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Abstract

Many signal and image processing applications have bedeéitearkably from the fact that the underlying signals
reside in a low dimensional subspace. One of the main moaoietsith a low dimensionality is the sparsity one. Within
this framework there are two main options for the sparse agiethe synthesis and the analysis ones, where the
first is considered the standard paradigm for which much mesearch has been dedicated. In it the signals are
assumed to have a sparse representation under a givemdigtidOn the other hand, in the analysis approach the
sparsity is measured in the dheients of the signal after applying a certain transfornmattbe analysis dictionary,
on it. Though several algorithms with some theory have beseldped for this framework, they are outnumbered by
the ones proposed for the synthesis methodology.

Given that the analysis dictionary is either a frame or the dimensional finite dference operator, we propose a
new sampling scheme for signals from the analysis modekilat's recovering them from their samples using any
existing algorithm from the synthesis model. The advantdgleis new sampling strategy is that it makes the existing
synthesis methods with their theory also available foraigfrom the analysis framework.
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1. Introduction

The idea that signals reside in a union of low dimensionaspabes has been used extensively in the recent decade
in many fields and applications [1]. One of the main problenag has benefited remarkably from this theory is the
one of compressed sensing. In this problem we want to re@venknown signak € RY from a small number of
noisy linear measurements:

y=MxX +e 1)

whereM € R™ js the measurements matrixe R™ is an additive noise angle R™ is the noisy measurement.

If the signalx can be any signal then we are in a hopeless situation in tkedfascovering it fromy. However,
if we restrict it to a low-dimensional manifold that does maersect with the null space &l at any point except
the origin then we are more likely to be able to recavé&om y by looking for the signal at this manifold, which is
closest toy after multiplying it byM.

An example for such a low dimensional manifold is the onk-eparse signals under a given dictionBrg R>",
In this case our signhal satisfies

X = Da, |lallo < K, (2

wherel|al|g is thefo-pseudo norm that counts the number of non-zero entries @t In this case we may recover
x fromy by minimizing the following problem,

@s_¢, = argminflally st [y —MDall; < Ae. Q)
(03
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where 1e is an upper bound fojie||, if the noise is bounded and adversarial, or a scalar depémafethe noise
distribution [2]. As this problem is NP-hard [3] many appimoation methods have been proposed for it [4, 5], such
as orthogonal matching pursuit (OMP) [6] and therelaxation strategy that replaces tfyepseudo norm with the
¢1-normin (3) [7].

One of the main theoretical questions being asked with cegethese algorithms is what are the requirements on
M, D, mandk such that the representatian,of x may be stably recovered froynusing these techniques, i.e., their
recoverya will satisfy

lla —all, < Cllellz, 4)

whereC is a certain constant (@ierent for each algorithm).

Two main tools have been used to answer this question. Thesfire coherence oD [8], which is the maximal
(normalized) inner product between the column$/@i. It has been shown that if the matiiaD is incoherent (has
a small coherence) then it is possible to get a stable regaging OMP and thé;-relaxation. The problem with the
coherence based recovery conditions is that they limit tiraber of measurementsto be of the order ok?, while
m = 2k is enough to guarantee uniqueness for (1) in the noiselsssatain = O(klog(n)) is enough for stability in
the noisy one.

The second property &iD used to derive reconstruction performance guarantees ig#tricted isometry prop-
erty (RIP). This property provides us with a bound on the maliand maximal eigenvalues of every sub-matrix
consisting of ank-columns from a given matrix. Formally,

Definition 1.1 (RIP [9]). A matrixA € R™" has the RIP with a constan, if 6y is the smallest constant that satisfies
(1- ) lIal; < IAGI3 < (1+ 64 @3, 5)
whenever € R" is k-sparse.

It has been shown for many approximation algorithms thay theg stable recovery in the form of (4), MD has
the RIP with a constani;x < &ref, Wherea and é,es are two constants dependent on the algorithm in question
[9, 10, 11, 12, 13, 14]. The true force behind these RIP cantitis that it has been shown that many matrices
(typically random subgaussian matrices) satisfy this ldogimen thatm = O(klog(n)) [9, 15, 16]. Notice that the
main significance of this result is that it shows that it isgibke to recover a signal from a number of measurements
proportional to its manifold dimensida

An alternative model for low dimensional signals that relom sparsity is the analysis framework [17, 18]. In this
paradigm, we look at the behavior of the signal after apgjyicertain operatad® € R™ on it, assuming tha®x has
¢ zeros.The number of zerog, is termed the cosparsity of the sigidtl8]. With this prior at hand, we may recover
x from (1) by solving

%ag = argmin|QKlly st [ly — MKl < e, (6)
X

where here alsd, depends on the noise properties.

Note that as we minimize the number of non-zero®iin (6), the number of zeros is the one that defines the
manifold dimension in whiclk resides. Each zero f2x corresponds to a row €2 to whichx is orthogonal. Denoting
by T the support of2x andT® it complimentary, we may say thatresides in a subspace of dimensibarank@rc).
Therefore ifQx hast = n — k zeros, wheré is the number of non-zeros in it, astlis in general position, i.e., every
d rows in it are independent, then the manifold dimensiah-ist.

In the noiseless case & 0), the requiremenin = 2(d — rank(Q+c)) is enough to guarantee uniqueness in the
solution of (6) (and therefore the recoveryfunder very mild assumptions on the relation betw€eand M
[18]. However, in the noisy case having a number of samplebeabrder of the manifold dimension, i.en =
O(d - rank(Q+c)) is not enough to guarantee stability even by solving (6).[T®refore, it is not surprising that the
recovery conditions for algorithms that approximate (@uieem = O(klog(n)) [20, 21, 22, 23, 24, 25, 26], whefe
is assumed to be either a frame [20, 21, 25, 26], the 2D-DIFatpg23, 24, 27, 28]or an operator that generates a
manifold with a tractable projection onto it [22].



Though the number of measurements in synthesis and anatgsmilar there are two majorfterences between
the two: (i) In synthesis the number of measurements areoptiopal to the manifold dimension, while in analysis
this is not necessarily the casekas n — ¢ might be remarkably larger thah— rank(ﬂ?) (See [22] for more details);
(ii) In synthesis the dictionarlp must be incoherent as otherwise the RIP condition will ng&rhold [29], while in
the analysis case there is no such restriction on the asalitionaryQ but only onM.

An interesting relation between analysis and synthesigwik depicted in [17], is that if2 is a frame and2x is
k-sparse them has ak-sparse representation undr= QF (the pseudo-inverse @), i.e.,x = DQx. Therefore, if
k is small enough then relying on the uniqueness of the spaesentation [30], we can recoveby minimizing
(3). The problem we encounter in this case is that unf@ss an incoherent matrix (its rows are incoherent) and
thereforeD is incoherentnoneof the existing synthesis approximation algorithms is gnéged to provide us with a
good estimate

1.1. Our Contribution

In this work we provide a new sampling strategy that allove®uering signals from the analysis model using any
existing synthesis algorithm, given that the analysisidiiary is either a frame or the 2D-DIF operator. Our scheme
is general and can be easily extended to other types of andigtionaries. Instead of sampling the signal itself, we
sample the signal in the analysis transform domain and teefomn the recovery in this domain. From the proxy
in the transform domain we get a reconstruction of our odbgignal. The idea to recover an analysis signal in the
transform domain is not a new idea and was used before [288339]. However, the uniqueness in our approach
compared to previous works is that (i) we sample with one immatrd then use another one for recovery; and (ii) we
make use of existing synthesis algorithms as a black boowitbhanging them for recovering the transform domain
codficients of the signal. Our sampling and recovery strategyasented in Section 2 for the case that the analysis
dictionary is a general frame or the 2D-DIF operator. In B&cB we provide a simple demonstration of the usage of
our scheme and in Section 4 we conclude the paper.

2. Sampling in the Transform Domain

Before we turn to present our scheme let us recall the problermim at solving in the analysis case:

Definition 2.1 (Problem®). Consider a measurement vectoe R™ such thaty = Mx + e whereQx € R" is either
k-sparse for a given and fixed analysis operdie R™ or almost k-sparse, i.€2x has k= n— ¢ leading elements.
The non-zero locations of the k leading elements is dengtdd M € R™ is a degradation operator anée R™ is
an additive noise. Our task is to recovefromy. The recovery result is denoted Ry

2.1. Guarantees for Frames

LetA € R™" pe a given matrix andi(y) = A(ylA, k) be an algorithm that receives a siggaiuch thay = Aa+e,
wherea € R" is eitherk-sparse or almodt-sparse, such that either one of the following (or the twcheft) holds:
(i) for the case that is an adversarial noise with a bounded energy it is guareribe

1
llee = A)IZ < Ca liel; + Co (ua — [aullz + Nl - [a]kni) , (7)
where []i is the besk-term approximation ofr, andC; andC, are two constants dependingArand the algorithnts

(See [9, 10, 11, 12, 13, 14]); or (i) for the case tkas a zero-mean white Gaussian noise with variameit is
guaranteed thatith a high probability,

lle — A5 < Cska? log(n) + Ca (na — [e]dli3 + % lle — [a]kui), (8)

whereC; andC, are two constants depending Arand the algorithms (See [40, 41, 42, 43]).
Assuming thaf in Problem® is a frame, we propose the following sampling and reconstmstrategy:

1Some recent works have addressed the case of coherenndit@® in the synthesis case [31, 32, 33, 34, 35, 36]. Howévey are very
limited to specific cases and do not apply to general typegctbdaries such as frames.
2Note that (7) is a generalization of the bound in (4) for theecthat is a non-exack-sparse vector.
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e Set the sensing matrix to B¢ = AQ. In this case we hawe = Mx + e = AQx + e and therefore we can apply
algorithmA to recoveiQx as it is ak-sparse (or approximately so) vector.

e Compute an estimate f@x: & = A(y).
¢ Use the frame’s Moore-Penrose pseudo-inverse to recoves Q'a.

This algorithm is summarized also in Algorithm 1. Remarkttwa sample in the transform domain ©f as we
sample withM = AQ, and then recover only witA the transform coficients ofx, i.e. @x. Note also that in the final
step, where we calculate= Q"W, we may replac&’ with any dictionary that satisfi€3Q = I.

Algorithm 1 Signal Recovery from Samples of Frames in the Transform Doma

Require: k, A e R™", Q € R™4, y, A, wherey = AQx + e, Qx is ak-sparse vector or approximately sois an
additive noise, ancfi(-) = A(-|A, k) is a synthesis recovery program fesparse signals under the mathix
Ensure: X: Approximation ofx.
Get a transform domain proxy féx: W = A(y|A, k)
Signal recoveryk = Q'W, generating a signal estimate using the transform domaixypr

The following theorem provideguarantees for signal recovery using the above scheme thia¢the synthesis
reconstruction program used int satisfies either (7) or (8), or both of them.

Theorem 2.2 (Signal recovery from samples of frames in the &msform domain). Consider the problen® such
thatM = AQ andQ is a frame with a lower frame bound A. Letbe the output of Algorithm 1 with the synthesis
programA(-|A, K). If eis a bounded additive adversarial noise af¥g holds forA(:|A, k) then

o C C 1
b= XI5 < 5 llel + -5 (nszTcxu% tr ||9Tcx||§), (9)

implying a stable recovery. is a zero-mean white Gaussian noise with variaméend (8) holds forA(-|A, k) then
with a high probability?.

., C C 1
IIx - I3 < nglog no? + A—‘z‘ (||9Tcx||§ t ||9Tcx||§), (10)

implying a denoisingfgect. The constants;CC,, Cs, C4 are the same as i) and (8).

Proof: We prove only the bound in (9). The proof for (10) is very semiand omitted. Assume that (7) holds. Then
sincey = AQX + e, we have that

N 1
I = W3 = [12x = AW)I; < Callefz + C2 (uszx — [l + 1 192X = [ﬂx]ku%) : (11)

We get (9) by using the facts that (Q2k]x = Q1x and therefor@x — [Qx]x = QtcX; (i) Q is a frame with a lower
frame boundA and therefordQ||, < £; and (i) x = @'Qx and thug|x - X, = [|Q" (@x — W), O
This theorem provides the same guarantees derived forssalgorithms, which were designed especially for

the analysis framework, using already existing methods fitte synthesis model. The wide use of the latter and the
large variety of programs available for it allow recovermgignal from a small number of measurements with more
ease, using our new sampling scheme. In addition, we mayhsdyhe above theorem demonstrates that our new
sampling scheme allows transferring almost any existisglté&rom the synthesis framework to the analysis one. One
example is the ability to s&t to be an expander graph. In this case, it is possible to retbgesignak using onlyk
steps [44]. To the best of our knowledge, such flitient strategy does not exist for the analysis framework.

SRemark that it is also possible to provide guarantees foegipectation of the error, given a variant of (8) that boutdsexpectation of the
error like in [40, 43]
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2.2. Guarantees for the 2D-DIF Operator

Having a guarantee for frames we turn to provide a guarawne2d-DIF, the two-dimensional finite flerence
operator. For convenience we assume fhiatan image (column stacked) of sikex N = d (N = Vd). Notice that
unlike frames, for the 2D-DIF operator a small distance antthnsform domain does not imply a small distance in the
signal domain. For example, the distance between two corigtages is zero in the transform domain of the 2D-DIF
operator. However, it can be arbitrarily as large as we wapedding on the constant value we assign to each image.
Therefore, it is impossible to recover a signal by just usirgscheme we have in Algorithm 1. Note that the problem
lies in the last stage of the algorithm as we do not have enmighmation to get back stably from the transform
domain to the signal domain. Note that also if we will add reav&,p_p|r and then apply a pseudo inverse, we will
not have a stable recovery in the signal domain given thevesgan the transform domain (See [23, 24] for more
details).

Therefore we utilize the tools used in [23] that studies ttggrmance of the 2D-DIF operator with the analysis
¢1-minimization, which is known also as the anisotropic tetliation (TV). Two key steps are used in that work for
developing the result for TV:

e The construction of the measurements:

M 1Xn fr
M 1Xnir
y= MoXntc |+ € (12)
M 2Xnic
Bx

wherexnsr, Xnir,» Xnfc @andxpc are versions of with no first row, last row, first column or last column respeslty.
In addition,M1, M, € R™*NN-1) gre assumed to satisfy the RIP wiig < % andBH Lis assumed to satisfy
the RIP withdso < 1, whereH is the bivariate Haar transform aBde R”‘ZX"

e The usage of the relationship betwe®p,_pr andH: For any vectow, if [|Qxp_pirVllp < k then|Hv]||y <
klog(d).

The first two measurement matriddg andM, provide information about the derivativesyofnd lead to a stable
recovery ofQup_pie X, the discrete gradient vector &f As we have mentioned befof®,p_pir is non-invertible.
Therefore, the reconstruction of the derivatives is notugiofor recovering the signal. For this purpose the third
matrix B is used to guarantee stable recovery also in the signal eorhis is achieved using the following theorem:

Theorem 2.3 (Strong Sobolev inequality. Theorem 8 in [23])Let N be a power 02 andB be a linear map which,
composed with the inverse bivariate Haar transfdgid~* € R™*9, has the RIP with a constadic < 1. Suppose
that forz € R we have|Bz||, < €. Then

l1zll, < log(d/K) [|1220-piF Zll1 + 7

2CH

13
1- o \/‘ —om (13)
where G = 36(480V5 + 168+/3).

We utilize the above theorem for extending our samplingnagple for the 2D-DIF operator. By observing again
the samples generated by andM,, and denoting b2, and€Q;, the vertical and horizontal flerence ofQyp_pir
respectively, we can writhl 1Xntr — M 1Xpr = M1QyX andM 1Xntc — M1Xnie = M2QpX. Alternatively, we can rewrite
it as

M 0
( 01 M., )QZD—DIFX» (14)

and we end up with having samples from the derivatives doniuttice that we do not have to restrict ourselves to a
block diagonal matrix composed of two linear maps for sangpéiach derivative direction. We can use any sampling
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operator that has recovery guarantees in the synthesig\ark for reconstructing the cicients in the transform
domain. We denote this reconstructionvisy

In order to recover the signal from its proxy, we take more measurements of the original signarhese are
taken using a matriB for which BH (its composition with the inverse bivariate Haar transfphas the RIP with a
constanty < 1. Given these measurements= Bx + &, we get a recovery of the signal by solving

Xop-piF = argminfQX — Woppielly  st. [IBX = yall, < [le2ll; . (15)
X

Algorithm 2 Signal Recovery from Samples of 2D-DIF in the Transform Doma
Y1
y2

Require: k, A €e R™" B € R™*4 Qo5 _pie, Y, A, wherey = suchthay; = AQyp_pipx+e€; andy, = Bx+ey,

€

Qop_piEX is k sparse or approximately se,= is an additive noise, andi(-) = A(-, A,K) is a synthesis

recovery program fok-sparse representation under the mafrix
Ensure: X: Approximation ofx.

Get a transform domain proxy féx: W = A(yi, A, k)

Signal recovery: Calculateusing(15) with y, andw.

To sum it up, our sampling strategy for the 2D-DIF operatarsists of taking two sets of measurements. The first
in the transform domainy; = AQ,p_pipX + €1, leads to reconstruction of the gradient components. Toenskis
taken with a linear map which is well behaved if applied tbgetvith the inverse of the bivariate Hags,= BX + e,
where its sole purpose is to convert the transform domaimag into a signal estimate using (15). Note that the
AQzp-piF

B and our measurements are of the foyr& Mx + e, where

linear map we use for sampling g = [

e= 2 . Our recovery strategy from these samples is summarizedgorithm 2. Note that in (15) we can use

|lell, instead of|ey|, if we do not have a good bound for the latter.
For the theoretical study of Algorithm 2 we make &elient assumption on the used synthesis progfarimstead
of the bounds in (7) and (8) we assume that the following holds

lle = AWy < Cs Vklello + Ce lle — [a]ll; - (16)

Such a bound holds for the synthegjsminimization with RIP matrices [23]. With this assumptiae are ready to
introduce the recovery guarantee for Algorithm 2.

Theorem 2.4 (Stable signal recovery from samples of 2D-DImithe transform domain). Consider the probler#

AQop_ . . .
such thatv = [ 2D-DIF | \whereA has the RIP with a constanty for a certain constant & 1, Q,p_pir is the

B
2D-DIF operator andBH ™! has the RIP with a constadf, < 1. LetX be the output oAlgorithm 2with the synthesis
programA(-|A, k). If eis a bounded additive adversarial noise afi®) holds forA(-|A, k) then

[IX = x|l < log(d/K) (C7 llell, + C_\/Eli< [1Q7cX|l1 ], (17)

implying a stable recovery, where;@nd G are functions of G anddx.
Proof: SinceX is a minimizer of(15) we have that

IBX = yall, < llezll> - (18)
Sincey, = Bx + & we have from the triangle inequality that

IB& =)l < 2]lell; - (19)
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Therefore, setting = X — x in Theorem 2.3 we have

2CH

%=l = = 10000/ 10 (% = Xl + 5= el (20
From the triangle inequality we have
1220-piF (X = X)ll; < 1Q20-pIFX — Wlly + [IW — Qap_piF X3 - (21)
Sincex is a feasible solution t@L5) andX is its minimizer we have
1R220-pIF X — W1 < [|Q2p-pIFX — W]|3 . (22)
Plugging (22) in (21) we have
1€220-piF (X = X)ll; < 2[|R2p-pIFX — Wiz - (23)

Notice that we can bound the right hand side (rhs) of (23) \{@#), whereaw = Qx anda = w. Therefore, by
combining (23) and (16) with (20) we have

llezll> - (24)

. 2Cq ( Ce
X=X, < log(d/Kk)|C + — ||Q7cX]|{ | +
1% =Xl < =5 10g(d/k)Cs el + 2 I2rexly | + 7=

O

Remark 2.5. An example of a procedurd(-|A, k), for which (16) holds, is the synthesi§-minimization withA
having the RIP with a constang < 1 [23].

2.3. Guarantees for a General Analysis Operator

Algorithm 3 Signal Recovery from Samples of a General Analysis Openatitie Transform Domain

Require: k, A € R™" B € R™4 Q vy, p, A wherey = [ 51 } such thaty; = AQx + e andy,; = BX + e,
2

€

Qx is k sparse or approximately se,= o } is an additive noisep is the£, norm used in this algorithm, and

A() = A(-, A, K) is a synthesis recovery program fesparse representation under the mafvix
Ensure: X: Approximation ofx.
Get a transform domain proxy féx: W = A(yy, A, K).

Signal recovery:

X = argmin|QX - Wil, st [IBX - yall, < ll€ll; . (25)
X

Extending this idea further we do not restrict the samplimgtegy in Algorithm 2 only t&2,p_pir. We present
this extension in Algorithm 3|t can be applied for any operator for which a stable recoiretiye codficients domain
implies a stable recovery in the signal domain by some aiditimeasurements of the signéhe following theorem,
which is similar to Theorem 2.4, provides a recovery guaeaitr this generalized scheme.



Theorem 2.6 (Stable signal recovery from samples of a gendranalysis operator in the transform domain). Consider

the problent? such thatM = AQ ] whereA € R™" andQ is a general analysis operator. Suppd®és a matrix

such that for any € RY, ||Bz||, sBe implies
llzll, < B[, + ye. (26)
and that for anyr € R" andy; € R™
lle = AW, < {lellz + e = [@]ull; - (27)

holds for the synthesis programi(-|A, k). LetX be the output of Algorithm 3 with the prograf(:|A, k) ande be a
bounded additive adversarial noise. Then

X = Xll> < 28 (£ llell; + £1R27eX]ly) + 2y ezl . (28)

Proof: As the proof is very similar to the one of Theorem 2.4 we pregéiefly. Using the same steps that led to
(20) and (23) we have

X = Xll2 < 28 11€2(% = X)ll, + 2y lleall> - (29)

and
(% - Xl < 2/12X — W, . (30)
Plugging (27) in (30), withw = Qx, and then combining the result with (29) lead to (28). O

Notice that the result in Theorem 2.4 is a special case oftibgeatheorem. We present two other special cases in
the following two corollaries. The first is a generalizatmiiTheorem 2.4 foL-dimensional signals and théd-DIF
operator, tha_ dimensional finite dference analysis dictionary.

Corollary 2.7 (Stable signal recovery from samples oED-DIF in the transform domain). Consider the problem

# such thatvl = AQLS’D'F
andH is the L-dimensional Haar wavelet transform. Ikelbe the output of Algorithm 3 with the synthesis program

A(JA,K) and p= 1. If eis a bounded additive adversarial noise afi®) holds forA(-|A, k) then

, WhereQ p_pr is the LD-DIF operatorBH ™! has the RIP with a constas < 1,

" C
1% — Xll, < log(d) {Cs llell, + ﬁ 927Xl | (31)

implying a stable recovery, wherg@nd G are certain constants.

The proof follows from a generalized version of Theorem 2r3ffieL-dimensional case (Theorem 6 in [24]) that
provides (26) withy = 1 andB = Iog(d)%(, whereC is a certain constant.

Remark 2.8. Notice that one may further generalize Theorem 2.6 to dealaith block sparsity [45, 46, 47, 48], i.e.,
the case thaf21x, QpX, ..., Q| X are jointly sparse, wher@ = [QT,Q;, e, QL]T. In this case, thé;-norm applied
on vectors inR" in Algorithm 3, Theorem 2.6 an(l.6) needs to be replaced with the mixé&g-nornt* applied on
matrices inRt*". An example for such a case is the L-dimensional isotropid t@riation, whereQ; is the derivative

in the i-th dimension (if .= 2thenQ; andQ, are the horizontal and vertical derivatives respectiveNdte that it can
be shown that thé; ,-minimization algorithm satisfies a version (df6) with thef; o-norm. In addition, Theorem 6 in
[24] provides a bound in the form q&6) with the£; ,-norm instead of thé;-norm. Therefore, it is possible to derive
a theorem similar to Corollary 2.7 equivalent to the theosdior the isotropic TV in [24]. We leave the details to the
interested reader.

4Applying anfz-norm on the rows followed by afy-norm on the resulted vector.
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The second corollary considers operators that can be vieg@drt of a frame.

Corollary 2.9 (Stable signal recovery from samples of a paral frame). Consider the probler® such thatM =
AQ
B

A, ando-mm(Bf!"') >Cpp and”B -0’0 “ < Cq, for constants ¢; and G, satlsfylng 12 < 1. LetX be the output

of Algorithm 3 with the synthesis prograd(:|A, k) and p= 2. If eis a bounded add|t|ve adversarial noise affy)
holds forA(-|A, k) with = Cizandé = C“‘ , where Gz and Gy are certain constants, then

, whereQ is a matrix for which there exis@ such thatQg = [QT QT] is a frame with a lower frame bound

. C
X = X|l2 < (C15||e”2 + ﬁ IIQTcXHl), (32)

implying a stable recovery, wherg£and Gg are constants dependent only on A; i, Ciz and Gig.

Proof: For the proof we just need to show that (26) holds. Using thketdrame bound followed by the triangle
inequality and the fact thatmm(Bf!"') > Cy1, We have

1 1 ~
Izllz < 3 1QF 2l < ||szz||2+ ||szz||2_ ||szz||z+ﬁnllssz‘szzll2 (33)

Using the triangle inequality and the fact tlﬂﬁi(l - fziﬁ)“ < Ci2 we have

IBE 0], < B2, + Cazlzl, (34)

Plugging (34) in (33) with some simple arithmetical stefzsliéo

C 1
(1— Aéz )||Z||2 < A||Qz||2+ ac; Bzl (35)

Notice that by the assumptions of the corollary % > 0. This equation provides the constants in (26), completing
the proof. O

Remark 2.10. An example for a programA(-|A, k) that satisfies the assumption of the theorem is CoSaMP [10].

Remark 2.11. An example for a matriB that satisfies the assumptions of the theoreBi14s€. In this case G, = 1
and G, =0

Another family of analysis operators that might be of ingtiis the one of convolutional operators [49]. In this
case the condition number ©f is usually very large and the sampling strategy used wittoAlgm 3 is needed, as
we cannot sample directly from the transform domain likenim ¢ase of frames. We leave the exploration of this case
to a future research.

3. Epilogue - Do We Still Need Analysis Algorithms?

Following the fact that our proposed recovery guaranteesiarilar to the ones achieved for the existing analysis
algorithms and that sampling in the manifold dimension @flgsis signals lead to unstable recovery [19], one may ask
whether there is a need at all for reconstruction stratdfegsely on the analysis model. For this reason we perform
several experiments to compare the empirical recoveryopadnce of our new sampling scheme, with synthesis
¢1-minimization, and the standard sampling scheme, withyaisgll;-minimization, for signals from the analysis
framework.The minimizations are performed usingx[50, 51].

We start with the case of signals that are sparse after ajgphgindomly generated tight-frames. We €ete
R144120 where the signal dimension @& = 200, andk = 144 — 110 (setting the signal intrinsic dimension to
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Figure 1: Comparison between recovering a signal that lgelém the analysis model, with a frame as the analysis operaimg the standard
sampling scheme with analysis algorithm and our new samglitheme with synthesis algorithm. Left: Recovery ratetfentoiseless case. Right:
Reconstruction mean squared error in the noisy case.
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Figure 2: Comparison between recovering a signal that gslemthe analysis model, with the 2D-DIF as the analysisaipgrusing the standard
sampling scheme with analysis algorithm and our new samgliheme with synthesis algorithm. Left: Recovery ratetfentoiseless case. Right:
Reconstruction mean squared error in the noisy case.

be 10, see [32] for more details). In the standard samplibgpseghe entries of the sensing matik € R%*d,
wherey € {0.05,0.1,0.15,..., 1}, are randomly generated from an i.i.d random Gaussiantiision, followed by

a normalization of each column to have a uiinorm. For the new scheme we $dt= AQ with A € R¥rx1.2d g
random Gaussian matrix selected in the same wayMhiatselected in the standard sampling scheme. For each value
of y we generate 1000 filerent sensing matrices and sigratbat have sparsitig underQ. The signals are generated

by projecting a randomly selected Gaussian vector to thegade orthogonal to randomly selected k rows from

Q, followed by normalization of the vector.

In Fig. 1 wepresenthe recovery rate of the two algorithms in the noiseless amslyrcases. The noise is set to
be i.i.d white Gaussian with- = 0.01. It can be seen that it is possible to recover signals firanalysis model
using Algorithm 1. However, this comes at the cost of usingersamples in order to achieve the same recovery rate
and error. This shows us that though the theoretical gueeartf the analysis algorithms take into account &rapd
not the intrinsic dimension of the signals, losing the infation about the latter, which happens when we sample in
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the transform domain, may harm the recovery. On the othed ibwe can &ord having more measurements, then
we have the privilege of using existing synthesis algorghwhich have a large variety ofiécient implementations
compared to what is available for the analysis model. Fomgte, compare the methods available for the generic
synthesig;-minimization problem [52, 53, 54, 55, 56, 57, 58, 59, 60, ®1he ones designed for the generic analysis
¢1-minimization [62, 63]. Remark that the advantage ficgency is not unique to thé;-relaxation alone.For
more examplesye mention the sampling with expander graphs [44] that doesave a counterpart in the analysis
framework andefer the reader to compare OMP with GAP [18] or the synthgseedy-like algorithms with their
analysis versions [32].

We repeat the experiment with the 2D-DIF operator and compaalysii-minimization with the scheme in
Algorithm 2 that uses synthesfg-minimization for recovery. The signals we generate areloam14x 14 images
with four connected components. We start with a constang@aand then add to it three additional connected com-
ponents using a random walk on the image using the same tpehim [19]. The sensing matrices are selected as
in the previous experiment, where in the new sampling scheenassign 2 measurements (from the total number of
measurements we use) in the noiseless case for the signaérgdrom the transform domain proxy ang 10 in the
noisy case.

Figure 2 presents the reconstruction rate in the noiseless and the recovery error in the noisy case, where the
noise is the same as in the previous experiments. We seentleggrbenomenon that we saw in the previous experiment
but stronger. As the redundancy the in analysis operataggebin this experiment, the number of measurements we
need for the new scheme is relatively larger and the recoxeoy in the noisy case is higher. Another reason, other
than the bigger redundancy, for the inferior performancthis case is that we separate the measurements we have
into two parts, where in the standard scheme the analysisinimization uses all the measurements at once for the
recovery of the signal. Note that this causes that even igdke thatn = d we do not get 100% recovery. Clearly in
this case we will just invert the measurement matrix instgfagsing neither of the two schemes.

4. Discussion and Conclusion

In this work we have presented a new sampling and recoveategly for signals that are sparse under frames or
the 2D-DIF operator in the analysis model. Our scheme aslxisting algorithms from the synthesis sparsity model
to recover signals that belong to the analysis frameworle ddvantage of this technique is that it enables the usage
of existing tools for recovering signals from another modélough in theory there is no additional cost for the usage
of this scheme, it seems that in practice its advantage caiib® cost of the usage of more measurements in the
sampling stage. This gap between the theory and practidalrpgance gives us a hint that the existing guarantees are
not tight and that there is a need for further investigatitthe field. Another direction that should be further explored
is the usage of the structure in the signals for designings#mepling operator, as is done for the 2D-DIF operator
[27, 28].
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