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Abstract

In this paper we introduce a new sampling and reconstruction approach for multi-
dimensional analog signals. Building on top of the Unlimited Sensing Framework
(USF), we present a new folded sampling operator called the multi-dimensional modulo-
hysteresis that is also backwards compatible with the existing one-dimensional modulo
operator. Unlike previous approaches, the proposed model is specifically tailored to
multi-dimensional signals. In particular, the model uses certain redundancy in dimen-
sions 2 and above, which is exploited for input recovery with robustness. We prove that
the new operator is well-defined and its outputs have a bounded dynamic range. For
the noiseless case, we derive a theoretically guaranteed input reconstruction approach.
When the input is corrupted by Gaussian noise, we exploit redundancy in higher di-
mensions to provide a bound on the error probability and show this drops to 0 for
high enough sampling rates leading to new theoretical guarantees for the noisy case.

Our numerical examples corroborate the theoretical results and show that the proposed
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approach can handle a significantly larger amount of noise compared to USF.
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1. Introduction

Shannon’s sampling theory is the workhorse of almost all modern-world digital
systems. Its practical implementation is carried out via electronic hardware, namely,
the analog-to-digital converter (ADC). However, there is a gap between theory and
practice which leads to a few fundamental deviations from the ideal sampling model,
including, among others, quantization (see the extensive survey by Gray & Neuhoff [[1])
non-pointwise sampling [2] and ADC saturation. The latter deviation arises from the
fact that the ADC is a physical device and hence, one can only record a fixed range of
amplitudes (typically, a prescribed voltage range). This input amplitude range defines
the dynamic range (or DR) of the ADC, say A > 0. Any signal exceeding (in absolute
value) A would result in permanent loss of information due to saturation or clipping.
Mathematically, this is synonymous to hard thresholding [3. 4], but the difference is
that it occurs in hardware and is highly undesirable. Clipped sample values lead to
high frequency components, which in turn leads to aliasing. Typical solutions to the

saturation problem rely on:

(a) hardware approaches such us companding [3]] or adaptively matching the dy-
namic range to the input signal range via automatic gain control. There are also

techniques that re-think ADC design (see, for example, [6]]).

(b) algorithmic approaches that aim to solve the inverse problem of de-clipping [7,(8]]

or inpainting [9].

Clipping or saturation is also highly relevant in the context of digital imaging, so much
so that almost all modern smartphones are equipped with the High Dynamic Range or
“HDR” mode, based on multiple captures that are combined numerically [10].

The progress in the last many decades has led to deepened understanding of the nu-
ances involved with the quantization and limited DR aspects. Clearly, ADCs need to be
matched to the DR of the input signal to avoid saturation or clipping. Beyond this cal-
ibration step—typically addressed by the engineers—there is an additional challenge:
higher dynamic range requires a higher number of bits to achieve a given resolution;

this in turn leads to a higher power consumption in the ADC, thus highlighting the
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Figure 1: Signal acquisition and recovery pipeline for Unlimited Sensing Framework [T11[12]]. (a) Modulo
sampling hardware [13]]. (b) Continuous-time signal waveforms on an oscilloscope. (c) Signal reconstruction

using recovery algorithms [T} 12 [13] [T4].
integral role of DR in digital acquisition.

1.1. Unlimited Sensing Framework (USF)

Recently, the Unlimited Sensing Framework (USF) [11}, 12l has
been proposed in the literature that serves as an alternative digital acquisition protocol
for avoiding the DR limitation in conventional ADCs. The USF is based on a joint
design of hardware and mathematical algorithms.

* In hardware, the modulo non-linearity ensures that HDR inputs are folded back
in to the ADC’s DR; this is because the modulo threshold is chosen such that the
modulo ADC’s range is bounded by A. Consequently, the modulo ADC results

in folded samples.



* To recover the HDR input from folded, modulo samples, mathematically guar-

anteed recovery algorithms are deployed.

Similar to the Shannon—Nyquist sampling criterion where a higher input bandwidth
can be traded off for higher sampling rates, it was shown that HDR signals can also be

tackled by sampling more densely. This is made precise by the following theorem.

Theorem 1 (Unlimited Sampling Theorem [L1])). Let f(t) be a continuous-time func-
tion with maximum frequency <) (rads/s). Then, a sufficient condition for recovery of
f(t) from its modulo samples (up to an additive constant) taken every T seconds apart

is T < 1/ (2Qe) where e is Euler’s number.

Thus, the USF addresses a major bottleneck in physical sensors by allowing the
recovery of inputs beyond the sensor dynamic range. A first validation of the USF
with experiments based on a modulo ADC were presented in [13]. In particular, it was
shown that signals as large as &~ 25\ can be recovered in a laboratory setup. The full
sampling and reconstruction pipeline for the USF is shown in Fig. [T]

The initial works based on USF tackled signals supported on the real line spanned in
a bandlimited [[11}[12] or spline spaces [19]. There are also methods to recover signals
with compressive priors [20l [21]] and using wavelet filters [22]]. Further extensions of
the USF include compactly supported inputs [13]], sparse signals [23] and also new
acquisition models [14].

A new acquisition model called modulo-hysteresis was introduced in [24] and fur-
ther discussed in [[14], which considers hardware non-idealities and enables new recov-
ery guarantees. The modulo-hysteresis was also implemented in a hardware prototype
[[14]]. This line of work also paved the path to novel and exciting low-power acquisition
neuromorphic applications [24] 25].

The methods discussed so far assume that the input is one-dimensional. However,
in many applications, such as photography [19]], X-ray imaging or Computed Tomog-

raphy [26], the input signal is multi-dimensional.

Motivation for a multi-dimensional model. There have been attempts to address multi-

dimensional inputs with modulo architectures by rasterizing and processing the signal



line-by-line in imaging [27, [19, 26] or for lattice sampling [28]. However, the ex-
isting modulo sampling approaches for multi-dimensional data are based on a one-
dimensional modulo operator that is applied sequentially on the slices of a multi-
dimensional input. This considers each slice a distinct signal, and does not exploit
that they are all part of a multi-dimensional input. In other words, this modulo opera-
tion represents a separable transformation that does not exploit the multi-dimensional
nature of the input. Furthermore, it is known that non-separable transformations repre-
sent much more powerful tools in analysing multi-dimensional data [29,[30].

We consider only the problem of input recovery for noisy inputs, distinct from
that of input denoising, which was addressed before for modulo sampling [31} 32].
Methods such as USF recover the noise corrupted input samples while keeping the
noise sequence intact. However, USF (Theorem [I)) is fundamentally restricted to work
with noise amplitudes smaller than the modulo threshold. When this requirement is not
satisfied, the input recovery is heavily distorted. This limitation is carried over to the

existing attempts to apply USF to multi-dimensional data.

Contributions. Here we present a modulo model that exploits the multi-dimensional
structure of the data in the encoding process. Specifically, via multi-dimensional sam-
pling in D dimensions, we are able to dedicate a D — 1-dimensional subspace to deal
with noise reduction, leaving dimension d = 1 for estimating the modulo folds. Specif-

ically, our contributions are below:

C1) We introduce a generalized D-dimensional modulo operator for sampling on a

lattice.

Cs2) We prove that the operator is well-defined and the folding discontinuities are lo-

cated along directions given by the lattice vectors.
C3) We provide recovery guarantees under noiseless assumption.

C4) Under Gaussian noise assumption, we provide an upper bound on the recovery

error probability that drops to 0 for high enough sampling rates.

Cs) Using a numerical study we show that the proposed model offers significantly

better noise robustness than USF.



Notation. For z € R, [z] = = — | x| denotes the fractional part of = and |x] is the
floor function. For a set S, 1g is the indicator function and cl (S) is the set closure.
The set of real and integer numbers are R and Z, respectively. Let R* = R\ {0} and
Z* =7\ {0}, and let the sets restricted to positive numbers z > 0 be R, and Z . We
denote by () the empty set.

We use bold lowercase for vectors such as x = [z1,...,% D}T, assumed to be
column vectors unless otherwise specified. Matrices are denoted by bold uppercase,
e.g., M € RP*P_ The element on line k; and column ko in matrix M is denoted by
[M], 1,- Unless specified otherwise, we use notation x to denote a vector x € zP
and X to denote a vector X € ZP~1. When used in the same context, X denotes the
last D — 1 coordinates of x such that x = [z1,%]. Similarly, we denote by V €
RP*(D=1) 3 matrix containing the last D — 1 columns of matrix V' € RP*P. For
two vectors vi, vy € RY we denote their inner product by (v, va) = ZdD:1 V1,4 -
conj(va,q) = v{ - conj(vi), where conj is the complex-conjugate. Norm ||v||2
denotes the Euclidean norm for a vector v € R” and norm || v ||« is defined as || v| o =
maxg—1,....p |[V],]. We denote by det (V) the determinant of matrix V. We denote
by T = diag{Ti,...,Tp} a matrix with Ty,...,Tp on the main diagonal and 0
otherwise.

For a function f : R — R, || f||2 and || f||cc represent the L? (R”) and L>® (RP)

norms, respectively. We denote by F f the Fourier transform applied to f, defined as

Ff(w)= (x) e dx, (1)
RD
where x = [z1,--+ ,2p]' and w = [wy, -+ ,wp| . The inverse Fourier transform
F~1F is defined as
1
FF(x) = / F(w) e duw. )
)= oo [,

The support of sequence 1) is denoted by supp (¢) and the support of a function f (x)
is supp (f). For two multi-dimensional sequences v1,72 : Z” — R, (71, 72) denotes
the multi-dimensional inner product defined as (y1,v2) = >, cz0 71 [k] conj(y2 [K]).
The coefficients for the forward finite difference of order N are denoted by AN [k].
Specifically, it is defined as AN [k] = AN [—k], where AY is defined recursively as



ANTLE] = AN « AL [k], where AL [—1] = 1,AL[0] = —1, AL [k] = 0,k €
Z\ {-1,1}.

We denote by vy, ..., vp the set of vectors defining a lattice A = {VTk7 ke ZD}
where V = [vy,...,vp|,vqg € RP.vd € {1,...,D} and T = diag{T},...,Tp},
where Ty denotes the sampling period across dimension d € {1,...,D}. Without
loss of generality, we assume that v, are versors, i.e., ||[vq4]l2 = 1,¥d € {1,...,D}.
The vectors are assumed linearly independent, and thus V is invertible. Therefore, a
function f : R” — R can be equivalently evaluated using Cartesian coordinates as
f (x.) or lattice coordinates as f (Vx,) such that x,, = V~!x.. Unless specified oth-
erwise, v [k] ,k € ZP, denote the samples of the input function f on lattice A such
that v [k] = f(VTk). The dual lattice A is defined as A = {{/'T’lk|k € ZD},
where V.=V~ = (V-1 and T~! = diag {1/T3,...,1/Tp}.

The D-dimensional Paley-Wiener space PWg (R”) of bandwidth € relative to

lattice A consists of functions f € L? (RD ) such that

D
supp (Ff) C {\Afw = deﬁd € RP||wq| < Qq,Vd € {1,.. .,D}} . 03
d=1

For the one-dimensional case D = 1, the lattice matrices V reduce to the trivial case
V=V-= [1] and PWgq (RD ) reduces to the classical one-dimensional Paley-Wiener
space PWg, (R).

For a random variable 7 we denote by p.d.f. its probability density function. We
denote by N (,u, 02) the normal distribution with mean p and standard deviation o.

A random variable 7 drawn from the Gaussian normal distribution is denoted as 7 ~

N (p,0?).



2. Modulo acquisition and recovery

2.1. Recovery from one-dimensional modulo data

The centered modulo with threshold A is a function .Z), : R — R satisfying [12]

%(@:»(B%ﬂ —é) @

When applied to a one-dimensional function g the modulo non-linearity generates val-
ues A (g (t)) € [\, A

In analogy to Shannon-Nyquist sampling theory, the first recovery result in the Un-
limited Sensing Framework (USF) utilized bandlimited inputs, namely, g € PWq. In
the noiseless scenario, the unlimited sampling theorem [11}12] guarantees that the in-
put of the ideal modulo encoder can be recovered from the output samples provided that
the sampling period satisfies T' < ﬁ Furthermore, reconstruction is also possible in

the case of data corrupted by bounded noise if the following is true [12]
(TQe)N goo + 210 < A. 5)

The recovery approach used in [11} [12] aims to reconstruct the residual function
gg (t) defined as g, (t) £ g (t) — Ay (g9(t)) € 2) - Z. In other words, for the ideal
modulo encoder the values of ¢, () lie on an equally spaced grid with step 2\. How-
ever, this is not true for non-ideal modulo encoders exhibiting phenomena such as
hysteresis, leading to reconstruction distortions.

A generalized model of the modulo operator, called modulo-hysteresis, was intro-
duced for the one-dimensional scenario [33l 134} [14]. Here, we generalize this model
to multi-dimensional sampling. As in the one-dimensional case, we will show that
modulo-hysteresis enables the separation of the folding times, which will be used in
the recovery in Section[3] @] and[5] We begin with the definition of the one-dimensional

modulo-hysteresis.

Definition 1 (One-dimensional modulo-hysteresis). The operator .y with threshold
A and hysteresis h € [0,2)\/3), where H = [\ h|, generates a function z (t) = Mng (t)
for input g € PWq (R), such that, fort > 0

z(t) =g (t) =4 (1), ©)



where
s ey () =20 0 st ) () FRM, A 2N h/2,

° M — Lg(og+AJ _ 1,

* T, and s, are the folding time and sign respectively, satisfying 7o = so = 0 and

T = iIlf{t > ’7'0|.%)\ (g(t) + A) = 0},
sr = sign (g (1) — g (17-1)) (7
Trp1 =inf {t > 7| (g (t) — g (1) + hs,) =0}, r>1.

Furthermore, for t < 0 we have z (t) = Mn g (—)] (—t). Let 7,7, s, ,7 > 1 be the

r 29r

sequence of folding times and signs computed via (7)) for .M [g (—-)]. Then we define

A — A —
Tr = —T_,,Sr =5_,.,7 €Z,7 <0.

A key property of the 1D modulo-hysteresis is the folding time separation [14}33]

h
Trdl = Tr 2 qrp ®)
Qglloo

We note that the ideal modulo, which satisfies .#5 (g (t)) = .#ng (t) for h = 0 does
not guarantee any separation via (8). The reconstruction problem proposed aims to
recover g (kT') from y[k] = z (kT). Furthermore, it was shown that this approach

enables handling a number of modulo non-idealities [[14} 35} 33} 24]].

3. Multi-dimensional modulo sampling

3.1. Multi-dimensional lattice sampling preliminaries

Let f : RP — R be a D-dimensional scalar function. The data is then sampled on
alattice A = {VTk|k € ZP}. We denote the resulting samples by v [k] = f (VTk).

We assume that f has a Fourier transform satisfying

supp (Ff) C D.
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Upon sampling, the spectrum of f is copied periodically, to produce the multi-dimensional
discrete-time Fourier transform Fp (w) = >, csp f (VTk)e™ (wk) whose support
satisfies

supp (Fp) =TV . U (D + 27n). )
neA

It was shown that f can be recovered from its lattice samples ~ [K] if [36] [37]]
TVT (D+2mm))NTVT (D+27ny) =0, Vng,ny € A,ny #ny.  (10)

To ensure that recovery is possible, we assume that the spectrum of f has a com-
pact support satisfying D C \' Hle (=Q4,84). Formally, our assumption is f €
PWgq (RP). Then f can be reconstructed from samples - [k] if (T0) is satisfied, which
is sufficiently guaranteed if we replace D by V - HdD:1 (—Q4, Q4), for which the terms
on the left-hand-side of (I0) are computed as

D
TV (D+2rn)=TV' |V H —Q4,Q) +2mm|, neA. an

Weuse thatn = V- TT~ 'k, k€ ZP, yielding

D

TV' (D +2mm) =T [] (-4, ) + 27k, keZ” (12)
d=1
D
H —T4004, TyQ4q) + 27k. (13)
d=1

Therefore, (T0) is true if

™
Ty < —

., vde{l,...,D}. (14)
Qq

Just as in the one-dimensional case, considering the problem of sensor saturation
motivates using the concept of modulo folding also in the multi-dimensional case. Next

we go through some of the attempts to apply modulo for multi-dimensional data.

3.2. Previous approaches for recovery from multi-dimensional data

As in the one-dimensional case, the problem with computing directly v [k] is that

the sample values may be very large which would saturate an analog-to-digital (ADC)

11



acquisition device, which has a restricted dynamic range [12]]. The modulo operator
was applied previously for multi-dimensional inputs by processing a 1D slice at a time
[19L 28]]. However, these methods are not truly multi-dimensional because they don’t
exploit the multi-dimensional structure of the data. Furthermore, when dealing with
noise in 1D, the modulo samples y [k] = ~y [k] +7 [k] — & [k] require the separation of
both residual €, and 1 within the same dimension. This turns out to be contradictory,
as detecting ., requires a high-pass filter (such as A" in the case of USF), while de-
noising is typically done with low-pass filters [34]. Furthermore, a denoising approach
on modulo data was tested for multi-dimensional signals [31]. However, we center
our analysis on purely modulo inversion techniques, where the noise sequence remains
unaltered.

We define the following functions, representing slices of function f(Vx). Let
fv (x) & f(Vx). Let fx : R — R denote the slice along dimension z; defined as
fx(x) 2 f (zvl + 2512 xdvd) ,vx € RP=1 % = [z9,...,2p]. In the next propo-
sition we also use a generic slices defined as the one-dimensional function gg (z4) £
f (Zle xnvn) by fixing dimensions {z1,...,Z4-1,%d+1,...,Zp},d # 1. The

following proposition was proven in [28]].

Proposition 1 (Bandlimited slices). The function fx satisfies fz € PWgq, (R). Fur-
thermore, gq € PWq, (R),Vd € {1,...,D},d # 1.

Proof. The proof is in Section[7.1] O

The proposition above proves that any slice of the multi-dimensional function f
along lattice dimension d has the spectrum compactly supported within (=4, Q4).
Furthermore, this implies that a Bern$tein bound can be applied for each variable such

that

0
‘8 fv (x)| < Qgmax|fyv (x)| < Qall fv oo
Td Tq

(15)
= Qllflloe, Vde{l,...,D}, vx e RPL

The works in [19]] and [28]] apply one-dimensional ideal modulo to fx:

M fx () = fx (2) =200 Y Sxrliry o0y (2) 7 € R

rEZ

12



Therefore we can define the "folded” multi-dimensional function z (x) as
2(Vx) = A (fx (21)) (16)

where x = [1,...,2p],X = [22,...,2p], 24 € R,Vd € {1,..., D}. Subsequently,
the output samples are z (VTk) = . f1g (k1T1), where T = diag {T%,...,Tp}.
Then, recovering frg (k17%) for all Tk from z (VTk) represents a line-by-line
approach used in [19} 26} 28], which is guaranteed to work if (E]) holds true. However,
as explained previously, this approach does not exploit the multi-dimensional struc-
ture of the input data. This is further motivated by the accepted knowledge in image
processing that non-separability in multiple dimensions has a lot more to offer than sep-
arability [29| 30]. This motivates introducing a multi-dimensional modulo-hysteresis
model in the next section. We will show that the new model allows a significantly large

amount of noise, which is not possible with USF that processes the data line-by-line.

3.3. Towards multi-dimensional modulo-hysteresis acquisition

Inspired from the 1D modulo-hysteresis operator that showed improvements for
noise robustness [34], we define in the following a new operator called multi-dimensional
modulo-hysteresis that addresses the issues discussed in the previous subsection. The
idea is to split the domain RP~! in disjoint sets confined in polytopes Py, b € ZP~1

defined as

Py = {VB (b+a)|va € o, 1)D*1} , 17
where b = [by,...,bp] and B € R is the polytope edge length along directions
parallel with versors va,...,vp. The set Py, is created via the last D — 1 vectors
of the lattice basis va, ..., vp where the basis coordinates lie in a set of rectangular

polytopes Ry, such that Py = {Vx|x € Ry}, where

D
Rg = {B (b+a)lae o, 1)”*} = d];[2 [baB, (b +1) B). (18)

Note that R~ = (Jg_zp-1 Pp. Sets Py thus can be used to split the domain of
function f in disjoint bands of width B given by By, = (Rvy) x Py, identified using

the indices in b, such that RP? = Upezp-1 Bp- By exploiting the smoothness of f

13



we can derive that, for a fixed ;1 € R, f has bounded variation within each band, and
thus the folding can occur simultaneously on all coordinates x», ..., xp, which gives
the folded signal a particular structure to be exploited in recovery. The definition of the

new operator is given as follows.

Definition 2 (Multi-dimensional modulo-hysteresis). The operator ///,_’,3 with thresh-
old X and hysteresis h € [0,2)/3), where H = [\ h|, generates a function z for input
f € PWgq (RP) such that, for [x]; =1 >0

z(Vx) = f(Vx) — e (Vx), (19)

where ¢ denotes the modulo-hysteresis residual defined as

Ry,
e (Vx)=h M5+2557T1[TBWOO) (z1)| V% = [z2,...,2p] € Ry,  (20)
r=0
where Ry, satisfies (I8), x = [x1,...,2p|, X = [22,...,2p), and My, € Z satisfies
infecr fx (0)+ A
M—:Tn ERb{l(H J—L @1

and 7, € {0,..., Rg} ,8b.r € {—1,0,1} are the folding times and signs in band

Bg, respectively, defined as

Tp,ri1 = inf {331 > 7] sup |fx (21) — g, (21)] = A} ; (22)
XE€Rg
Sb,r+1 = sign [fBB (TB,TH) —Eb,r (TB,r+1)] ) (23)
b1 (¥1) = €pp (1) +hsppin By ) (@1) (24)
where r € {O, ceey Rg — 1}, €p, IS a recursive sequence of functions for computing

the residual €y such that g, o (x1) = hMg, ep g+ (1) = €7 (VX),X € Ry and
’ b

Tb,0 = Sb,0 = 0. Furthermore Rg € Z satisfies

Ix (551)—55713; (lﬁl)‘ :)\} = (. (25)

{331 > Ty pt| sup
b ReER

Furthermore, for 1 < 0 we have
//fl-jljf (Vx) = //4? [fi] (—z1vi+22ve + -+ 2pVD),

14



where [~ (x) = fx (—x1). Let 7y, sp .7 = 1 be the folding times and signs com-

puted via 22), @3) for 4% [f~). Then we define 1, = —71_,., s, = s_,,7 € Z,7 < 0.

We note that the operator in Definition [2] is backwards compatible with the one-
dimensional operator in Definition [T} Specifically, if one chooses Ry, to be a single
point R = Bb € RP~! instead of a hypercube, then 7, and s, in (22) are
the same as 7, in Definition m Furthermore, it was shown that, for A~ = 0, the one-
dimensional modulo-hysteresis operator in Definition[I]is identical to an ideal modulo

operator (@) [14].

3.4. Properties of the proposed operator

In the following we give a number of properties of the multi-dimensional modulo-

hysteresis operator for a bandlimited input.

Proposition 2 (Folding time separation). Assume that Ty, ,. are well-defined in (22) for
f € PWq (RP) andr € {1,...,R} where R > 1 and 74,y = 0. Furthermore,
assume that Df < min{h/2,2X — 3h}, where

Df£ sup | sup fx(z1)— inf fx(a1)|. (26)
bezDP-1 |XERg XERp
1 ER
Then
h ~
e > wpezPL 27
Tt T 2 7
Proof. The proof is in Section[7.1] O

Proposition 3 (Well-defined operator). For input f € PWgq (RP) operator .43 in
Definition|l]is well-defined if Df < min {h/2,2)\ — 3h}, where D f satisfies (26).

Proof. The proof is in Section[7.1] O

Proposition 4 (Modulo output dynamic range). Let .4,y be the multi-dimensional
modulo-hysteresis operator in Definition |2|and f € PWgq (RD ) such that Df 26)
satisfies Df < min {h/2,2\ — 3h}. Then 4} f (x) € [-\, A],Vx € R,

15
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Figure 2: A random two-dimensional bandlimited input f (z1,x2) was generated (a). The ideal modulo
output .# f is in (b) and the generalized modulo output //l,_? f in (c). The corresponding residual functions
are depicted in (d) for ideal modulo and in (e) for generalized modulo. For ./, D the lattice A consists of
vectors vi = [0.97,0.25] T, va = [0.32,0.95] ". The folding curves of the ideal modulo — the contours
in (b) & (d) — are unknown a priori. In the case of the modulo-hysteresis, folding occurs along straight lines

with directions dictated by the lattice A which is known a priori. This property will be exploited in recovery.
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Proof. The proof is in Section O

Proposition 4{ shows that operator ///,_? has a similar effect as the one-dimensional

modulo nonlinearity, in that it keeps a signal within a fixed dynamic range [—\, A].

Corollary 1 (Bound for intra-band variation). The quantity D f defined in Proposition
can be bounded as

Df < |flloc - BYD - Q2. (28)
Proof. The proof is in Section O
In Fig. the variation of My, which can be seen as folds along coordinates s, . ..,zp

for 1 = 0, is gradual, meaning that My changes by 1 between neighboring bands.
Formally, we define by Neighbors(k_)) the set comprising all neighboring bands of
band b below.

Definition 3 (Neighboring bands). The set Neighbors(b) of vectors neighboring b €
ZP~1 is defined as the set of all b* € ZP~1 for which 3d* € {2,..., D} such that
|[b*],. — [b] .| =1and [b] , = [b*] ,,Vd €{2,..., D} \ d*.

In the following, we provide conditions for which M. — My, € {—1,0,1} where
b* € Neighbors(l_)).

Proposition 5 (Variation of My). For Vb € ZP~!, let b* € Neighbors(b). Let M.
and My, be the modulo-hysteresis constants for an input f € PWgq (RD) satisfying

the following condition as per Definition 2]

D
h
| flle BVD - Zgg<min{2,2A3h}. (29)
d=1

Then MB* — MB S {—1, 0, 1}.

Proof. We first note that sets Rg and Rg- are neighboring polytopes which, via their
definition, satisfy cl (R )Ncl (Rg-) # (. Using this in conjunction with the properties

of supremum and infimum, we get

sup fx(0) = max fx(0)> min 2(0)= 1inf f5(0). 30
:‘ce'/g)gf ( ) iECI(RB)f ( ) iECI(RB*)f ( ) )‘ce’RB*'f ( ) (30)
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Condition (29) implies D f < h/2 due to Corollary [1} Therefore,

sup Jx (0) = inf f(0) < h/2 31)
Using (30) and (31I)
iei%fg* J= (0) — iiefgﬁ Jx (0) < h/2. (32)

infrery, f=(0)+X

Given that, by definition, M. = | -

J — 1, it can be shown by direct
derivation that My. < Mg, + 1. Furthermore, by swapping b and b* in the derivation
above we get

M. € {Mg — 1, My, Mg +1}. (33)
O

Therefore, using Definition [2| for ; = 0, in neighboring bands b and b* the
residual €y is either the same, or differs by h. This is similar to the behavior of the

residual around a folding time 7y, ,. along dimension 7.

3.5. Problem formulation

The measurements y [k| are assumed to be samples on a multi-dimensional lattice

A= {VTk|k € ZD}, such that
y[k] = 45 F(VTK) + (k] = [K] — e [K] + 7 K], (34)

where v k] = f(VTk), e, [k] = e (VTk) and n[k] ~ N (0,02). The known
variables are the input bandwidth €2, number of dimensions D, the lattice A, modulo-
hysteresis parameters B, A, h and output samples y [k]. The proposed reconstruction

problem is to compute the input lattice samples 7 [k] defined as
7 k] = v [K] + 1 k] + Mh, (35)

where M € Z is an unknown integer. The input ~y [k] can only be reconstructed up to

an integer multiple of h given that /% f (x) = .4 [f + Mh] (x), VM € Z (19]20).
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4. Detecting modulo-hysteresis discontinuities

We define N = £ For simplicity, we assume that N € Z, NP > 1,vd €

d
{2,... D}, i.e., for a polytope Py, we have an integer number of sampling periods T
along each of its edges of length B and direction v4. The recovery is achieved in

several steps
1. Compute My, the folding times 7, ,. and signs s, . in each band Bj,.
2. Compute residual e (Vx) (20).
3. Compute the samples 7 [K].

For step 1, we define a filter ¢ and compute (y, 1). For detecting the folding times
and signs, we choose 1) = 9y, ,,,, which is centered in sample m along dimension z;

in band b as

AN [klfm]i, TR6R57
Vo (K] = AR (36)

0, Tk ¢ Rj,
where k € ZP~! and NB = H(lz)zz N2 is the number of samples in each band b for
k1 fixed. For fixed k € ZP~1, ¢y ., [K] is a finite difference filter along dimension k1.
For detecting the My, we need a filter detecting the change in M, for two bands b,
b*, such that b* € Neighbors(b) and [l_)*]d* = [b] g« T 1. We define ¢ = g, 5. [K]

as

AN kg — ki) - w5, Tk e R URg., k1 =0,
Vg - (K] = fhar — kol 0o b 37)
0, otherwise,

where kg = NZ - [b] . — 1and NP* =[], ;.;. N7 is the number of samples
in each band b for k;, kg fixed. Therefore, similar to Vi m- filter Y g is a finite
difference filter along dimension x4+ which is perpendicular to the hyperplane sepa-
rating bands b and b*. Furthermore, 1y, 5. is constant within each band b and b*.
This means that the finite difference filter is repeated NZ* times across dimensions

d e {2,...,D}\ d*, which has a noise averaging effect.
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4.1. Detecting folding times and signs

To detect 7, ,. and sy ., we use filter ¥, ,,, to compute sequence yj ,,

Yo,m = (U Vbm) = (1 Ubm) = (€42 Vbm) + (1 Ubm) - (38)
N—— ——
Input Residual Noise

In (38) the filtered samples Yp,m are composed of three terms: the input term <fy, 1/15’m>,
the residual term (., Y, ,,,) and the noise term (1,1, ,,, ). Given that all three are un-
known, the general recovery strategy is to separate them via thresholding; as will be
shown later, thresholding samples yg, ,,, allows to compute the folding times and signs.
While this will be derived rigorously later in propositions [§and[7] here we give a brief
intuitive explanation of the recovery method, by explaining the effect that filter ¢ ,,
has on all 3 terms in the right-hand-side of (38)). A similar analysis applies to filter
¥p, b+ Which will be described in Section @

As noted before, 9y, ,,, is a finite difference filter along dimension z;. It was shown
for the one-dimensional case that this causes v [Kk] to vanish for large N. Furthermore,
it generates peaks at the folding times in residual €, and also amplifies the noise 7
[12} [14]. This latter effect is undesirable for recovery. To decrease the effect of the
noise the finite difference filter was convolved with a spline in the one-dimensional
case, but this also makes the detection of ¢, more difficult [34]. Here we can address
noise filtering without affecting the folding time detection by exploiting the multi-
dimensional structure of .} .

For fixed k1 € Z, the filter ¢ ,,, [k] is constant along dimensions k2, ..., kp as
long as VTk € Ry, and thus the inner product has an averaging effect. However, we
know that the modulo residual corresponding to .;? f (Vx),X € Ry is also constant
within R by definition, and therefore the averaging effect does not affect the residual
edges, which are along dimension k. Moreover, given that f is smooth and changes
slowly within a band By, the filter averaging along dimensions k has very little effect
on ~y. Therefore, along dimensions k, the filter acts mainly on the noise sequence 7 [f(]
by narrowing its p.d.f. around the origin such that its effect gradually vanishes.

As in the one-dimensional case, the modulo output z is smooth in-between the

folds, and has discontinuities at the folding times. The filter ¢, ,,, responds with pulses
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of non-zero support to the input discontinuities. To account for this, we define by Sy
the support of the filtered residual such that (see [[14]] for details)
Tb,r Tb,r
Sy = supp [<€’Y”¢}B,m>] = U { LTlJ —N,..., \‘TlJ } .
rez*
The following theorem shows how Sy can be recovered by thresholding sequence

(Y, %p,m )» Which is an important step in computing folding times 7 ,..

Proposition 6 (Detection of folding times). Let f € PWgq (RP) and let z (x) =
,//ZHD f (x) be the output of a multi-dimensional modulo-hysteresis model with param-
eters A\, h, B. Furthermore, let y k] = z (VTKk) + n [k| be the samples of the modulo
output computed on lattice A corrupted by a noise sequence 1 k] ~ N (0, 02). Fur-

thermore, assume that Ty < B,Vd € {2, ..., D} and that

«BVD - 02 < { 2\ — 3h}
[l Z min 39)

(T19200)" [|flloo < h/2.

If|<y7 Vg, m>’ h/2 then m € Sy with probability p > 1 — pe, where

per <", where ¢ = 2= (1919 ”f”O"H,/ SENC)

o 2N+1

Proof. The proof is in Section[7.2] O

Due to Proposition@ forVo,\, h,Q € Rf satisfying (39) and a fixed m € Z, one
can choose 71, ...,Tp > 0 such that the truth value of m € Sy is evaluated correctly
with an arbitrarily large probability. We note that pe,, measures the probability when a
recovery error is possible, but not guaranteed, therefore the error probability is smaller
in a real scenario. A small error in Proposition [6] means a large C, which can be
achieved by decreasing the sampling periods 77, ..., Ty or increasing B, h or number
of dimensions D.

The residual €., used for reconstructing -y, requires detecting constants Mg in addi-

tion to the folding times 7y, ,. and signs s, ,., as will be explained in the next subsection.
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4.2. Detecting constants Mg,

Given that we can only recover v up to an integer multiple of h (33), we define
Mg, £ Mg — Mg, where 0 is the null vector of Z2~!, and recover Mg, Just as the
folding times, different values of My, for adjacent bands cause discontinuities. How-
ever, unlike the detection of the folding times, here we have additional information.
Specifically, we know that the discontinuities may only be located at the neighboring
sides of polytopes Pp. We use the filter ¢y ;. (37) to detect the discontinuities in a
similar fashion to detecting the folding times via 9y, ,,,. This time, however, the finite

differences A computed via ¢y, 5 evaluate variations across dimensions s, . .., T p.

Proposition 7 (Detection of constants Mg). Ler y k] = z (VTk) + n k], where
nlk] ~ N (0,0?) and z (x) is the output of a modulo-hysteresis operator z (x) =
M [ (x) with parameters X\, h and f € PWgq (RP) satisfying

D
[ flloeBVD - | > 02 < min {h/2,2\ — 3h}, (41)
d=1

Furthermore, let b € ZP~1 b* € Neighbors(B) and d* € {2,...,D} such that
[B*]d* = [B} g« T 1. Assume that

(Ta- Q€)™ [ fllo < /2, (42)

(N +1) Ty < B. (43)

Then the following is true with probability p > 1 — pey

Mg. = Mg +sign ((y,¥p.5-)) if (v, Vp.5)

Mg. = Mg otherwise.

= h/2,
/ (44)

where

2 h)2 — (Ty-Qg-e)™ D B
Perr < e " ,  where k = / ( d->%d 6) ”fHOO H \/7 (45)
o V2Nt d=2,d4d* Ta

Proof. The proof is in Section[7.2] O
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5. Input reconstruction

5.1. Recovery with the proposed operator

We begin with the noiseless input recovery scenario ¢ = 0 where, via Proposition
@ the set Sy is perfectly identified with probability 1. Furthermore, a constant MB =
Mj, — Mg can be perfectly recovered from Mg, where b* € Neighbors (b) according
to Proposition [/| The following theorem proves the input recovery conditions in the

case o = 0.

Theorem 2 (Noiseless input reconstruction). Let f € PWgq (RP) and let = (x) =
///HD f (x) be the output of a multi-dimensional modulo-hysteresis model with param-
eters A, h, B. Furthermore, let y [k] = z (VTK) be the samples of the modulo output

computed on lattice A. Furthermore, for N € 7Z, N > 1, assume that

| flscBVD - [|2]|2 < min {h/2,2X — 3R}, (46)

(Tu0e)™ | flloe < h/2, Vde{l,...,D}, (47)
h

N+1)Ty < ————. 48

WD < 57 “8)

(N+1)Ty; < B, Vde{2,...,D}. (49)

Then samples 7 (k] = ~ [k] — hMg can be perfectly reconstructed from y [K].
Proof. The proof is in Section[7.2] O

The interpretation of the sufficient conditions in Theorem [2| is as follows. The
modulo-hysteresis is well-defined due to a bounded intra-band variation guaranteed by
#@6). Condition bounds the N-th order difference of the input along all of the
dimensions, ensuring that the filter has enough shrinking effect on the input. Finally,
#@3) and @9) guarantee enough samples in between the folds (48)) and within each
band @9) so that the supports of the filters detecting consecutive discontinuities don’t
overlap.

In the general case where o > 0 the following result holds true.

Theorem 3 (Noisy input reconstruction). Let f € PWq (RP) and z (x) = 4% f (x).
Assume that y[k] = z(VTk) + n[k] are known for kg € {1,...,K%,.} where

max
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d

n k] ~ N (0,02), such that B¢, £ vamgx € Zford € {2,...,D}. Then, if
d

are true, then the input samples 7 [k| can be recovered from y [K] with a probability

P > Pacc Such that

Koo T, Bl [15, B,
Pace > (1 - €)™ (176 ) I

where

h/2—(T1916 £l T2 /B

o /2~ [(maxa Tala) 6] ||fHoo Bb—2
min O'\/W THI%QQ’

where Tnax = maxge(2,... p}y Lu-

Proof. Theorem [2] assumes that Proposition [6] and [7/ hold with pe,, = 0 for all filters
¥, m and g p.. To calculate the overall error probability when this assumption is
not true, we count the filters above, when used in reconstruction, as follows. There

are a total of [[5_, B, bands, and K}

max Samples along dimension x;. Then the

Koo TTE-
probability that Proposition (6| holds for all filters v, ,, is (1 — e‘cz) =

Next, in the case of Proposition[7] we bound the error probability as follows

N
k2 k2 h/2—[(maxac(z,....p} TaQa)e] " | flloo BD-2
Derr < € e M Kmin = /AN T "\ 1Dz (50

We note that we do not use all filters 1, ;.. Given that we use a set of samples that
is contiguous along all dimensions, any band b containing samples has at least one
neighboring band b* € Neighbors(k_)) that contains samples. Then, each constant
MB = My, — Mg can be computed using a single evaluation of ¢, ., which, in total,

is evaluated HdD 9 B2 — 1 times, and the theorem follows. U

5.2. Comparison to ideal modulo recovery with Gaussian noise measurements

The USF was not analysed in the presence of Gaussian noise, but rather on bounded
noise [12} 28]]. However, USF can still be applied for recovery in the context of Gaus-
sian noise, and the reconstruction would still be accurate in the instances when the

noise sample with maximum amplitude satisfies the USF conditions. The modulo
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operator with Gaussian noise was considered before, but the main objective was de-
noising, rather than input reconstruction [32} [31]]. In order to assess the advantage of
the new ///HD operator, we provide some insight on reconstruction via USF for multi-
dimensional inputs. Specifically, we note that, for an input f € PWgq (RD ) and a

lattice A, the ideal modulo output is decomposed as (see also Section [2.1])
ylk] =~k] —e, k] +n[k].

The recovery method from [28] involves a line-by-line approach, meaning that the
recovery is performed along dimension k1, Yk = [k, ..., kp]. By defining yg [k1] =
y Kl vi (k1] = v (K], i [ka] = v (K], &,k [k1] = &y [K], and ng [k1] = 7 k], the
recovery is performed by computing
(Y, AN [ =m]) = (v, AV [ = m]) — (e, g, AV [ — m])
+ (g, AN [ —m]).

(5D

We remark that the processing in is equivalent to applying filter ¢y ,, (36) in the
case of the multidimensional modulo-hysteresis operator when there is only one sample
per band in all dimensions, i.e., NP = NP = ... = NP = NB = 1. Even though the
noise here is not bounded, we can derive the condition when the USF would work for

a specific noise instance, which is [12]

| (s AN [ = m]) + (s AN [ = m])| < (Ti00)™ [|f lloo+| (mics AN [ = m])| < .

for all m € Z. Thus, recovery is only guaranteed if the noise instance is bounded by
(1o AN [ = ml)| < A= (T19216)™ [ fl|oo- (52)

In a similar fashion to the derivation of (98) it can be shown that (ng, AN [ — m]) ~
N (O, o2 . 2N ) We remark that the standard deviation of <771;7 AN [ — m]> is always
at least ov/2. Therefore, depending on the values of 77, €2, and ), the probability that
(2) holds may be very low. Conversely, in the recovery with the proposed operator
ME (Mg, V) satisfies (ng, Vp ) ~ ./\/(0,02 . ]%,—A;) (8], where the standard
deviation can be made arbitrarily small by increasing the number of samples N2 within
each band b. In Section E] this fact will be exploited to achieve significantly higher

recovery performance for the proposed operator ///,_? compared to ideal modulo 7).
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6. Numerical study

Let V = [vy, v5] be a randomly generated matrix such that ||vy]|s = ||vi]l2 = 1.
The input f : R?2 — R was restricted to two variables x1, x5 for visualisation purposes,

and was generated as f (x) = fo (Vx), where

B sin (Ql (;1:1 — k1 Q%)) sin (QQ (mg — kg&))
folov) = k%zz2 b & (xl - klﬂll) | Qy (372 - km%) -

We selected €2, = Q, = 1, and computed f for x € [—5, 5]%. The coefficients ¢, were
randomly generated for |k1| < 1,|k2| < 1, drawn from the uniform distribution on
[—1,1]. The dynamic range of f is [—1, 1]. We encoded f using the ideal modulo .,
with threshold A = 0.3 and the proposed modulo-hysteresis .3 with A = 0.3,h =
0.19, B = 0.32. The output samples, computed on lattice A with basis vectors vy, vy
and sampling periods 77, T5. We kept T = 0.02 s constant because its choice affects
in a similar fashion recovery from .#) and ///ﬁ (see [14]). We varied T5 in the range

[0.005 s,0.08 s]. The output samples are

y1 K] = 4 (f (VTK)) +n k], (54)
y2 [K] = 45 f (VTK) + n[K], (55)

where 1 [k] ~ N (0,02). We varied o in the range [0.04,0.08], and recovered the
input ¥ k] = f (VTk) + 7 [k] up to a constant multiple of 2 for .#, and 2h for ..
We generated 100 random inputs f and 100 noise sequences 7 [k] and counted the
number of inputs correctly reconstructed using each method. In our context, correctly
reconstructed means that the recovery conditions hold true. The results are depicted in
Fig.|3l We note that, while the accuracy increases significantly for .3 for small T5, as
proven by Theorem [3| for . the reverse happens. This is because .#) processes the
input in a line-by-line fashion, and does not exploit in any way the higher resolution
along dimension x5. In fact, here a higher resolution simply adds more noise samples
from sequence 7 [k], which are not filtered and thus increase the probability that (52))
does not hold. We also note that, for larger sampling periods 75 ~ 0.08 s, .# performs

slightly better for low noise, i.e., ¢ < 0.05. This is explained by the fact that the
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Figure 3: Reconstruction accuracy comparison for (a) the ideal modulo .# and (b) modulo-hysteresis ///HD

for a two-dimensional input.
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modulo-hysteresis requirement |(ng, AN [ —m])| < 7/2 — (T19Q1€)"™ || f]|oc is more
strict than (52)) given that h/2 < A. This is a small trade-off that enables .3 to handle

arbitrarily large values of ¢ for small enough sampling periods 7T5.

7. Proofs

7.1. Multi-Dimensional Modulo Properties

Proof for Proposition [I| (Bandlimited slices). We consider the slice fv = f(Vx)
along dimension x4, with d € {1,..., D} fixed. To this end, we apply the (D — 1) —
dimensional inverse Fourier transform to fy corresponding to all variables apart from

x4, such that

1
(Qﬂﬁ /}RD?1 Ffv (w) ) duy . dwg—1dwgiq . . . dwp (56)

- / Py (x) e~ avada, 57)
R

= /]R f (ZdD:l xdvd> eIt dyy = Fgq (wq) . (58)

Therefore, the spectrum of g; depends on the spectrum of fv (x), which will be eval-
uated in the following. To this end, via the change of variable x = Vx*, we get that
Ff(w)= f(x)e X dx = F(Vx*) e 7@V | det (V)| dx*
RD RD

= [ Fvx) e VTex) |det (V)| dx* (59)
RD

= |det (V)| - Ffv (VTw).

Using f € PWq (R”) we get that supp (Ff) C V=T - HdD=1 (—Q4,Q4q). Then,
via (39), we have that supp (F fv) C Hle (—Q4,Q4), and therefore F fv (w) =
0,Vwg € R, |wq| > Qq in (B6). It follows that Fgq (wq) = 0,Ywg € R, |wq| > Qa,
d # 1. Furthermore, choosing d = 1 gives us F fx (w1) = 0,Vw; € R, |wi| > Qy,
which finalizes the proof. O

Proof for Proposition 2| (Folding time separation). We first show an intermediate re-

sult in the following lemma.
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Lemma 1. For afixed vector b € 7P~V indicating the modulo band andr € {1, ..., R},

let gz,r : R — Rand g, : R = R be two functions defined as

gzr (21) £ fx (11) —€p 1 (21), Vx €RP, (60)
gr (x1) £ sup gz, (21)], Vzi €R. (61)
XERp

Then gx - and |gx | are Lipschitz-continuous as functions of x = [z1,%] € ZP and g,
is Lipschitz-continuous as function of x1 € R. Furthermore, the Lipschitz constant in

all cases is |||z - || f ] co-

Proof. We begin by deriving a bound for the Lischitz constant of function fyy =

f (V). Given that f is differentiable, according to the mean value theorem
v(x) = fv(X)=(Viv(e),x=X), ¥xXeERY, (62)

where ¢ = ax + (1 — «) X, « € [0, 1] is an intermediate point on the segment joining

x and X. Due to the Cauchy-Schwartz inequality
[fv (x) = fv ) <[V (©)ll2 - |x = X2 (63)

Next, we use the Bern3tein bounds in (I9) to derive a bound for ||V fv/|| as follows

D

IV =>"

d=1

9 2 D

— <> Q2f)1 64

n v @ <Dl (64)
d=1

which means fv is a Lipschitz-continuous function satisfying

v (%) = fv 0O < 192012 [ flloo - X = Xl2,  Vx,X € RP. (65)

For all x,X € RP~ and Va1, X, > 7, _; we have e, (#1) = €5, (X1),

which implies

g5 (21)] = lgx, CDI| < |gxr (01) = 9., ()| = | (1) = S (1)

= [fv (x) = v QO < (1€l - [[flloo - [ = X2

(66)

The final step is to show that g,. (1) is also Lipschitz, i.e., that the supremum does not

change the Lipschitz constant. To this end, we note the following two properties of the
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supremum. Specifically, for Ve > 0 and Vz1, X; € R, 3%, X, € R, such that

Jox ()] < 9 (1) < . ()] +€. o

19.001)| < gr (1) < |9y, (1) + .
We derive that g, (1) — g» (X1) < |gz. (z1)] + € — |gz. (X1)|. Similarly, we get
gr (X1) — g (1) < ’9566 (Xl)’ +€— ‘9565 (xl)‘ Finally, we restrict x1, X1 in (67) to
satisfy 21, X1 > 73, _; and select X, X in (66) as X = X, X = X., which yields

ox, ()| = [ox, ()]} +e
lox.. 01)| = [ox. @[} +e

<l [ flloo - |21 — X1| +€, Ve > 0.

90 (21) = g (1) < max {Jgx, (@1)] — lgx, (X1)].

< max { |lgx, (1) = lgx, ()]

)

Taking e — 0 above proves the required result. O
We begin by evaluating gg 1 (7510)

infy_~» fx (T0) + A
9x,1 (TB,O) = fx (TB,O) —hMg = fx (TB,O)_h \‘m — f>/<z (Tbﬁ) J h. (68)

Using that x — 1 < 2| < x we derive

infy Fx (T8,0)+A

. . Xerg X \'P:

fcIGI%B gi,l (TE70) 2 )7(161%{6 [fx (TB,O) — I’L b 3 + h

=—-A+h
. e (5.0) A (69)

inf~ Iy (TB0 —+

sup gs,1 (’7’5’0) < sup lfx (TB’O) —h Xers, 2‘ + 2h

RERE RERE

<=A+2h+Df <A —h.

Then, given that
XERp XERp

g1 (Tg,o) = Ssup |g>‘c,1 (7'570)| = max{ Sup 9gx,1 (Tg,o), - 7inf7 gx,1 (Tb,o)} )
XERp

we get g1 (TB’O) < A — h. Furthermore, g; is Lipschitz-continuous due to Lemma ,
and therefore continuous. Thus, given that 7, ; = inf {1 > 75 g|g1 (#1) = A} is true

by definition, we get g1 (751) = .
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We then investigate the variation of function g, between folding times 7, ( and 7, 4

as follows. Using Lemmal[I] we get

91 (T60) =91 (6.1) < Ul flloe - |50 — TH0]

and then we use that g (75 1) = A and g1 (75 ) < A — h to derive

h < |91 (75.0) — o1 (75,1)| :

Therefore the folding times satisfy the following bound

h
1761 — Too| = e (70)

We note the resemblance between (70) the one-dimensional case (). Next, we will

show by induction that g, (75 ,._1) < A—h, gr (7,,.) = Aand then |75, — 7 .| >
h _ _ . .

o= holds where sequence {TbJ, e ,Tbyr} is computed according to (22). The

base case r = 1 is shown in the derivation to (70). For the induction step we proceed

with computing g, 1 (TB,r)-

Ir+1 (TED,T’) = 7Sllp |gf<,7"+1 (TB7T)| = 7Sllp |f5( (TE,T) - 85,7“ (TB,T)| (71)
TER TER
= sup | fx (T6,) = b1 (Tbs) + hspr Ly oo (Tour) (72)
wE'Rg "’
= sup |g,—c,r (TB,T) — h557r| , where Spp = sign [gBB,r (TB_’T)] . (73)

ZERg

We have that supzcr, | 9z,r (TB’T) | = ), which leads to two possible cases

L. SUPzeRr; |95c,r (TB,’I")| = SUPgeRry 9%,r (TE,r) =A

Here we use that

S gxr (Tp.) — _inf gxr (Tor) = up fx (To) — :zien7£5 fx (15.,) <D,
which then implies infzer; gx,» (TB’,,) >A—=Df >X—h/2>0. Then
sign [gx,r (75,,)] = 5, = sign 955, (75.,)] = 1.

Then, continuing the derivation in (73)), we get

gr+1 (Tor) = sup |9z (7o) — hsp| = sup |gzr (75,) —h|.  (74)
X Rg :EERB

TE
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Next, we evaluate the sign of gx,, (75,.) — h as follows

=7 (Tgm) —h < sup gxr (TBAT) —h=X—h, (75)
TERg ’

gz,r (7'5 T) —h > inf gg, (TE_T) —h=AX=Df —h (76)
’ xCRy ’

> A= % > 0. an

The final inequality follows from the assumption i < 2)/3. It follows that (74)

9r+1 (Thr) = sup gz, (T5,) —h <A —h. (78)
EERB

= —infzer; 9%, (75,,) = A. As before, here we prove

, and fi-

2. SUPzeR; ’g,—w (7’57,.)’
that sign [g,—(,r (TBVT)] = -1, gr1 (TE’T,) = SUPzcRw; |g,—(7r (Tf)m) +h
nally gx., (75,.) + h € [~ + h,0) which leads to (78).

As in the base case r = 1, given that 73, .| = inf {z1 > 755 [gr41 (1) = A} is true
by definition and using the continuity of g, 1, we get gr41 (75,,41) = A. Using (78)

and the same reasoning as in the base case leading to (/0] the proposition follows. [J

Proof for Proposition 3| (Well-defined operator). For this to be true we need to show
the existence of Rg in (23). First, we derive some preliminary properties of fx. Due
to Propositionwe have that fx € PWgq, (R) and implicitly fx € L? (R). Using the
properties of the PWg (RP) space and || f || < oo, it follows that

lim fg(z1) =0, VYxeRPL (79)

Tr1—00

We require to show that the limit in (79) is uniform for all X, which is done in the

following lemma.

Lemma 2 (Uniform convergence). The following holds true
Ve > 0,3z] > 0,Vzy > 2],VX € R, st |fx(z1)] <e.
Proof. We prove by contradiction. Thus we assume

Je > 0,Vz] > 0,3z > 2], IX € R, st |fz(z1)| > e
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We select 27 = n, 21 = %1, X = X,, € Rg which leads to
de > 0,Vn € N*, 31, > n,3X, € Rp, st. |fx, (x10)] 2> € (80)

We use that, because Ry, is bounded, then any sequence X,, € R has a subsequence
Xy, € R that converges to a point in the closure of R, i.e.,
lim x,, =X €cl (RB) .
m—00

We then select n = k,,, in (80) and get

de>0,Vm € N*, 32y, > Ky, IXy,, € Rp,  s.t. ’f,—cmm (%1 k,,)

> €.

Furthermore, f is a Lipschitz-continuous function with constant ||€2||2- || f || as shown

in (63), which implies that

‘f:’cnm (ml,nm)’ — | fxe (Il,nm)‘ < {ffc,{m (71,6, ) = free (ml,nm)’

< €22 - 1 Flloo - 1%, = Xooll2-
This allows defining the following lower bound on | fx_ (1 x,, )]
[ free @1, )] 2 | fr, (@1, = 1912 - [ lloc - 1%, — Kool

We know that | fz, (1,

> e and limy, oo ||Xk,, — Xooll2 = 0. Then it follows
that | fx__ (1,4, )| cannot converge to 0 for m — oo, which directly contradicts (79).

Then the starting assumption is wrong, and the Lemma follows. O

We approach this proof by contradiction. If we assume that R%‘ > 0 does not exist
it follows that 7, ,. in (22)) is well-defined for r € Z, . Given that, by definition, 7y, ,. is
increasing as a function of r, then due to Proposition |Z| it follows that lim,_, o Thr =
oo. We use Lemmafor € = 2, which yields 3z} > 0 such that | fx (z1)| < 2,V¥x €
Rp, Va1 > zi. Given our assumption on 7 ,. then Ir* € Z, such that 7, ,. >
x}. Thus, by definition, supger_ | fx (75,+) — €5+ (T,~)| = A Using (3)-(T8)
where 7 is replaced by r* and functions g,, g, are defined in (60),(61), one can show

that g, 11 (TB’T) < A—h. The next folding time 7, ,.. | ; satisfies g, +1 (T57T*+1) =\
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In the following we will show this is not possible. Specifically, for 1 > 7 ..,

gre41 (21) = sup | fx (£1) — €p - (21)] = sup | fx (21) — €+ (T, )
= sup |f,—( (TB_’T*) — Ep (TB,T*) + fx(x1) — fx (TBVT*)

+ sup |fs¢ (z1) — fx (Tp )

<sup | fx (75,+) — € (Thooe)

<SA—h+h/2=X—h/2 <A

We conclude that the definition of 73, .., ; via (22) is therefore not possible, and thus
our assumption that 7, ,. is well-defined for r € Z is false, and the proposition follows.

O

Proof for Proposition 4| (Modulo output dynamic range). We first assume that z; sat-
isfies 1 € [TB,T, T, +1> and then extrapolate to the whole real axis. Given the defini-

tion of function e, ,. (Z4) it follows that ¢ (Vx) = e, . (1) and thus
2(Vx) = fx (21) — g, (21) = g=.11 (21) -

It was shown before that gg ;41 (TB’,,,) <A—h @) Furthermore, due to the defi-
nition of 75, ,.,; (22) we get that g, 1 (755 ,.1) = A and |gx,,41 (#1)] < A when our
assumption x; € [7’57,", Toor +1) holds. By repeating the process above for r € Z
we get |z (Vx)| < A\, Vz; > 0. For x; < 0, the process above is reproduced for

T € (TB,rfI’TB,r] NreZ._. O

Proof for Corollary [I|(Bound for intra-band variation). Let x,X € Ry. As shown
before (63), fv = f(V-) is a Lipschitz-continuous function with constant ||| -
Il f|loo- Then it follows that

[F (Vx) = F (VI < [[9Q]2 - ([ flloo - [l = X2 (81)
<122 - 1 fll - BVD. (82)

We recall that Df satisfies (26)

Df £ sup sup fx (z1) — inf fx(x1)]. (83)
bezP-1 z,€R |XER} XE€Rp
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We fix ab € ZP~1, and define Dy, f as
Dpf £ sup | sup fx(z1) — inf fx (1) . (84)
z1€R |XERG XE€Rp

We then use the property that there always exists a sequence in a set converging to the

infimum or supremum. Therefore, 3X,,, X,,, 1, such that

lim fin (ml,n) - an (xl,n) = DBf (85)

n—0o0

Given that f, (71,,) converges to the supremum and fy (21,,) to the infimum, it

follows that IN € Z such that fx, (z1,,) — fx, (21,n) = 0,Vn € Z,n > N. Then

fxo @10) = fx, (@10) = |fx, (@10) = fx, (@10)|, VR 2N (86)

D
< fllse - BVD - (| > 02 (87)
d=1

By taking n — oo above we have that Dy f < || f||oc - BVD - 25:1 02, Vb e

ZP~1, and computing Df = suppezn-1 Dy f leads to the desired bound. O

7.2. Multi-Dimensional Modulo Recovery

Proof for Proposition 6] (Detection of folding times). As in the continuous-time sce-

nario, we denote the one-dimensional slices of the samples in each band b by

D
Wil =7 [kTivi + ) kaTava) (88)
d=2
D
e kbl =&y [iTivi + > kaTuval (89)
d=2
D
N (k1] = n [k1Tivy + Z kaTyva (90)
d=2

where Tk € Ry and k = [ko,...,kp] € ZP~1. We note that, due to Definition
€., k [k1] does not change with k as long as Tk € Ry,. The filtered samples yg ,,

satisfy

Yo.m = (U ¥Bm) = (V1 Vbm) — (v Ubm) + (0 Vbm)
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We first exploit that v [k1] = foi (k1T1) where fx is bandlimited to € rad/s, which
yields [12] [14]

[(vvem) =5 D>, (AN [ —m])
TRERB
\ﬁLfij (Y, AN [- = m])| o1
Tke
< 7r (T1216)"™ [|flloe = (T121)™ || £l co-
TkeRg

Similarly, for the residual samples ¢, the following holds

errvomd] = [ X (enio &L =)
TRERB (92)
< N1B Z ‘<€71_<’AN[ —m}>’ = ’<571_< ’AN[ —m}> )
TRERB

for all k* satisfying Tk* € Ry, given that e, i does not change within the band b as
a function of k (24). We note that supp (A" [ —m]) = {m,...,m + N} and derive
that

{|@W¢W@y>h i m € Sy, )

’<€7,w5,m>‘ =0 otherwise,

Therefore, if (Ti121e)™ || flloc < /2 and [(n,¥pm)| < 7/2 — (T191€)™ || fllocs

then, if m € Sy,

‘<y7w5,m>’ |<57’w m>_ (<7’w5m>+<7771/}5 m>)’
> (&9 Ubm)| = [0 Ybm) + (0 VB )| 94
>h—h/2=h/2.

Furthermore, for m & Sy, we get [(y, ¥p )| < [(V:Vs.m)| + [0, V5.m)| < h/2.
Then, we identify if m € Sy by thresholding sequence <y, 1/)5’m> via the following

inequalities.

{ (v .m)] > 1/2 iEm g Sy, 5)

|<y»¢1}m | < h/2 otherwise,

Sequence 7 [ } is drawn from the normal distribution and is not bounded, there-

fore we can only guarantee that |(n, ¢ ,,,)| < h/2 — (T191€)™ || f|lso holds with a
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given probability. However, we will show that modulo-hysteresis allows increasing this
probability exponentially.

We use two properties of the p.d.f. of Gaussian distributions. First, given M ran-
dom variables 1; ~ N (0, 01»2) , ¢ = 1,..., M their summation satisfies Zi\il n; ~
N (0,0?), where o = Vo7 + -+ + 03,. Second, for a random variable 7, ~ N (0,0%),
the multiplication with a constant « yields an; ~ N (O, (aa)2).

Then the noise term <n, 7/)B,m> satisfies

AN 1 —mj-
<77a7/16,m>: Z Z [k NB] n K]

kezZP-1 k1€Z

=Y A —ml k), Alkl= g5 3 0

k1€Z kezb-1

(96)

2
Using the two p.d.f. properties above, 77 ~ A (O, (a\/ NB/NB) > N (O, ﬁB)
As expected, averaging gradually narrows down the p.d.f. of the distribution around the

origin. Furthermore, we can write
(o m) =AY xiqj[m], AN k] = AN [~ki],Vk € Z. ©7)

Given that A” = Al % -..x A" Vn € Z, we will compute recursively the p.d.f. of
(0,15 ) as follows. First, AL« 77[m] = 77[m + 1] — 7 [m]. Given that —7j [m] ~
N (0, 5—23), we get AL 7 [m] ~ N (0,0% % ). Recursively,

AN 7 [m] ~N<07a ) ) (98)

In the equation above one can notice that the finite difference degree N leads to an
exponential increase in the standard deviation of the noise term. A very similar result
was reported for bounded noise in the one-dimensional case [12} |14} 34]. However, in
this multi-dimensional case we have the option to decrease the noise by increasing the
number of samples NZ = H deo T . This can be done either by increasing the band
size B within the allowable range ensuring D f < min {h/2, 2\ — 3h}, but also by de-
creasing the sampling periods T, d = 2, ..., D. Both of these act only on dimensions
Z2,...,xp and are fully independent of dimension x; .

Therefore, the noise term (1, z/),;,m> in (38) represents a random variable that al-

lows to correctly evaluate if m € Sy via (93) when (1, v ,,,) < h)2—(Tie)™ || f]loo.

37



The probability that this doesn’t hold is denoted by pe, Which is calculated using the

p.d.f. of the normal distribution as

2/0@ L &)y (99)
rr = —F="€ 70 Z,
Pe max OOV 2T

where 09 = 0 - \/% and Nmax = h/2 — (TlQle)N I/ |loo- The integral above can be
bounded in terms of the complementary error function as follows, which finalizes the

proof [38,139]]

por < e~ (ae) (100)

O

Proof for Proposition[7|(Detection of constants My). We define by Yp, b+ the samples
y filtered with 1y, ;. where b* € Neighbors(B), such that [B*]d* = [B] g+ T1land

b b = (U:¥p6-) = (1, ¥bp-) — (v Uppe) + (1 ¥ pe)
Along the same lines as (O1), we derive

(7, ¥p.5+ )| < (Tar Q=)™ || fll oo (101)

Along dimension z4- and for Tk € Ry U R, k1 = 0, the support of Ui b 18
(NE[b], —1,....NE[b],. —1+N}.

Furthermore, the discontinuity between the bands would be located in between the
samples (Nj2 [b*],. —1) Ty-, N2 [b*] . Ty-. Using the same reasoning as before

©2P3)

|(ey,¥p5-)| = h if My # M., 102)

=0 otherwise,

Therefore, if (T Qq-€)™ || flloo < h/2and |(n, ¥p5- )| < h/2—(Ta-Qa-e)™ || flloos

then, if My # Mj., as before, we get (94)

’ <y1 V’B,B* >

> /2.
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Therefore, as before (93)), we identify if My # M;. by thresholding sequence <y, Vb b >

via the following inequalities:

> h/2 if My # Mg,

(v, 15 5+ ) (103)
)

|< 7¢B,B*>

< h/2  otherwise.

Assuming that My, # M., we compute sign ({y, 1p p-)) as follows. We first

show that

sign ((y, 5 p+)) = —sign ({e5, Y5 5-)) (104)
If we assume by contradiction that sign ((y,vp 5-)) = sign ((ey,Vp5-)) We get
(v, ¥p.5-) + (v b5+ )| = |(7,¥p5-)| < h/2. However, from (T02)-(T03) we
have that |(y,vp 5 )| = h/2 and |(ey, Vp 5- )

two quantities have the same sign, we get a contradiction and thus (T04) is true.

> 0. Given our assumption that the

Using the expression of ¢, 5. in (37), the definition of the residual in (20) and

Proposition 3] it can be shown directly that
N+1 . N+1
(ey,¥ppe) = h(Mp. — M) (=1)" ™" = sign ((e4, ¥pp-)) = (Mp. — Mp) (-1)V 1,

and thus sign ({y, ¥p p+)) = (Mp. — M) (—1)". Finally, we get that

Mpg. = Mg + sign (<y7¢5)5*>) (—1)N if |<y,¢575*> > h/2, 105)
Mg = Mg, otherwise.
Furthermore, the filtered noise satisfies (96}98)
2 2V
(1, ¥ppe) ~ N (07 o NB*) : (106)

Then, the probability that | (1, ¥p 5. )| < h/2 — (T4-Q4-€)"™ || f||oc doesn’t hold, de-

noted by pe,, satisfies

Derr < e_(%) . (107)
where og = o - ]\2,72* and Nmax = h/2 - (Td*Qd*e)N ||f||oo O

Proof for Theorem [2|(Noiseless input recovery). We note that, for o — 0, the results
in Proposition |§| and [7| hold true with probability 1. We then compute MB using
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Proposition |7| as follows. Given that M() = 0 by definition, one can compute suc-

cessively Z\Aj[bmo .... 0] from Z\A][brl’o 0] for Yby € Z4 and subsequently ]\Af[b%o ’’’’’ 0]

from ]\Aj[bﬁl)ow)o] for Vby € Z_. Repeating the process for by, d € {3, ..., D} yields
MB,VB N/
To compute the folding times via Proposition [6] we require that the sets character-

ized by each folding time in Sy do not overlap. Specifically we require that

Tb,ry Tb,r1 Tb,ro Tb,rs _
e [ [ [p o v [ =0

for Vry,re € Z, 11 # ro. A sufficient condition for this is

TED ) TB 1 TB T2 TB 1
RLIEN) [ g . & r2 b (N4 1
[TJ [T1W>T1 . S EO)

which can be guaranteed via Proposition 2] if

(N+1)Ty < (109)

h
Dl flloo”
Without reducing the generality we first assume that ;1 > 0 and thus 7, k; > 0. As

before, the case 1 < 0 is treated as a mirrored version of z; > 0. An immediate

consequence of (I08) is that forry = 0,7, = 1 = [Til—‘ > N + 1. Because there is

no actual jump taking place at 7; o = 0 = |<5,y7 1/15’0>| = 0 and |<y, 1/)5’0>| < h/2via

Proposition @ The smallest m for which filtered output satisfies ’(y, wgmﬂ > h/2
14 [75,1

ism=m -‘ — N. The last index m corresponding to folding time 7, 4

min T T,
detected via |(y, g )| = h/2ism = ml,, £ P%l—‘. We can compute m); and
ml., as
Min = min {m > 0l [{y, ¥, )| > h/2}, (110)
Mimax = Min + V. (111)

Assuming (I09) to be true, one can then compute recursively sequences m?. . mh

corresponding to folding time 7, ,. as follows

My = min {m > mp=t + N| |y, ¥ )| = 1/2}, (112)
Mmax = Mpin + V. (113)
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The folding time is estimated as 7y, . = [my;, + N] - T1. As in the case r = 1 we

min
can show that m”, = [TB’T-‘ — N. Therefore 7, = F%T-‘ - T1. Even though the

T

folding time is not perfectly computed, this has no effect on the input recovery because

F;—‘ = [T;—‘ and we only evaluate the residual at the sampling locations k'T. This
1 1
means that replacing 7, ,. by { T W T in the expression of €y (V'Tk) yields the same

values (see Definition 2)

Mb+zsb7 kilTl)

(114)

h | Mg + Zsbr 5] 7y 00 )(lel)

We note that, as explained before, we do not recover My but MB = My — Mp. This
will be accounted for at the final input reconstruction stage.

Furthermore, we estimate the sign as s, = —sign <y, Vb mr > We will show

that s, . = s, ,. as follows. Given that ’<7,1/)B’mrr, >‘ < h/2 and ‘<y,1/15’m7-. >‘ >
h/2, then, via (38), it follows that

Sign <y7 ’l/)]?),m;in> = 7Sign <€’y7 wB,m;in> .

We use the fact that ¢, [k] does not change for kT € Ry. For N > 1, using the
expression of A and (TT4),

<577 wﬁ,m;in> = (evs AN - Ml

=hsg, Y L. k1Ty) - AN [ky —mb,
= hsbp Y Ylr n)mo0) (B1T1) - AN [ky = mi,]
k1E€EZ
By applying the change of variable kf = k1 — m,;, — N
(e Ubimg, ) = W3 3 oo (KIT1) - AN [k + N] (116)
krez
=hsp, Y AV[kj+ N] = hsg,. (117)
kI €Zy

The last equality can be shown recursively via direct calculation for N > 1, given that

k1 > 0, which proves that s, ,. = s, ,..

)
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After the folding times and signs are computed as above for all b € ZP~1, the

input samples are reconstructed as
7 k] =y k] + &, [K], (118)

where &, k] = h MB +> o sB,rﬂ[TB ) (k1Th)| = ey [k|] — hMg, which leads
to v [k] = v [k] — hMp. O

8. Conclusion

The Unlimited Sampling Framework (USF) provides sampling rate guarantees that
allow tackling high dynamic range signals in the one-dimensional case. For multi-
dimensional signals, USF is typically applied sequentially, thus not exploiting the

multi-dimensional structure of the input. In this paper, we

¢ introduced the first multi-dimensional modulo operator and associated input re-

construction method from lattice samples,

¢ derived sampling rate conditions under which the reconstruction is perfect in the

noiseless scenario,
e provided probability error bounds under Gaussian noise assumption,

» showed numerically that, while USF does not allow noise amplitudes larger than
the modulo threshold, the proposed approach allows arbitrarily high noise for

sufficiently small sampling times.
This work can be extended in a number of ways

1. It can be coupled with modulo denoising approaches such as [31] to yield en-

hanced reconstruction algorithms.

2. While it is assumed that the input is bandlimited, this work can be extended for

inputs generated with B-splines or sparse inputs.

3. The model in our work can be extended to a wider range of models such as
modulo neuromorphic architectures, that could exploit multi-dimensional inputs

in a similar way to the biological systems [40]] [24].
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4. Alternative sampling mechanisms that would benefit from a multi-dimensional

modulo operation include one-bit sampling [41]] or average sampling [33]].

5. The current line of work can lead to a the implementation of a new multi-

dimensional hardware prototype.
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