†(̂s−Ŝu(0))

according to (38). This leads to (37).
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Assume now the general case ŝ ∈ `2(Z). Because ˆ̄s ∈
ran(Ŝ), the result of Theorem 4.2 is applicable to ˆ̄s, which
implies that

lim
n→∞

(PAPCs̄)nu(0) = PA∩Cs̄ u
(0) = u(0) + Ŝ† (̂̄s− Ŝu(0)).

(67)
Let us show that

PAPCs̄ = PAPCs and Ŝ†ˆ̄s = Ŝ†ŝ.

By construction, ˆ̄s − ŝ ∈ ran(S)⊥. It then follows from (40)
that Ŝ∗ (̂̄s− ŝ) = 0, or equivalently Ŝ∗ˆ̄s = Ŝ∗ŝ. It is then easy
to see from (32) that PAPCs̄ = PAPCs . Then (36) immediately
results from the first equality of (67). Next, for any u ∈ A,
Ŝu−ˆ̄s is in ran(Ŝ) and is therefore orthogonal to ˆ̄s− ŝ. Then,
by the Pythagorean theorem

‖Ŝv − ˆ̄s‖22 + ‖ˆ̄s− ŝ‖22 = ‖Ŝv − ŝ‖22.

In terms of u ∈ A, ‖Ŝv − ˆ̄s‖2 is then minimized if and only
if ‖Ŝv − ŝ‖2 is minimized. This proves that Mˆ̄s = Mŝ. It
immediately follows from (38) that Ŝ†ˆ̄s = Ŝ†ŝ. We also have
Ŝ† (̂̄s− Ŝu(0)) = Ŝ†(̂s− Ŝu(0)), which can be justified by the
known fact that Ŝ† is a linear operator, or by noting directly
that Ŝu(0) ∈ ran(Ŝ). So the second equality of (67) remains
valid after replacing ˆ̄s by ŝ in it. This leads to (37).

B. Proof of Proposition 6.1

It follows from (54) and (50) that〈
h̃i
′

j′ , h
i
j

〉
=

∫ tij

tij−1

(sinc ∗hi
′

j′)(t)dt.

Using the identity
∫ b
a

sinc(t−τ)dτ = ψ(t−a)−ψ(t−b) where
ψ(τ) :=

∫ τ
0

sinc(s) ds, we have

(sinc ∗hi
′

j′)(t) =

∫ ti
′

j′

ti
′

j′−1

sinc(t−τ)dτ = ψ(t−ti
′

j′−1)−ψ(t−ti
′

j′).

Thus,
〈
h̃i
′

j′ , h
i
j

〉
=

∫ tij

tij−1

ψ(t−ti
′

j′−1)dt −
∫ tij

tij−1

ψ(t−ti
′

j′)dt.

Defining f(t) :=
∫ t
0
ψ(τ)dτ , we have for any k′,∫ tij

tij−1

ψ(t−ti
′

k′)dt = f(tij−ti
′

k′)− f(tij−1−ti
′

k′)

= f(T i,i
′

j,k′)− f(T i,i
′

j−1,k′).

This leads to (66). Since f(t) =
∫ t
0

∫ τ
0

sinc(s) dsdτ , one
obtains the expression of f(t) given in Proposition 6.1 from
the Cauchy formula for the second repeated integral of sinc(t)
(derived by integration by part noting that sinc(τ) = ψ′(τ)).

REFERENCES

[1] R. Duffin and A. Schaeffer, “A class of nonharmonic Fourier series,”
Transactions of the American Mathematical Society, vol. 72, pp. 341–
366, Mar. 1952.

[2] J. L. Yen, “On nonuniform sampling of bandwidth-limited signals,” IRE
Trans. Circ. Theory, vol. CT-3, pp. 251–257, Dec. 1956.

[3] J. Benedetto, “Irregular sampling and frames,” in Wavelets: A Tutorial in
Theory and Applications (C. K. Chui, ed.), pp. 445–507, Boston, MA:
Academic Press, 1992.

[4] H. G. Feichtinger and K. Gröchenig, “Theory and practice of irregular
sampling,” in Wavelets: Mathematics and Applications (J. Benedetto,
ed.), pp. 318–324, Boca Raton: CRC Press, 1994.

[5] F. Marvasti, Nonuniform Sampling: Theory and Practice. New York:
Kluwer, 2001.
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