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Blind Deconvolution using Modulated Inputs

Ali Ahmed

Abstract—This paper considers the blind deconvolution of
multiple modulated signals/filters, and an arbitrary filter/signal.
Multiple inputs s, s7,...,5y =: [s,] are modulated (pointwise
multiplied) with random sign sequences r|,ry,....ry =: [ru],
respectively, and the resultant inputs (s, © r,) € C<, n € [N]
are convolved against an arbitrary input h € CM to yield
the measurements y, = (s, Ory)®h, n € [N] := 1,2,...,N,
where © and ® denote pointwise multiplication, and circular
convolution. Given [y,], we want to recover the unknowns
[s,] and h. We make a structural assumption that unknowns
[sn] are members of a known K-dimensional (not necessarily
random) subspace, and prove that the unknowns can be recovered
from sufficiently many observations using a regularized gradient
descent algorithm whenever the modulated inputs s, © r,, are
long enough, i.e, O > KN + M (to within logarithmic factors, and
signal dispersion/coherence parameters).

Under the bilinear model, this is the first result on multi-
channel (N > 1) blind deconvolution with provable recovery
guarantees under near optimal (in the N = 1 case) sample
complexity estimates, and comparatively lenient structural as-
sumptions on the convolved inputs. A neat conclusion of this
result is that modulation of a bandlimited signal protects it
against an unknown convolutive distortion. We discuss the appli-
cations of this result in passive imaging, wireless communication
in unknown environment, and image deblurring. A thorough
numerical investigation of the theoretical results is also presented
using phase transitions, image deblurring experiments, and noise
stability plots.

Index Terms—Blind deconvolution, gradient descent, passive
imaging, modulation, random signs, multichannel blind de-
convolution, random mask imaging, channel protection, image
deblurring.

I. INTRODUCTION

This paper considers blind deconvolution of a single input
convolved against multiple modulated inputs. We observe the
convolutions of k€ CM, andl] [s,] € C2 modulated in
advance with known [r,] € R, respectively. Modulation
(sn © ryp) is simply the pointwise multiplication (Hadamard
product) of the entries of s,, and r,. Mathematically, the
observed convolutions are

Yn=h®[,Os,), nc[N] (D

where @ denotes an L-point circular convolutiorﬁ operator
giving [y,] € CE. We always set L > max(Q, M). We want to
recover [s,], and h from the circular convolutions [y,]. We
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IThe notation [s,,] along with other notations in the paper is introduced in
Notations section below.

2Two vectors in CM | and C2 are zero-padded to length L and then
circularly convolved to return an L-point circular convolution.

make a structural assumption that the entries of the modulating
sequences [r,] are random, in particular, binary +1. This
implicitly means that the signs of the inputs s, @ r,, n € [N]
are random/generic. In applications, this may either be justified
by analog signal modulations with binary waveforms (easily
implementable) prior to convolutions or might implicitly hold
when the inputs are naturally sufficiently diverse (dissimilar
signs).

This problem arises in passive imaging. An ambient uncon-
trollable source generates an unstructured signal that drives
multiple convolutive channels, and one aims to recover the
source signal, and channel impulse responses (CIRs) from
the recorded convolutions. Recovering CIRs reveals important
information about the structure of the environment such as in
seismic interferometry [1]], [2]], and passive synthetic aperture
radar imaging [3]]. Recovering the source signal is required in,
for example, underwater acoustics to classify the identity of a
submerged source [4]-[6]], and in speech processing to clean
the reverberated records [7]. In general, the problem setup
is of interest in signal processing, wireless communication,
and system theory. Apart from other applications, one specific
and interesting result of general interest is that randomly
modulating a bandlimited analog signal protects it against an
unknown linear time invariant (or convolutive) system; this
will also be discussed in detail below.

We assume that [s,] live in known subspaces, that is, each
s, can be written as the multiplication of a known Q X K tall
orthonormal matri C, and a short vector x, of expansion
coefficients. Mathematically,

s, =Cxy,, ne[N]. )

It is important to point out critical differences in the
structural assumptions compared to the contemporary recent
literature [8]], and [9]-[13]] on blind deconvolution, where at
least one of the convolved signals is assumed to live in a
known subspace spanned by the columns of a random Gaus-
sian matrix. Signal subspace in actual applications is often
poorly described by the Gaussian model. We relinquish the
restrictive Gaussian subspace assumption, and give a provable
blind deconvolution result by only assuming random/generic
sign (modulated) signals that reside in realistic subspaces
spanned by DCT, wavelets, etc.

Additionally, we take h to be completely arbitrary, and do
not assume any structure such as a known subspace or sparsity
in a known basis; this is unlike some of the other recent works
[O]-[12]. In general, we take M < L as already assumed in
the observation model (T)). Equivalently, we assume length M
vector h to be zero-padded to length L before the L-point

3The model and all the results in the paper can be easily be generalized to
different matrix C,, for each n.



circular convolution. In the particular case of multiple (N >
1) convolutions, as will be shown later, no zero-padding is
assumed, i.e., one can set M as large as L. This is important
in applications such as passive imaging, where often the source
signal is uncontrolled, and unstructured, and hence cannot be
realistically assumed to be zero-padded; see, the discussion in
Section [l

Let F be an L X L DFT matrix with entries Flw,n] =
\/L_e“z’““"/ L (w,n) € [L] x [L]. Formally, we take the

L
measurements in the Fourier domain

o = \/Z(FMhO 0} FQ(rn O] SO,n)) +éy
= \/Z(FMhO o FQRnch,n) + én’ (3)

where R, := diag(r,) is a Q X Q diagonal matrix, hy,
xo := vec([xon]) are the ground truths, y, = Fy,, and
[é,] € CL denote the additive noise in the Fourier domain.
To deconvolve, we minimize the measurement loss by taking
a gradient step in each of the unknowns hy, and [x,] while
keeping the others fixed. This paper details a particular set
of conditions on the sample complexity, subspace dimensions,
and the signals/filters under which this computationally feasi-
ble gradient descent scheme provably succeeds.

A. Notations

Standard notation for matrices (capital, bold: C, F, etc.),
column vectors (small, bold: x, y, etc.), and scalars (a, ¢, C,
etc.) holds. Matrix and vector conjugate transpose is denoted
by * (e.g. A*, x¥). A bar over a column vector ¥ returns the
same vector with each entry complex conjugated.

In general, the notation [x,] refers to the set of vectors

{x1,X2,...,xn}. Moreover, [x,] € C2 means that x,, € C2
for every n. For a scalar N, we define [N] := {1,2,3,...,N}.
The notation vec([x,]) refers to a concatenation of N vectors
X, X2, ..., XN, Le., vec([x,]) := [x’];/x;, .. .,x}‘v]*.
For a matrix C, we denote by C®", a block diagonal matrix
SN | eqel ® C, where ® is the standard Kronecker product,
and [e, ] are the standard N-dimensional basis vectors. Build-
ing on this notation, we define, for example, (R,C)®N =
Z,],Vzl eqe, ® R, C for a sequence of matrices Ry, Ry, ..., Ry,
and C. We denote by Fj, a submatrix formed by first L X J
columns of an L X L matrix F; e.g. (F;)* denotes a J X L
matrix. We denote by Ix, a K X K identity matrix. Absolute
constants will be denoted by C, cy, ¢y, ..., their value might
change from line to line. We will write A > B if there is an
absolute constant ¢; for which A > ¢;B. We use || - |l2, || - [lco
to denote standard ¢», and ¢, norms, respectively. Moreover,
| ll+> || - 22, and || - || signify matrix nuclear, operator, and
Frobenius norms, respectively.

B. Coherence Parameters

Our main theoretical results depend on some signal dis-
persion measures that characterize how diffuse signals are
in the Fourier domain. Intuitively, concentrated (not diffuse)
signals in the Fourier domain annihilate the measurements in
(@) making it relatively difficult (more samples required) to
recover such signals. We refer to the signal diffusion measures
as coherence parameters, defined and discussed below.

CKN

For arbitrary vectors k € CM, x := vec([x,]) € , where

[x,] € CK for every n, we define coherences
2 IFamhlls, 5 IC=Nx |13,

2= L 22 ON
) [B415

2 . 2
2 , and Vmax -~ ollClls,
Al

4)

where as noted in the notations section above, C®" is a block
diagonal matrix formed by stacking N matrices C.

Similar coherence parameters appear in the related recent
literature on blind deconvolution [9], [[12], and elsewhere in
compressed sensing [14], [15]], in general. Without loss of gen-
erality, we only assume that ||h|l» = Vdo, and ||xo|> = V.
For brevity, we will denote the coherence parameters ,uflo, and
v)zco of the fixed ground truth vectors (hg, xg) by

W= ;1,210, and v? := vﬁo. 4)

In words, coherence parameter ufl is the peak value of the
frequency spectrum of a fixed norm vector k. A higher value
roughly indicates a concentrated spectrum and vice versa. It
is easy to check that 1 < ui <L.

On the other hand, v? quantifies the dispersion (not in the
Fourier domain) of the signals s, = Cx,. A signal con-
centrated in time (mostly zero) remains somewhat oblivious
to the random sign flips r, © s,, and as a result is not
as well-dispersed in the frequency domain. Let ¢, , be the
rows of C®V. By definition, v§||x||§ > QNIc:;’nxl2 for any
(g,n) € [Q] X [N]. Summing over (g,n) € [Q] X [N] on both
sides, and using the isometry of C gives us the inequality
v2 > 1. The upper bound v2 < QN is easy to see using
Cauchy Schwartz inequality, hence, 1 < v2 < ON.

The third coherence parameter v2,, in (@) ensures that the
subspace of vectors s, is generic—it is spanned by well-
dispersed vectors. One can easily check that 1 < v2, < O,
I
e

Our results indicate that for successful recovery, the sample
complexity or the number LN of measurements, and the length
of the modulated signals QN scale with w2, v?, and v2,,,.

and the upper bound is achieved for C =

C. Signal Recovery via Regularized Gradient Descent

Notice that the measurements in are non-linear in the
unknowns (kg, xo), however, are linear in the rank-1 outer-
product hofg. To see this, let fg‘ € CM be the ¢th row of
Fjs, an L X M submatrix of the L X L normalized DFT matrix
F, and é;, € CKN be the ¢th row in the nth block-row of
the LN x KN block-diagonal matrix VL(F, oR,C)®N . The (th
entry $,[£] of measurements §, in (3 is then simply

Inlll = frhoXolen + enll] = (fely . hoXg) + &[] (6)

the linearity of the measurements in kX is clear from the last
inequality above. We also define a linear map A : CM*KN _,
CLN that maps hox; to the vector § := vec([§,]). The action
of A on a rank-1 matrix hx* returns

Ahx™) = {f hx" ¢ pn}en, (L)€ [L] X [N],
and therefore, y = A(hox,) + e, @)



where in the last display above e := vec([é,]), and we used
the definition of A to compactly express (6). It also shows that
multichannel blind deconvolution with a shared input kg can
be treated jointly as a rank-1 matrix hox; € CM*KN recovery
problem, and the observations [§,] in all the channels are the
linear measurements of this common rank-1 object.

Given measurements § of the ground truth (hg, xg), we
employ a regularized gradient descent algorithm that aims to
minimize a loss function:

F(h,x) = F(h,x) + G(h, x). (8)

w.r.t. h, and x, where the functions F(h,x), and G(h,x)
account for the measurement loss, and regularization, respec-
tively; and are defined below

F(h,x) := | Ahx") = $|l; = [|Ahx" - hox}) - ell; =
| ARx* = hoxg)ll; + llell3 — 2Re((A"(e), hx* — hox;)), (9)
and
k15 ||x||2 < L|f5h|2
h =
G(h.x) = p|Go|— = +GC Z:: 8,7

& (QNIey, x|2
+;;GO s )l (10)
where G(z) = max{z—1,0}2. Conforming to the choice in the
proofs below, we set p > d” + ||e||§, and 0.9dy < d < 1.1dy
(proof of Theorem [2] below). Together, the first and third term
in the regularlzer G(h,x) penahze any h for which ||k ||2 > 2d,
and ||h||2,uh L||Fah)2 > 8du>. Slmllarly, the second and
fourth term penalize the coherence v2 and norm of x. In words,
the regularizer keeps the coherences ,ufl, ; and norms of

xa

(h, x) from deviating too much from those of the ground truth
(ho, x0).

The proposed regularized gradient descent algorithm takes
alternate Wirtinger gradient (of the loss function F(k, x)) steps
in each of the unknowns h, and x while fixing the other;
see Algorithm [I] below for the pseudo code. The Wirtinger
gradients are defined asﬂ
oF

VE, : Zi = (;—;:’ and VFE, (;I:" I (11

We explicitly write here the gradients of F(h,x) in (9) w.r.t.
h, and x, to shed a bit more light on how the multichannel
problem is jointly solved across all the channels for the same

h. Recall from (7)) that by definition

Fyho FQR1Cx1
Fyh © FQRQCXQ
Alhx™) = .

Fuyh @FQRNC.X'N

It is then easy to see that the gradients of F(h, x) w.r.t. h, and
[x,] are

N
VEy = ) Fi[(FoR,Cx,) © (Fyh © FoR,Cx, - 3,)]
n=1

4For a complex function f(z), where z =u+w cCL andu,v e RL, the

Wirtinger gradient is defined as g—; =3 (gi + L%) .

Fx, = (FoR,C)*[(Fymh) © (Fyh © FoR,Cx, — §,)].

where recall that bar notation Z represents the entry wise
conjugate of a vector z. The gradient VF, is obtained by
stacking [VFy,] in a column vector. However, as k is fixed
across channels, its gradient update is jointly computed as an
average of the contributions from all the N channels. Jointly
solving for & enables recovery of arbitrary kA with no additional
assumption such as & lying in a known subspace as is the case
for single-channel blind deconvolution [9], [[10].

Similar algorithms with provable recovery results appeared
earlier beginning with [16], [[17] for matrix completion, and
[18]] for phase retrieval, and in [[10]] for blind deconvolution,
however, with observation model different from (1)) considered
here.

Algorithm 1 Wirtinger gradient descent with a step size i

Input: Obtain (ug, vg) via Algorithm [2| below.
forr=1,... do _

ur — ury — Vi (w1, ve-1)

v Vi1 =NV (ue-1,v1-1)
end for

Finally, a suitable initialization (ug, vg) for Algorithm 1] is
computed using Algorithm [2] below. In short, the left and
right singular vectors of A*(¥) when projected in the set of
sufficiently incoherent (measured in terms of the coherence u,
v of the original vectors kg, and xg) vectors supply us with
the initializers (ug, vo).

Algorithm 2 Initialization

Input: Compute A*($), and find the leading singular value d,

and the corresponding left and right singular vectors fig, and %o,

respectively.

Solve the following optimization programs

ugy « argmin ||k — \/Eﬁonz, subject to VL|Fph|loo < 2\/3,11, and
h

Vdzgll», subject to VON|C®N x|l < 2Vd.

v < argmin ||x —

Output: )Euo, Vo).

D. Main Results

Our main result shows that given the convolution measure-
ments (3), a suitably initialized Wirtinger gradient-descent Al-
gorithmconverges to the true solution, i.e., (uy, v;) ~ (hg, xg)
under an appropriate choice of Q, N, and L. To state the main
theorem, we need to introduce some neighborhood sets. For
vectors h € CM and x € CKN | we define the following sets
of neighboring points of (h,x) based on either, magnitude,
coherence, or the distance from the ground truth.

Nay = {(h, 0)lllklb < 2v/do, IIxlb < 2vdo},  (12)
Ny = {(h, x)VLI|IFphlleo < 4pdo}, (13)
Ny = {(h, x)[VON[IC®N x|l < 4v/do}, (14)
Ne := {(h, x)l|hx" = hoxlr < edo}. (15)

Our main result on blind deconvolution from modulated
inputs (@) is stated below.



Theorem 1. Fix 0 < & < 1/15. Let C € R2*X be a tall
basis matrix, and set so,, = Cxqn; and xo, € ck for every
n=123,...,N, and hy € CM pe arbitrary vectors. Let the
coherence parameters of C and (ho, xo) be as defined in ().
Let [r,] be independently generated Q-vectors with standard
iid Rademacher entries. We observe the L-point circular con-
volutions of the random sign vectors rp © So., with ho, where
L > max(Q, M), leading to observations contaminated
with additive noise e. Assume that the initial guess (ug, vo)
of (ho, xo) belongs to V_Ndo N ‘}_N N ‘/_N NNy, then Al-
gonthmlwzll create a sequence (U;, v;) € NdoﬂN ﬂN NNE,
which converges geometrically (in the noiseless case, e = 0)
to (ho, xo), and there holds

lwrv),, = hoxglle < 2(1 = nw) ™ 2edy + 50(| A" (€)]l—2

(16)
with probability at least
1 —2exp (—cétzQN/,uzvz), 17)
whenever
ON > (%(/1 V2 KN? +v2M)log*(LN), (18)

t

where 6; := ||lu;v; — hoxgllr/do, @ > 0, and n is the fixed

. . . o?d?
step size. le cx > 1. For noise e ~ Normal(0, 57xI1n) +

(Normal(0, = TN ILN) [|A*(e)]lr—2 < %‘Sdo with probability at
least 1 — O((LN)™%) whenever

2

LN > co %5 max(M, KN log(LN)) log(LN).  (19)
&

The above theorem claims that starting from a good enough
initial guess the gradient descent algorithm converges super
linearly to the ground truth in the noiseless case. The theorem
below guarantees that the required good enough initialization:
(up,vo) € Ndo \/lgNﬂ n %N‘, n N%g is supplied by
Algorithm Q}

Theorem 2. The initialization obtained via Algorithm 2] satis-
fies (ug,vo) € \/_Ndo N \/_N ol \/_N ﬂNz & and 0.9dy < d <
1.1dy holds with probability at least 1 — Zexp (- ce’QN /iy )
whenever

oN > & (,u V2 KN?+ VZM) log*(LN).

Proofs of Theorem [T} and [] are given in Section and
Appendix [G] respectively.

E. Discussion

Theorem (1} and [2] together prove that randomly modulated
unknown Q-vectors [sg,], and unknown M-vector hy can
be recovered with desired accuracy from their N circular
convolutions ko ® (r, © so), n € [N] under suitably large
0, N, and L. We will refer to the bounds in (I8), (I9), and
L > max(Q, M) as sample complexity bounds. Together these
give

LN > ON 2 (12v:  KN* +v*M)log*(LN)  (20)

for a fixed desired accuracy 6,4 of the recovery. We want to
remark here that the result only guarantees an approximate
recovery as is the case in some earlier works [16], [19],
[20] on matrix completion using non-convex methods. For
example, [16] uses fresh independent samples to compute a
stochastic gradient update for technical reasons of avoiding
dependencies among the iterates; this leads to an approximate
recovery. On the other hand, our measurement model gives
rise the dependent scalar measurements (6) across index ¢,
and does not give way to a natural splitting of measurements
in batches of independent samples. Fortunately, we do not
need batch splitting in this proof method, however, we are
still only able to guarantee approximate recovery; the main
technical reason being a limited structured randomness in the
linear map A, which does not lead to strong concentration
bounds. For "exact" recovery, i.e., with error 6,11 = 0 the
method requires infinitely many samples. We leave this mainly
a technical challenge of improving the results to finite sample
complexity to the future work. All the remaining discussion in
this section will be assuming a fixed accuracy ¢,, and hence
a constant factor 1/6? in the sample complexity bound.

We now provide a discussion on the interpretation of these
sample complexity bounds in several interesting scenarios such
as single (N = 1) and multiple (N > 1) convolutions to
facilitate the understanding of the reader.

Sample Complexity: Observe that the number of unknowns
in the system of equations (@) is KN + M. Combining
L > max(Q, M), (18), and (I9), it becomes clear that number
LN of measurements required for successful recovery scale
with KN?2+M (within coherences, and log factors). This shows
that the sample complexity results are off by a factor of N
compared to optimal scalings. We believe this is mainly a
limitation of the proof technique; the phase transitions in Sec-
tion [[II] show that (I8) is a conservative bound, and successful
deconvolution generally occurs when LN > ON = KN + M;
see phase transitions in numerical simulations Section [[II-A]

In general for multiple convolution, we require LN >
ON 2 (1®v2, KN? + v>M)log*(LN). In passive imaging
problem, where an ambient source drives multiple CIRs, the
above bound places a minimum required length QN of CIRs
for a successful blind deconvolution from the recorded data.

In the case of single (N = 1) convolution, the above
bound reduces to L > Q 2 (u*v2K + v>*M)log* L. The
number of unknowns in this case are only K + M. Unlike the
multiple convolutions case above, for a desired accuracy of
the recovered estimate, the bound on L above is information
theoretically optimal (within log factors and coherence terms).
This sample complexity result almost matches the results in
[9]], [10] except for an extra log factor. However, the important
difference is, as mentioned in the introduction, that unlike
[9]-[13]], the inputs are not assumed to reside in Gaussian
subspaces rather only have random signs, which if not given
can also be enforced through random modulation in some
applications; see, Section

No zero-padding of iy: Assume that the unknown filter kg
is completely arbitrary, that is, its length M can be as large
as L. Equivalently, no zero-padding or, in general, no known
subspace is assumed. Even in the case of linear systems of



equations, the recovery is only possible in this case whenever
LN > KN + L, i.e., the number LN of measurements exceeds
the number KN + L of unknowns. Evidently, LN > KN + L
can never be achieved in the single channel scenario (N =
1). However, in the multichannel scenario (N strictly bigger
than 1) LN > KN + L is possible by setting N, and L to be
sufficiently large, and hence successful recovery may also be
possible. In light of (20, we have that inputs [x ], and a filter
hy with length M, possibly as large as L, can be recovered
whenever L, and N are chosen to be sufficiently large such
that LN > ON 2 (u*v2, KN? + v2L)log*(QN) holds. The
numerics consistently show that the successful recovery occurs
at a near optimal sample complexity, i.e., LN > ON > (KN +
L) indicating a probable room of improvement in the derived
performance bounds.

No zero padding has practical importance in passive imag-
ing, where an unstructured and uncontrollable source signal
with no discernible on, or off time is driving the CIRs [5],
and hence, one cannot realistically assume any zero-padding.

Finally, the bound in (I8) might appear contradictory to
a reader as it guarantees recovery for a longer filters/signals
(large enough Q) whereas one should expect that deconvolu-
tion must be easier if the convolved signals are shorter (fewer
overlapping copies); for example, deconvolution is immediate
in the trivial case of one tap Q = 1 filters. However, it is
important to note that the bound (I8) only gives a range of
0, and N under which recovery is certified, and in no way
eliminates the possibility of a successful blind deconvolution
when it is violated. Roughly speaking in our case, longer
length Q only introduces more sign randomness and makes
the inverse problem (blind deconvolution) well-conditioned.

II. APPLICATIONS

The measurement model in (@) finds many applications
owing to minimal structural assumptions on the signals.
We present three applications scenarios including an im-
plementable modulation system to protect an analog signal
against convolutive interference using a real time preprocess-
ing, channel protection in wireless communications, random
mask imaging, and passive imaging.

A. Channel Protection using Random Modulators

One of the important results of this paper is that binary mod-
ulations of an analog bandlimited signal protect it against un-
known linearly convolutive channels. For illustration, consider
a simple scenario of wireless communication of a periodicﬂ
signal s(¢) in 7 € [0, 1), bandlimited to B Hertz. Expansion of
s(t) using Fourier basis functions is

B

s(t) = Z x[ke2mkt,

k=—B

The signal s(t) can be captured by taking Q > K :=
2B + 1 equally spaced samples at time instants t € Tp :=

SWe restrict the discussion to a periodic signal mainly to reduce the
mathematical clutter. A non-periodic signal can be handled within a time
limited window and smoothing around the edges.

{0, L1 - é}. Let Fx be a matrix formed by the K
columns (corresponding to the signal frequencies) of a nor-
malized Q X Q DFT matrix F. Then the samples of s(#) can
be expressed as s = Fxx, where the Fourier coefficients x[k]
are the entries of the K-vector x. The signal s(¢) is modulated
by a binary waveform r(f) alternating at a rate Q. Let r be
a Q-vector of samples of binary waveform r(¢) in t € 7p.
The modulated signal s(¢) © r(¢) undergoes an unknown linear
transformation (s(¢)Or(¢))®h(t) = y(t) through an LTI system,
where A(t) is the impulse response of an LTI system, and is
given as

M
h(t) = ) hmlo(t = 1), where t,, € To.
m=1
Assuming h[m] to be the mth entry of an M-vector h. The
samples y of the transformed signal y(¢) exactly take the form

y = RFxx ®h, @21)

where as before R = diag(r), and y € CL.

Since the observation model (21 aligns with the model
considered in this paper, a direct application of our main
result shows that s, and hence s(¢) can be recovered from
the received signal y(r) = (s(t) © r(t)) ® h(t) without knowing
CIR by operating the random binary waveform r(z) at rate
0 = (12K + v*M)log* L, and sampling the received signal
y(t) at a rate L = Q, where we used the fact that v2,, = 1
for the DFT matrix Fx above. The coherences v2, and #2 are
simply the peak values in time ||s||2, and frequency domain
|Fash|2,, respectively, where Fy; are the first M columns of
a normalized L X L DFT matrix.

Binary modulation of an analog signal can be easily imple-
mented using switches that flip the signs of the signal in real
time; the setup is shown in Figure [I] Fast rate binary switches
can be easily implemented; see, for example, [21]], and [22]-
[24] for the use of binary switches in other applications
in signal processing. The implementation potential combined
with the ubiquity of blind deconvolution make this result
interesting in system theory, applied communications, and
signal processing, among other.

The signal subspace can be other than Fourier vectors in
practical application in wireless communications, for example,
channel coding protects a message against unknown errors by
introducing redundancy in the messages. This operation can be
viewed as the multiplication of the message vector with a tall
matrix C. The coded message s = Cx is transmitted over
an unknown channel characterized by an impulse response
h € RM. A simple, and easy to implement additional step
of randomly flipping the signs r © s of the coded message
enables the decoder to recover x from several delayed, and
attenuated overlapping copies (r ©® §) ® h of the transmitted
codeword; see Figure [2| for a pictorial illustration.

B. Random Mask Imaging

A stylized application of the blind deconvolution problem
in (@) is in image deblurring using random masks. Images
are observed through a lens, which introduces an unknown
blur in the images. To deblur the images, this paper suggests



Decoder

Fig. 1. Analog implementation for real time protection against channel
intereference. A continuosus time signal s(t), bandlimited to B Hz, is
modulated with a random binary waveform r(t) alternating at a rate
Q. The modulated signal drives an unknown LTI system characterized
by an M -tap impulse response h(t). The resulting signal is sampled at
a rate Q. Operate the modulator and ADC at a rate Q > max(B, M)
(to within a constant, log factors and coherences), and recover s(t),
and h(r) using algorithm[I} Underneath, the preprocessing is shown in
time, and frequency domain. Modulation in time domain spreads the
spectrum, and the resulting higher frequency signal remains protected
against the distortions caused by an unknown LTI system.

an image acquisition system, shown in Figure [3| in which a
programmable spatial light modulating (SLM) array is placed
between the image and the lens. SLM modulates (x1) the
light reflected off of the object before it passes through the
lens. While ideal binary masks are 0/1, we consider (1)
for technical reasons; the (+1) masks can be implemented
in practices using a (0/1) mask together with all 1’s mask.
The light impinging on the detector array is convolution of
point spread function of lens with randomly modulated images.
Assuming an apriori knowledge of the subspace of each image,
which might be a subset of a carefully selected wavelet or
DCT bases functions, we can deblur the images using gradient
descent as discussed in Section [ZCl The relative dimension of
the image subspaces w.r.t. image, and blur size must obey
the sample complexity bounds presented in Theorem |l see
Section [l for details.

It is instructive to compare our results with a recent and
closely related random mask imaging (RMI) setup given in
[25] for image deblurring. A similar physical setup is studied,
and recovery of a blurred image is achieved by placing a
random mask between the lens and image, however, two im-
portant differences exist compared to our approach. Firstly, in
[25]], and other works in this direction [26]], [27], one image is
fed multiple times through different random masks to improve
the conditioning of the inverse problem, whereas in our setup
we use a different unknown image every time. This is very
important in applications, where it is not possible to obtain
multiple snapshots of the same scene as it is dynamic. For
example, imagine imaging a culture of micro-organisms; the
moving organisms and the fluid around continuously changes

the formation of the micro-organisms. Secondly, the image
deblurring in [25] is achieved via a computationally expensive
semidefinite program operating in the lifted space of dimension
KNM. On the other hand, the gradient descent scheme in
Algorithm [I] is computationally efficient as it operates in
natural parameter space of dimension only KN + M.

C. Passive Imaging: Multichannel Blind Deconvolution

In passive imaging, a source signal s(¢) feeds multiple con-
volutive channels. The signal s(¢) is not observed/controlled,
and is unstructured. For example, in seismic experiments, a
drill generates noise like signature that propagates through
earth subsurfaces. The reflected copies from earth layers
overlap and are recorded at multiple receivers. To characterize
the subsurfaces, a multichannel blind deconvolution (MBD) on
the received data discovers the Green’s function; for details,
see an interesting recent work [2f], and references therein. In
underwater acoustics, a submerged source signal is distorted,
reverberated while propagating through the water media. Mul-
tiple passive sensors on water surface record the distorted
signals. The source recognition is better if the recorded data
is cleaned using blind deconvolution [28]].

The recorded data at each of the receivers in the passive
imaging applications above takes the fomﬁ

yu(t) = s(t) ® h,(t), n=1,2,3,...,N, (22)

where £, (¢)’s are short CIRs. Importantly , Theorem |1 clearly
determines the combined length QN of CIRs must exceed the
length M of the source signal, as is evident from the bound
in (I8). This means that for longer (meeting the generic sign
assumption) CIRs, one can guarantee to resolve a longer length
of source signal from the recorded data.

MBD was studied with keen interest in 90’s; see, [29],
[30] for some of the least squares based approaches. Using
commutativity of convolutions, an effective strategy [31[], [32]]
relies on the null space of the cross correlation matrix of
the recorded outputs. Recovery using these spectral methods
depends on the condition that CIRs do not share common
roots in the z-domain — some of the MBD schemes developed
based on this observation can be found in [33]-[35].

MBD has also been reexamined more recently using
semidefinite programming (SDP) [8]], [12], [[13]], and spectral
methods [11] that enjoy theoretical performance guarantees
under restrictive Gaussian known subspace assumptions on
CIRs. In comparison to computationally expensive SDP op-
erating in lifted domain, and spectral methods, we present a
gradient descent scheme for MBD with provable guarantees
under a weaker random signs assumption on the CIRs. The
generic/random sign assumptions on the CIRs might implicitly
hold naturally, or could be made more likely to hold using
indirect means such as arranging the locations of the receivers
at dissimilar points might lead to diverse CIRs. Moreover,
as already discussed in Section we donot assume any
unrealistic structure such as known subspace, or zero-padding
on the source signal s(¢), and it can be completely arbitrary.

6Compared to the model in (1), the role of s, and h is swapped in this
section as there is one source signal s(¢) and multiple CIRS A, (2).
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Fig. 2. Channel protection in wireless communications: A user message x is encoded by multiplying with a tall coding matrix C (known
subspace) in the conventional channel coding block. The signs of the resultant symbols s are randomly flipped (modulation). This signal is then
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Fig. 3. Schematic of random mask imaging setup. The reflection of
a target image from a spatial light modulator (SLM) is blurred by
a lens and the resultant intensities are measured on a detector array.
Everytime a new image is observed through this system (with a new
mask pattern) and eventaully the lens blur kernel and all the images are
discovered using a gradient descent algorithm.

This perfectly models the unstructured source signal in passive
imaging.

D. Other Related Work

A regularized gradient descent scheme to minimize the non-
convex measurement loss was rigorously analyzed recently
in [[10] for the single channel (N = 1) blind deconvolution,
and was shown to be provably effective under the known
Gaussian subspace assumption. In comparison, we study the
multichannel blind deconvolution, and the problem set up (3)
also has much limited and structured randomness in a diagonal
R, compared to a dense Gaussian matrix used in [10]]. This
requires a considerably more intricate proof argument based
on generic chaining [36] to show approximate stable recovery
using a regularized gradient descent algorithm. Recently, [37]
showed that (vanilla) gradient descent without the additional
regularization term such as (T0) shows provably similar re-
covery guarantees for blind deconvolution under Gaussian
subspace model as given in [10]. Extending a result similar
to [37] for our case (3) remains challenging as unlike the
case of Gaussian subspace considered in [37], the samples in
Yn in @) are statistically dependent. Numerically, we observe
similar performance to Algorithm [T] even if the regularization
term (T0) is not included.

Observations in are bilinear in the unknowns (kg, xo).
Denoting Fprho = ho, the measurements (3) can be rescaled

on both sides by the (element-wise) inverse h ! to give
ﬁ61 Oy, = ‘/ZFQRanO,n + ﬁ(;] O é,.

Clearly, the problem is now linearized [38|] in the unknowns
(hy !, X0,,), and one can proceed with the recovery using the
least squares objective below

N
minimize Z g © 9, — \/ZFQR,,CxO,nH;.

& xontn =
The drawbacks of this approach are its sensitivity to the
noise components that are amplified due to the weighting
ﬁa 1o é,, and will affect the overall least squares recovered
solution. Moreover, the problem can be framed as finding a
smallest eigenvector of a matrix, and an inherent ambiguity
exists if it has more than one-dimensional null space. [39]]
gives provable recovery results using a least squares approach
under various random subspace models. [40] relinquishes the
subspace model and instead assumes s, admit sparse repre-
sentations in Gaussian random matrices, and proves the signal
recovery using the same linearized eigenvector approach using
a power iteration algorithm under strict spectrally flatness
conditions on the signals. The performance under noise in
these linearized schemes [39], [40] is only guaranteed under
additional assumptions on filter invertibility h; !, and on the
magnitudes of the entries of h; ! In comparison, we directly
work with the bilinear model, and give the first provable
approximate stable (under noise) recovery results for blind
deconvolution using random modulations.

Multichannel blind deconvolution problem can be framed
as a rank-1 matrix recovery problem [[12]], [41]. Exact and
stable recovery results from optimally many measurements
are derived in [12] when the signals lie in random Gaussian
subspaces.

The question of the uniqueness of the solution (k¢, xo) (up-
to global scaling) of the multichannel bilinear problems of the
form

yn = hO © éxO,n

has been studied in [42]]. In particular, necessary and sufficient
conditions for the identifiability of (g, xo) were given for
almost all (ﬁg, C, x0). In the particular case of hy € CL, and
choosing ho = Fhg, and C = FoR,C makes the last display



above equivalent to the measurement model (B)) in the noiseless
case. Thus applying Theorem 2.1 in [42]] would imply that if
L-1

L > K, and
L-K

<N<K

then for almost all Ao, FoR,C, and xg, the pair (ho, x0)
is identifiable up to global scaling. The results show that
identifiability is possible under optimal sample complexity
LN > KN + L — 1 for almost all (ﬁo, FoR,C, x(). Compared
to this results, our derived sample complexity bound (20) is
off by a factor N (to within log factors, and coherences). The
numerics also show that this additional factor of N on the
right hand side of (20) is not required to obtain successful
recovery in practice. Necessary and sufficient conditions on
the modulation rate Q for the identifiability of the unknowns,
however, do not directly follow from the work in [39], and
are an open question. The numerics suggest that successful
recovery occurs whenever QN is roughly of the order of the
number of unknowns.

Multichannel blind deconvolution from observations y, =
ho®s,, under the assumption that s,, are sparse vectors has also
been studied [43]], [44]. The blind inverse problem is solved
by looking for a filter g such that [g ® y, | are sparse. Sparsity
is promoted using a convex penalty such as £; norm [43]], or
more recently using a different convex relaxation involving £
norm [43]. However, the provable sample complexity results
are far from optimal; for details, see [44]]. In comparison, we
assume that s, reside in a known subspace, and have generic
sign patterns that either exist naturally or can be explicitly
enforced using random modulation. This model nicely fits
some practical applications as already laid out in Section

We would also like to discuss a related paper [45] that
considers recovering §, € CL, n e [N], and h € CF from
the convolutions

Yn=h®(@r,0s,),ne[N]

where ||Fsy|lo < K. Theorem 1.1 in [45] claims that &, and
s, can be recovered with probability at least 1 — O(L?) by
solving a convex program whenever L > SN, and N 2 K2,
and that

N

sup,, ¢ Isalk]l> o ( 1 )
inf S0 [salk]12

Howeyver, it seems that the at least the statement of Theorem
1.1 in [45]] is not correct as there are several assumptions made
in the proof argument such as |$,[k]|*> = O(1/L), and 2. :=
ming |A[€]|*> = O(1/L), which do not appear in the statement
of Theorem 1.1 in [45]. In addition, Theorem 1.1 [45] claims

recovery under comparatively strict ’coherence requirements
supy, x Isn[k]I?
pn,k n

such as
1
— =0 |—].
infy ZnNzl s K112 (N)

For example, to satisfy this coherence condition, it must
always be true that

(23)

sl g
N - v B
n Yoy llsall3 N

which says that energy must be roughly equally shared among
all the inputs s,. Not only that the share of energy should be
roughly equal across the corresponding entries of s,[k] as well
as is clear from ([23). Together with this, the proof also uses
other strict flatness conditions:
|Sulk]I* = O (%) and £, =0 (%)
where [|s,[l3 = 1 for every n € [N], and ||k = 1. These
conditions basically enforce that s,, £ have to be flat in
the frequency domain for successful recovery. In comparison,
the required coherence parameters (@) in our paper are much
milder and successful recovery is still possible under Theorem
1 of our paper for any value of these coherences (smaller or
larger).

Blind deconvolution has also been studied under various
assumptions on input statistics, some important references are
[46], [47]. We complete the brief tour of the related works in
the above sections by pointing readers to survey articles [48]],
[49] to account for other interesting works that we might have
missed in the expansive literature on this subject.

IIT. NUMERICAL SIMULATIONS

In this section, we numerically investigate the sample com-
plexity bounds using phase transitions. We showcase random
mask image deblurring results, and also report stable recovery
in the presence of additive measurement noise.

A. Phase transitions

We present phase transitions to numerically investigate the
constraints in (I8), and (T9) on the dimensions Q, N, M, K,
and L for the gradient descent algorithm to succeed with high
probability. The shade represents the probability of failure,
which is computed over hundred independent experiments. For
each experiment, we generate Gaussian random vectors hy,
and [x0,,], and choose C to be the subset of the columns of a
DCT matrix for every [so,]. The synthetic measurements are
then generated following the model (I). We run Algorithm
[T] initialized via Algorithm [2] and classify the experiment as
successful if the relative error

lhx* — hox{|lF

Relative Error :=
lhox; |

(24)
is below 1072, The probability of success at each point is
computed over hundred such independent experiments.

The first four (left to right) phase diagrams in Figure f]
investigate successful recovery using four different (one for
each phase diagram) lengths Q of the modulated inputs, and
varying values of K, and M while keeping L, and N fixed. We
set L = 3200, and N = 1 in all four phase transitions while Q
is fixed at 800, 1600, 2400, and 3200, respectively. Clearly, the
white region (probability of success almost 1) expands with
increasing Q. For example, in first (top left) phase transition,
successful recovery occurs almost always when the measure-
ments are a factor of 9 above the number of unknowns, that is,
L ~ 9(K + M), and this factor improves to 5,3, and 2.8 from
second to fourth phase transition, respectively. These phase



transitions show that successful recovery is obtained for a wide
range of shorter to longer unknown random sign filters/signals,
however, successful recovery happens more often for longer
(larger Q) modulated inputs.

Recall the discussion in Section where we pointed out
that the bound in (I8) is conservative by a factor of N. The
fifth phase transition in Figure [] investigates the affect of N
on minimum value of Q required for successful recovery, and
shows that numerically this value of Q does not increase with
increasing N, and is roughly on the order of K + M, and not
KN + (M/N) as predicted in (I8) in Theorem

Finally, the last phase transition in Figure [ investigates
K vs. N under fixed M, and L, and setting Q = 1.5K. It
shows that increasing N improves the frequency of successful
recovery even under a pessimistic choice of Q@ = 1.5K in
comparison to the bound in (I8), which suggests that Q >
KN + (M/N).

In summary, the phase diagrams suggest that LN > ON >
(KN+M) is sufficient for exact recovery with high probability.

B. Image deblurring

In this section, we showcase the result of a synthetic
experiment on image deblurring using random masks. We
select three microscopic 150 X 150 images of human blood
cells each of which is blurred using the same 10 x 10
(M = 100) Gaussian blur of variance 7. The original and
blurred images are shown in the first and second row of Figure
[l respectively. Each of the image is assumed to live in a
known subspace[] of dimension K = 3400 spanned by the
most significant wavelet coefficients. We mimic the random
mask imaging setup discussed in Section and pixelwise
multiply each image with a 150 150 random +1 mask. Given
the observations on the detector array, we jointly deblur three
(N = 3) images using the proposed gradient descent algorithm.
The deblurred images are shown in the third row of Figure
[l The total relative mean squared error (MSE) of the three
recovered images are 0.0184, and the blur kernel is estimated
within a relative MSE of 1.03 x 107%.

C. Performance under noise and oversampling

Noise performance of the algorithm is depicted in Figure
Additive Gaussian noise € is added in the measurements
as in (B). As before, we synthetically generate kg, and xg as
Gaussian vectors, and C is the subset of the columns of a DCT
matrix. We plot (left) relative error (log scale) in (24) of the
recovered vectors /2, and £ averaged over hundred independent
experiments vs. SNR := 101log, (/lkox}|%/Ilell3) , and (right)
average relative error (log scale) vs. oversampling ratio :=
L/(KN + M) under no noise. Oversampling ratio is a factor by
which the number (L in this case as N = 1) of measurements
exceed the number K + M of unknowns. The left plot shows
that the relative error degrades gracefully by reducing SNR,

7The known subspace of the original image is perhaps an unrealistic
assumption in this case, however, a reasonably accurate estimate of the image
subspace can be obtained from blurred (small blur) image by taking the
multiscale structure of wavelets into account to recover the support of wavelet
coefficients of the original image from blurred/smoothed out edges.

and the right shows that relative error almost reduces to zero
when the oversampling ration exceeds 2.1.

IV. PROOFS
A. Preliminaries
Recall the function F(h, x) defined in (9), and the gradients
VFy,, and VF, in (TI). By linearity, V£, = VFj, + VG, and
similarly, VF, = VFy + VGy. Using the definitions of F, and
G in (), and (T0), the gradients w.r.t. k, and x are

VF, = A" (A(hx™ — hox}) — e)x,

VF; = [A*(A(hx™ — hox) — e)]"h (25)

o llx 12
V -
Gr =550 ( 24 |*
QO N 2
QN ON|c; x|
ZZ Sy 2 cqncq AN (26)
g=1n=
and
ol || ||2 LIf;h|? .
VG = 551Gy t ZZGO v LT
27

We have the following useful lower and upper bounds on
F(h, x) using the triangle inequality

= 2| A (@)l llhx™ = hoxgll. < F(h,x) - |leli;

— | Ahx* = hox)|l3 < 2/1A*(e)lh—allhx* — hox|l..
For brevity, we set [|hx* —hox;||F := ddo. Since hx* —hox is
a rank-2 matrix, we have [|hx*—hoxg||. < \/Ellhx*—hoxSHF =
V26dy, where we used ||holl» = ||xoll2 = Vdo from Lemma

Invoking Lemma [9, and Lemma |7| with & = 1 we have
3 oye! 5 Sd
el + 3645 — =5 < F(hx) < Jlel + %5 + =
(28)

In the analysis later, it will be convenient to uniquely decom-
pose h, and x as h = aqh*o +h, and x = X0 + X, where
h1h % 1x, and ) = hc‘l—):l, and ap = x“l—’: We also define
specific vectors Ak, and Ax that will repeatedly arise in the
technical discussion later.

Ah = h = aho, and Ax = x - &' xp, (29)
1 -6 , if k|2 > ||x

where a(h, x) = ( 1 0)ai ! Al > (x|l
Toa i Il < lxlk

with dg := 10 — the choice of @ is mainly required for the
proof of Lemma [ Note that

hx* = hox; = (1@ — Dhox, + Eyzﬁx(’; + athox* + hx*.
(30)
The lemma below gives bounds on some relevant norms that
will be useful in the proofs later.

Lemma 1. Recall that ||hollz; = ||xoll2 = \/d_o If 6 =

e
- d(,OXO”F < 1 then for all (h,x) € Ny, we have the
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Fig. 4. First four (left to right) are phase transitions of K vs. M for fixed Q, N, and L. Together these four phase diagrams show that longer
(larger Q) modulated inputs allow recovery with larger values of K, and M. Fifth phase transition is Q vs. N for a fixed L, K, and M. Successtul
recovery almost always occurs when Q ~ 2(K + M) across all values of N, and hence showing a better scaling than the linear scaling predicted
by the theory in (I8). Sixth phase transition is K vs. N for a fixed M, Q, and L. Q, and L are chosen to be much more pessimistically than (T3),
however, the dominant white region shows that multichannel N > 1 leads to favorable results even in such pessimistic regimes.
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Fig. 5. Random mask blind image deblurring via gradient descent.
Three 150 x 150 blood cell images shown in the first row. Blurred
images using same 10x 10 Gaussian blur of variance 7 are shown in the
second row. Applying random masks on images before the unknown
blurring (lens), and using gradient descent algorithm gives deblurred
images in the third row.

Sfollowing useful bounds |a)| < 2, |@z| < 2, and |ajay—1| < 6.
For all (h,x) € Ng, N Nz with & < 1/15, there holds
|AR|)Z < 6.16%do, ||Ax|)} < 6.16%do, and ||AR|Z]|Ax]3 <
8.464d§. Moreover, if we assume (h,x) € N, NN, we have

VLI|[FyAh|lo < 6pvdo, and NON||C®N (Ax)|le < 6vVdp.
Proof of this lemma is provided in Appendix [C|

B. Proof Strategy

Albeit important differences, the main template of the proof
of Theorem [I] is similar to [10]. To avoid overlap with [10],
we refer the reader on multiple points in the exposition below
to consult for some intermediate results that are already
proved in [10]. To facilitate this, the notation is kept very
similar to [10].

The main lemmas required to prove Theorem [I] fall under
one of the four key conditions stated in Section [[V-C] The
lemmas under the important local RIP, and noise robustness
conditions require completely different proofs compared to
[10], due to the new structured random linear map A in (7)
in this paper. The limited randomness in A calls for a more
intricate chaining argument to handle probabilistic deviation
results required to prove the local-RIP.

We begin by stating a main lemma showing that the iterates
of gradient descent algorithm decrease the objective function
F(h,x). Let z; := (u;,v;) € CM*KN pe the rth iterate of
Algorithm (1| that are close enough to the truth (hg, xo), i.e.,
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7; € N and have a small enough loss F(z;) := F(u,,v,), that
is, z; € Ng, where
. 1
Ng = {(h,x) | F(h,x) < gszdg + ||e||§} 31)
is a sub-level set of the non-convex loss function F(h, x). We
show that with current iterate z; € Nz N N, the next iterate

2441 of the Algorithm [I] belongs to the same neighborhood,
and does not increase the loss function.

Lemma 2 (Lemma 5.8 in [10]). Let the step size n < 1/Cp,
2¢ = (u;,v,) € CM*ENand Cy. be the constant defined in
(32). Then, as long as z; € NeNNg, we have 7,11 € NeNNg,
and

F(zie1) < F(zo) = nlIVE(z)) |12

Proof. The proof is exactly as the proof of Lemma 5.8 in [10],
and relies on the smoothness condition in Lemma[3|below. O

C. Key conditions

We now state the lemmas under four key conditions required
to prove Lemma |2} and the theorems.
1) Local smoothness:

Lemma 3. For any z := (h,x) and w := (u,v) such that z,
z+w € NN Np, there holds

IVF(z +w)—VE(z)|l, < CL|lwl|l, with
3L

Cp < ‘/zdo F
u

El

10 AI2, + & (5 +

3QN)
+ —_—
d2

2v2

where p > d* + 2||e||§, and ||Alp—2 < coVKlog(LN)
holds with probability at least 1 — O((LN)™®). In particular,
ON = O(12v2 W KN? +v*M)log*(LN), and |le|* = O(c*dY).
Therefore, Cy, can be simplified to

CL=0 (d0(1 + o) (Bv2 KN? + L) 1og4(LN)) 32)

by choosing p ~ d* + 2||e||§.
Proof of this lemma is provided in Appendix [E]

2) Local regularity: Recall that from Lemma 2] we set the
step size 7 < 1/Cr. With the step size 57 characterized through
the constant Cy, in @, the next task is to find a lower bound
on the norm of the gradient ||VF(z,)||3 in Lemma 2| Following
lemma provides this bound.

Lemma 4 (Lemma 5.18 in [10]). Let F(h, x) be as defined in
®) and VE(h,x) := (VFy,, VFy) € CM*EN_ Then there exists
a regularity constant w = dy/5000 > O such that

IVE(h,x)Il; > w [F(h,x) -],

for any (h,x) € Ngy N Ny NN, N N, where ¢ =

llell3 +
1700|A*(e)|%_,, and p = d° + |le|2.

Proof. The proof hinges on following two conclusions

62 2
Re {(VFi, Ah) + (VFe, Ax)} > —= = 2640 || A" (e) b2,

Re {{VGp, Ah) + (VGy, Ax)} > g\/pGo(h,x);

established in Lemma [3] and [6] below. Given the above two
conditions the proof of this lemma reduces exactly to the proof
of Lemma 5.18 in [10]. ]

Lemma 5. For any (h,x) € Ngy "N, NN, N N with & < %
uniformly:

62 2
Re {(VFi, Ah) + (VFe, Ax)} 2 — = = 26do | A" (€) o2,

with probability at least

N
1-2exp (—c52 Q2 2) (33)
v
provided
ON > 5% max(12v2 KN + v*M)logh(LN).  (34)

Proof. Observe that Re{(VFy, Ah) + (VFy, Ax)} =
Re {(VFy, Ah) + (VF,, Ax)}. Using the gradients derived
earlier in (23), we have

(VEp, Ah) = (A (A(hx™ = hox;) — e), Ahx™), and
(VFy,Ax) = (A*(A(hx™ — hox;) — e), hAx™),
and hence

(VFp, Ah) + (VFy, Ax) = —(A*(e), Ahx™ + hAx™)



+ (A(hx” = hox;), A(Ahx™ + hAx")). (35)

Using triangle inequality, [|Ahx* +hAx*||p > ||hx*—hox}||F—
|ARAx*||F. Lemma [l| shows ||ARAx*||r < 2.96%dy when
§ < & < 1/15. This implies that ||Ahx* + hAX*||p >
Sdo —2.96%dy > 0.85dy. In a similar manner the upper bound
can be established leading us to

0.85dy < ||Ahx* + hAX*||F < 1.26d, (36)

that holds when 6 < ¢ < % Using & = %, and § < € in
Lemma [7} and [§] below give the following conclusions

[ ARx* = hox()l; =
| AARX* + hAX™)|)? > |Ahx* + hAX™ )% -

162 52 3252

Z(S dozz(s dO and
1¢2 52 162 52
18242 > 15242,

||hx - hOx()”F

each holding with probability at least (33) under the sample
complexity bound (34). In addition, we also have

(A*(e), Ahx* + hAx™) < V2||A*(e)|hoa||ARX* + hAX* ||
< 26do||A*(e)llr—2.

Employing these bounds in (33)), we obtain the desired bound.
o

Lemma 6. For any (h, x) € N,NN, NNy, NN with € < 1/15,
and 0.9dy < d < 1.1dy, the following inequality holds uni-

formly Re {{(VGy, Ah) + (VGy, Ax)} > g\/pGo(h, x), where
p>d*+2|ell3.

For the proof, see Appendix [D| below.
3) Local RIP: The following two lemmas state the local
restricted isometry property used above in the proof of Lemma

Lemma 7. For all (h,x) € Ngy 0 N, 0N, such that ||hx* —
hoxjllr = odo, where 6 < 1, the following local restricted
isometry property:

[l AMRX" — hoxp)ll; — llhx™ = hoxllp| < £6%d5 — (37)

holds for a ¢ € (0,1) with probability at least 1 —
2exp(—c&26°QN /> v?) whenever

KN? +v*M)log*(LN). (38)

c

QN 2 é—'z_é‘z('u max
Lemma 8. For all (h,x) € Ng, N Ny NN, N N such that
0.86dy < ||Ahx* + hAx*||p < 1.25dy, where § < & < 1/15,
the following local restricted isometry property:

[l AARX" + hAX")|)? - |ARx” + hAX*||%| < £6°d3

holds for a & € (0,1) with probability at least 1 —
2 exp(—c&252QN [ *v?) whenever (B8) holds.

Proof of both these lemmas is the main technical contribution
above [10], and is provided in Section[A] and Appendix [B] The
usual probability concentration, and union bound argument
[50] to prove RIP is not sufficient due to the limited/structured
randomness in A. We therefore use the result in [51]] based on
generic chaining, which abstracts out the entire signal space
from a coarse to a fine scale and employs a more efficient use
of union bound at each scale after probability concentration.

4) Noise robustness: Finally, we give the noise robustness
result below that gives a bound on the noise term || A*(e)|l2—2
appearing in Lemma 4]

Lemma 9. Fix @ > 1. For the linear map A defined in (),

it holds ||Allr—2 < coVK1og(LN) with probability at least
1 — O((LN)™®). Moreover, let e € CLN pe addmve noise

introduced zn @ distributed as e ~ Normal((), TN ILN) +

(Normal(0, = TN I LN), there holds

| A*(e)ll—2 < Edo (39)

Wé'th probability at least 1 — O((LN)™®) whenever LN >
5 co(M, KN log(LN))log(LN), where co, and c;, are abso-
lute constants depending on the free parameter a > 1.

Please refer to Appendix |H| for the proof of this lemma.

D. Proof of Theorem [I]

Given all the intermediate results above, we are in a position
to prove Theorem (1| below.

Proof. We denote by z; = (uy,v;), the iterates of gradient
descent algorithm, and §(z;) = |lu.v; - h0x0||F/d0 At the
initial guess zg := (g, vo) € %Ndo n %Nﬂ ol \/_N N N;g,

it is easy to verify using the definitions of Ny, N, and N

that G(u, vp) = 0. For example, (ug, vo) € %N\, gives
ON|c; ,x|* _ON 16dy? _2dy
8dv? ~ 8dv? 30N T 3d ’

which immediately implies that the fourth term of G(u, vg) in
(TO) is zero. Similar calculations show that all other terms in
G(ug, vo) are zero. The remaining proof is the exact repetition
of the proof of Theorem [I]in [10]], and uses Lemma 2] and {4
to produce

lwrv),y —hoxylle < 2(1 = nw) ™ 2edy + 50(| A (€)]lo,

where 7 is the step size in the gradient decent algorithm and
satisfies < 1/Cy, for a constant C, defined in Lemma and
the constant w is characterized in Lemma ]

Due to space constraints, the proofs of the remaining
lemmas are moved to the appendices, which include the proof
of the key lemmas on local RIP that constitute our main
technical contribution.

V. CONCLUSION

We studied the blind deconvolution problem under a practi-
cally relevant model of modulated input signals. We discussed
several applications to motivate the problem, and presented
some recovery guarantees. We believe that a better proof
technique may show that the regularization term G(h, x) is not
required. Moreover, we also conjecture that the approximate
recovery guarantees may also be improved to exact recovery.
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APPENDIX

We now complete the proofs of lemmas not covered in the
main body of the paper due to space constraints. We begin
with the local RIP proofs that constitute our main technical
contribution, and rely on the chaining arguments.

A. Proof of Lemma[7]
o to the

Recall that A in (7) maps the unknowns hox;
noiseless convolution measurements in the Fourier domain.
Using the isometry of the DFT matrix F (an L X L normalized
DFT matrix), we have

A(hox,) =

N N
Do ® Ry Cxonl3 = ) llcire(ho)diag(Cxo.n)rall3

n=1 n=1

where as before xo = vec([x0,,]), and R, = diag(r,). Similar
calculation shows that

I ARx" — hox;)ll3

N
= Z Hcirc(h)diag(an)rn - circ(ho)diag(Cxo,,,)rnng

n=1

= |(Hp Xy — Hpg X)7 |7, (40)

where r = vec([r,]), and the block diagonal matrices Hj, €
CLNXON "and X, € CENVNXON are defined as

Hj, = [circ(h)]®Y, and X, := [diag (Cx,)]®V. 41)

The empirical process in (@0) is known as 2nd order chaos
process, where r is a standard Rademacher QN-vector, and
(Hp Xx—Hp,Xy,) is a deterministic matrix. The expected value
of this random quantity is simply

E|(Hp Xx — HpoXx)r 1 = (H Xy — Hug Xxo)ll7. (42)

Recall that ® denotes L-point circular convolution, and there-
fore, circ(h) = F*diag(h)Fgp € CL*C, where h = VLFyh.
Note a simple identity || Hp Xy — Hpo X, |7 = [lhx* = hox} |7
its proof follows from the couple of simple steps below
”HhXx _Hh()XX()”%‘ =
Z ||F*diag(h)F odiag(Cx,,) — F*diag(ho)Fodiag(Cxo,,)|>
n

= Y lldiag(h)Fodiag(Cx,) - diag(ho)F odiag(Cxon)lI7

= Z IFg © (hx;, — hox; i = hx” = hox|Iz, (43)
n

where the last two equalities follow from the fact the C*C =

I, (Fp)*Fp = Iy, and that the entries of the DFT matrix

VLF 0 have unit magnitude. Define the sets 7, and X indexed

by h, and x, respectively, as below

H = {Hplh € Ngy " Ny} X = {Xe|x € Ngy NNy} (44)



Using @0), (@2), and the identity (@3)), the local-RIP over all
(h, x) such that [|hx* —hox;llr = ||(Hp Xx — Hpo Xx,)lIF = 6do
as stated in Lemma [7] can be restated as

sup sup ||(HhXx - Hh()XX())rllg_
Hj, eH XxeX

E||(Hp Xy — Hpo Xx,)r|2| < £62d2

holds with high probability for a & € (0, 1).

This bound above depends on the notion of geometrical
complexity of both the sets X, and . The definition of
this complexity is subtle and is measured in terms of the
Talagrand’s y,-functional [36] for these sets relative to two
different distance metrics. Given a set S, and a distance
defined by a norm || - ||, the y,-functional quantifies that how
well S can be approximated at different scales.

The y,-functional can be directly related to the rate at which
the size of the best e-cover of the set S grows as e decreases.
Although this is a purely geometric characteristics of set
S, the y,-functional gives a tight bound on the supremum
of a Gaussian process. For example, if G is an M; X M
random matrix whose entries are independent and distributed
Normal(0, 1), then supg. (S, G) ~ y2(S. | - ||lF)-

Along with 7y,, the other geometrical quantities that ap-
pear in the final bound are the diameters dr_»(S) :=
supges [1S12—2, and dp(S) := supgcs [IS||F of the set S with
respect to the matrix operator, and Frobenius (sum of squares)
norms, respectively.

Since the random quantity |(HpXx — HpoXx)r|l3 is a
second-order-chaos process, we now present a result [51] that
controls the deviation of a general second-order-chaos process
from its mean in terms of the geometrical quantities introduced
above.

Theorem 3 (Theorem 3.1 in [51]). Let S be a set of matrices,
and r be a random vector whose entries r; are independent
mean zero, variance 1, and a-subgaussian random variables.
Let dp(S), and dy—»(S) denote the diameters of S under ||-||F,
and || - |2 norms. Set

E =y(S - 2-2)2(S, || - [2—2) + dp(S)) + dp(S)d2-2(S)
V = dra(S)3a(S. |l - I22) + dr(S)), and U = dj_(S).

Then for t > 0,

P(sup |ISrll3 —EISrl3]| = c1E +1) <
SeS

2 exp ( — ¢ min {"/—22, 5})
The constants cy, and c; depend only on a.

The proof of the local restricted isometry property is an
application of the above result. For a fixed Hp, € H,
and X,, € X, we start by defining the set of matrices as
S = {Hp X, — Hy Xy, |H, € H, Xy € X}. Recalling that
circch) = F *diag(ﬁ)F o is an L xQ circulant matrix, and again
F is an L X L normalized DFT matrix. Using , it is now
easy 1o sce that supg, o l|Hnl— = I|F*diag(h)Folb-» =

|diag(R)Folla2 = VL||Faphllow < 4Vdou, and likewise
|Hp, |l = uVdo. Similarly, for X, = [diag(Cx,,)]®N, we have

N dvVdy
sup [|Xxlh—o2 = [C®V x|l < T2,
X, ox x2— ) ON

d,
1Xegllzn = 1€V xo o = 2L

An upper bound on the diameter d»_,>(S) can then be obtained
as

d5_,(S)= sup sup |[HpXx - HpXx, 3, <

HhE(]’{XxEX
(SUP |Hp |l2—2 - sup ||Xx||2—>2+”Hho||2—>2||Xx0”2—>2)
HpeH XxeH
(440 - 4~ + il - o) = T a3
* T Ny

Since we only consider all (h,x) such that ||HpX, —
Hp X,,||F = 6dp, the Frobenius diameter is then simply

dr(S)= sup sup ||HpX, — Hp Xy, |lF = ddp.
Hh E?’{Xx eX

(46)

The y,-functional can be directly related to the complexity
of the space under consideration. To make this precise, we
need to introduce a covering set. A set C is an e-cover of the
set S in the norm || - || if every point in the (infinite) set is
within an € of the finite set C:

sup sup ||C — S|| < e.
sesceC
The covering number N(S, || -
e-cover of S.
We can bound the y,-functional in terms of covering num-
bers using Dudley’s integral [36]], [52]]

|l, €) is the size of the smallest

dr—2(S)
NSl ) < /0 NS |- lbon e, (47)

where ¢ is a known constant, and d>,>(S) is the diameter
of S in the operator norm || - |2. The distance between
H;X; — Hy, Xy, € C C S, and Hy Xy — Hp Xy, € S is

|(H; X5 — Hpy X)) — (Hp Xy — Hpy Xx,)|—2

= |H; Xz — Hp Xx |22

< Hglh—2IXz = Xellos2 + [ Xxlo2l|Hj; = Hp|lo—2 =

\ (||FMﬁ||m||C®N(f = )l + I1CEN 21y = )l )

4#‘/61_0 dv~dy
Vo VoN
The last inequality follows from the fact that Xz € X, H, € H
implying that ¥ € N, N Ny, and h € N, N Ng,. From the
distance measure in (@8], it is clear that setting the following
norms to

1% = x|l + lh — Ry (48)

1% - xllc == VOICN (% = 0)lls < 5 - 413_
€ VON
V=l := VLIEy =Wl < 5 - 722 (49)

gives |H; Xz — Hp X |22 < €. Precisely, if for every point
H;Xz—Hp Xy, €S, where H, € H, and X, € X, there exists



an Xz € Cx such that || Xy — Xglh—2 = [[[C(xn — %)l <
eVO/8uNdy (Cy is an eNO/8u\dy-cover of X in ||- || norm),
and an Hj; € Cy such that || Hp —H; |-z = VL|[F (h—h)||e <
eVON/8vVdy (Cy¢ is an eYON /8v+dy-cover of H in || - ||f
norm) then from @), it is clear that the point H; Xz —Hp Xy,
obeys ||(H; Xz — HpyXyx,) — (Hp Xy — HpyXx,)|o—2 < €. This
implies that C := {H; Xz — Hp Xy, : H;; € Cy, Xz € Cx} is
an e-cover of S in || - || norm, and

NS - oo €) <
N(ﬂ, - m%) (x -1l “/3;1: ) .

(2«/_ BoBEN - e, ff/__) (z B 1 S 32)
_N(BKN -l 1£) ( - ||f,jﬁ)

We evaluate the Dudley integral as follows

dr2(S)
/ VIog N(S, || - [l22, €)de
0
17/4vd() \/@
VON €
<[ log N| BEN. |- e
0 16[1610

eVON
+\/logN( - lgs Tovdo ))de
16 d
10udy / N fog NEEV e erder

16Vd()
VON

2y
16udy '/\/T
< ——+KN log N(BEN || - ||, €)de+
Vo e N

\/log NGB || -l €)de

16vd
VO\/_/ \/logN(BM - lly> €)de

/leade 4
< R JKN log*(ON) + \/Ml L, (50)
Vo % Vor Ve

where the second last inequality follows from BXN C
VKNBEN and BE ¢ VLB, and finally the last inequality
is the result of by now standard entropy calculations that
can be found in, for example, [51]], and Section 8.4 in [53].
Combining this result with the Dudley’s integral in gives
a bound on the y, functional. We now have all the ingredients

required in Theorem [3| Recall that ¢ W
|Hp Xx—Hp ) Xx, |IF

. Observe that

do
2o QN||C®Nx||£o QllC®N|2, - N|x|?
113 Ilx]2
L QUCNIE KNIl 5 o
1113 Ymax
Using this fact, we have
dy_(S) < 17‘5 Iv\;dg < IS;VKNz s1)

Upper bounds in {6),(50), and (5I)) produce

KN
(ﬂzyiax - t V

Q ON

\/52 (u vmax% + VZQﬂN) log*(ON + L) + 5\/

Similarly, the (@6),(50), and {@3) give
2,22
U0y g o Wt [y 00t (QN)
ON VON\ VO

Vd() 4
+ \/Mlog L +d6dy|,
VON )

Using the fact that L > Q, and choosing ON as in (38), and
t= %fdgéz, the tail bound in Theorem [3| now gives

E 5 d;

)log (ON + L)+

H VrnaxKN2
ON

s

| (Hp Xy — Hppy X,)r ll3-
HpeHXxeX

]P’( sup sup

| Hp Xy — Hpy X, ||

> fézdg) < Zexp( c& 62 Q )
which completes the proof.

B. Proof of Lemma

Just as Ak, and Ax in (29), we define AHy, = Hy, — aHy,,
and AX, = X, — &‘lXxo. Similar to (3), one can also show
that [|[AH,Xx + HyAXy|2 = ||Ahx* + hAx*||2 < 1.26dj,
where the last inequality is already shown in (36), and holds
for ¢ < & < 1/15, where ¢ = ||hx* — hox||Fr/do.

Using similar steps as laid out in the proof of Lemma |/} the
local-RIP in LemmaB]reduces to showing that fora 0 < ¢ < 1,
the following holds

sup sup ’I|(AHhXx+HhAXx)r||§—

Hh E'T’[Xx eX
El(AHR Xy + HyAX)r|3| < £6°d2
with high probability. Define
S = {AHp Xy + HyAX, | Hy € H, X, € X, (h,x) € N},
(52)
where H, and X are already defined in {@4). Let (AH, Xy +
HjAXy), and (AH; Xz + H; AX) be the elements of S, and
observe that (AHpX, + HpAXy) — (AH; Xz + H;AX;) =
(AHp, —AH,;)Xg +AHL (X —X3z)+(Hp, —H,;)AXx +H,;(AXx -
AXj), which gives
I(AHp Xy + HoAXy) — (AH Xj; + Hp AXg)|la—2
< ||Hy — Hj; =21 Xk -2 + [AHR [h—2 ]| Xx — Xgllo—2
+ | Hp — H; |2-2||AXx |22 + [|Hj 22| Xx — Xzll2—2 =
VL(IFar(h = )l lIC®N o + |Far(AR) | [[C®N (x = £)]|co
+ |Far (B = 1)]loollC®N (Ax)|loo + [|Fpr A |l |CEN (x = %)|co)-
As it is clear form the definition of set S that the in-

dex vectors (h,x), and (h,%) of the elements of S lie in
Ny NNLNN, NN, and by assumption & < 1/15, therefore, we



have VL||FpAh|leo < 6u\do, and VON||CEN Ax||e < 6vVdo

using Lemma [I] This results in

(AHR X + HpAXy) — (AHG X, + Hp AX)|12 2

‘w__v‘ IFp(h = )l + 6/dol|C®N (x = )0

6 ~

4 v OvL||FM<h = 1)lleo + 4N o |C®N (x = %)]loo
10v «/ W0pvdo, o

- O\l —&lly + b = %lle,
VON e

where the last equality follows by using the || - [lc, || - ||y
norms, defined earlier in (@9). Similar to the discussion before,
this means that the e-cover of S in is obtained by the
€VON /20V/dyv-cover of H in |- ||y norm, and eVQ/20uVdp-
cover of X in ||- || norm. With this fact in place the rest of the
proof follows exactly the same outline as the proof of Lemma

i

C. Proof of Lemmall|

Recall that @y = h*hg/dy, which directly gives |a| <
[|]||lkoll/do < 2 by using the Cauchy-Schwartz inequality,
and the fact that A € Ny,. In a similar manner, we can also
show that |ay| < 2. Expand ||hx* —hox8||12p = 62d§ using (30)
to obtain
6°dy = (1@ —1)*dg +|@ || kl3do + a1 [P | € [3do + 111311115,
which implies |aja@; — 1| < 6.

The identities [|AR|3 < 6.16%dy, [|Ax|? < 6.16%do,
lAR|Z|Ax|2 < 8.46%d2, and VL|FyAh|l. < 6uvdy
are proved in Lemma 5.15 in [10]. We now prove that

VON max,, ||C(Ax,)|lw < 6vVdy.

Case 1: ||k]> > ||x]|2, and @ = (1 — &g)a;. Observe that in
this case
llx]l2llxoll2
laz| < ———— < 1211211% 12

do " i

1 : —
< S =~ hoxlle + lhoxllr = VI+3,

where we used the fact that ||hx™ — hox|lr = 0dp, and

_ _ 1 _ ||
lholl = llxoll» = Vdo. Therefore, anm] = |(1_50)2d201| <
V1+6

TT=so=5] = 2, where the last inequality follows using our
choice § < & < 1/15, and &g = 6/10. This gives us

max VN C(Ax,)lle
< max VON||Cx, o + m max VON|Cxp0|le
< 4v+dy + ZV\/d_() < 6V\/d_().

Case 2: ||k|> < ||x]|]2, and & =
have

max VON|C(Axy)||
< mr?x,/Q1\1||an||oo + (1 = &g)|az| max VON||Cxp ol

< dyJdy + 2(1 = So)v[do < 6v+/dp.
This completes the proof.

1 .
T=s0)az " Since |C¥2| < 2, we

D. Proof of Lemma [6]

The proof is adapted from Lemma 5.17 in [[10].

Case 1: ||k|]2 > ||x|]2, and @ = (1 — dg)a;. Using § < & <
1/15, we have the following easily verifiable (Lemma 5.17 in
[10]) identities (h, Ah) > S|k |12, l|x||3 < 2d, and also

2du?

Re {(fefih. )} 2 T“ when L 'fgu' -1

R A 7 vhen ON\%&n Al 1. (53
> — )

e {(cqgne; .. Ax)} QNwe 0 s> (53)

For example, the last identity an simply be proven as follows

Re {(cqnc;) X, X — a 'xo)}

1
* 2 * *
>|c - el x|l X
| g.n | (1 —50)'0’]" q.n ” q.n 0|
2 |2
= C* X - nXllC X
| q.n | (1 60)|a/1a || || q.n ()l

Using Lemma |1} we have that || < 2, |ajd@, — 1] < 6, and
the fact that (k, x) € N, N N, N Ny,, we further obtain

Re({eq,nq,n
* |2 2

X, x —&_lxo))

2 leg nx|” — m| anXlleg X0l
S 8dv? B 2 8dv? 10dv? S d_v2
- ON  (1-06)(1-6)\ ON 90N ~ ON’
. _ . . * _ vVdy
where the last inequality is obtained by using [c; ,xo| = \/Q_AO/,

and 0.9dy < d < 1.1d.

Case 2: ||kl < |x|h, @ = #0)@7. Given § < ¢
1/15, one can show (Lemma 5.17 in [10]) that {x, Ax)
Sollx|13, lIkIl3 < 2d, and also

<
>

\f;hI?
8du?
2 | * x|2
when QN ——— Sd 5

Re((fof;h, Ah>)>d_2 when L

> 1,

Re {(cqnc; X, Ax)} > Qd > 1. (54)

Expanding gradients, it is easy to see that

2
Re {(VGy, Ah) + (VGy, Ax)} = £ G(’)("hl'z)Re{(h, Ah)} +

2d

(1113 Lif;hl?

Go( 77 Re {(x.ax)} + Gy S )4 e {(fefih. AR))
ONlecg p

+G6<%)§]¥Re{(0qnc xAx)}) (55)

We can now conclude the following inequality for both of the
above cases
Ik ||2
2d

To see this, note that it holds trivially when ||h||§ < 2d,
and in the contrary scenario when ||h||§ > 2d, Case-2 is not
possible, and Case-1 always has (h, Ah) > 60||h||§, and hence

17113
2d

)<h Ah) > ?G’




(h,Ah) > 6d/5 shows that the inequality holds. Similarly, we
can also argue that

[E305

2d |’

x5
2d)< A>—_ 0

Moreover, the following inequalities

LIf;h]? LIf;h?
Go( 8;2 p” L Re((fuf i, ARY) = Go 8;2 )
(56)
ONlc; ,xI’\ ON
GO(Tq2 sze«cqnc X, Ax))
, [ONley . xI?
> 56 W) ©7

hold in general. Again to see this, note that both hold trivially
when ON|c; ,x|* > 8dv*, and L|f;h|* > 8dy?, and in the
contrary case, we have from the bounds (53), and (54) that
the (56), and above hold in Case 1 and 2. Plugging these
results in (33) proves the lemma.

E. Proof of Lemma [3|
Given that z = (h,x), z+w = (h+u,x +v) € Ng NN,
and lemma below, it follows that z + w € Ng, NN, N N,,.

Lemma 10. There holds Ng € Ng,NN, NN, under local-RIP,
and noise robustness lemmas in Section [[V-Q

Proof of this lemma follows from exact same line of reasoning
as the proof of Lemma 5.5 in [10].

Using the gradient VF;, expansion in (23], we estimate the
upper bound of ||VFj(z + w) — VF(z)|]2. A straight forward
calculation gives

VE,(z +w)=VE,(z) = A" A(ux* + hv* + uv*)x+
A" A((h + u)(x +v)" — hoxy)y — A”(e)v.
Note that z,z + w € Ny, directly implies |ux* + hv* +

wv'|lp < llul2lixll + |k + ullivilz < 2Vdo(llullz + [I¥]l2),
where ||k + ull, < 2vVdy. Moreover, z + w € N, implies
(h+u)(x+v) —hox}|lr < edy. Using |lx||> < 2v/dj together
with ||A*(e)|l.—2 < edo, which follows from Lemma[9] gives

IVFu(z +w) = VE(2)ll2 < 4doll AN, (lllz + [Ivll2)+

edol| Al [Ivll2 + edolIvIl2 < Sdoll AN (lallz + 17 ]]2).
(58)

In a similar manner, we can show that
IVFe(z +w) = VF(2)ll2 < 5dol| Al (lullz + Iv]l2). (59)
Plugging in the gradient expressions from (26), we have

IVGr(z +w) = VGr(2)ll2 <

Ilh +uli7) || ||2
Gy h
L — I+ o+
|| IIZ Lp

LIf;h|?

, (LIf; (R + w)?
|64 (f— S

S )f;(h +u)-G)

)f;h] fe

2

ae

(60)

Begin by noting that G{(z) < 2|z|, and for any z;,z2 € R, it
holds that |G{(z1) — G(z2)| < 2|z1 — z2[; moreover, (h +u) €
Ng,, and simplifying using the triangle inequality, we obtain

Ik +ul3 [Ldl5 17 +ull + |lx]2
G| —=| -G/ < <
0 2d 0 2d = d ”u”Z =
4+/d, llA1l5 IIhllz do
, and G < 61
llul, and G | =2 | <272 <42 (6D)

Using same identities as above, and h,h + u € N,,, we have

* 2 * 2
o (Lm(h +u) ) . (Llffhl

) Tt wls

8du? 8du?
eI e 8uNdy
lfehDIfful < 22 AL |f7ul,

and

LIf(h + u)|? d
2|f5( )] <%

G, =,
0 8> S d

LIf; (h +w)? <
8du? -

We can now use above two displays to obtain ay =

—44,,2(f€ (h+u)+ fiu)f/hf,u+ 4d°f{)u which eventually

gives

DT

max ( i g ) ufd|
= 20, (62

where we used the fact that 3., f¢f; = I. Finally, using h+u €
Ny, and plugging (62), and @I) in (60) gives us

3dyL
0P ulh. (63)

IVGh(z +w) = VGR(2)|l> < 50 202

Sl + =25

In an exactly similar manner, we have

T 2d

llx + I3 _q, [E305
2d 2d

IVGx(z +w) = VGx (2|2 < —(

0

vl (||x||2)

.

QNp
T 8d2 ;’B"’”c"’" :
where
C[ONle; (x +v)I7\ |
Ban = |Gy CIS:ZT con(x +v)—

, [ONleg x|
GO( gav2 | “ant )



and one can show using the facts that x, x +v are the members
of the set Ngy NN, 2 cgnc; an = =1, and the approach similar

to obtain the bound @ that

3dyONp

vl + 5o

lIvil2-
(64)
Using (38), (39), (63), and (64) together with the fact that

VF(z) = (VFu(z) + VGi(z), VFe(z) + VGy(2)), and using
llull, + [[v]l2 < V2|lw|l», we obtain

d
IVGx(z +w) = VGr(2)l2 < spd—g

IVE(z +w) - VF(@)|» <

P
Vado | 101A1, + &

(5+ 25 + 220 il

+
2ur 2y?

F. Proof of Lemma

We begin by controlling the operator norm of the lin-
ear map A in (7), where f;, é;n are the rows of Fjy,

and \/Z(FQR,,C)®N , respectively. It is easy to see that

IAll = maxey || fe€; ,llF, which follows from the fact that
(fe€; . fe€; ¢ ) = 0 whenever £ # ¢ or n # n’. Since
||fgc(,n||F = ||c[,,||2, we only require an upper bound on
||ct’n||2

As introduced earlier, R,, = diag(r,,), where r,, is a Q-vector
of Rademacher random variables. Defining ¢ , as the rows

q.n
of C®V, we can write é* 7n 88 the random sum

o
éen = VL frlglralglegn
q=1

where ry[q] is the gth entry of r,. The upper bound on
[é¢,nll> can now be obtained by an application of Proposition
below. The sequence {Z;} in the statement of Proposition
in this case is VL{f¢[q]rn[q leg, ,,}Q_l. Using the identities,

Yo CqnCyn =1, and ZQ  llegnll3 = K, which follows from
the fact that Q X K matrlx C has orthonormal columns, i.e.,
C*C =1, a simple calculation shows that the variance o-% in
(66) is o2 < K +1. Choosing > = @K log(LN), and using the

bound in results in
max lécnllz < VaK log(LN)
,n

with probability at least 1 — O(LN™%), where @ > 1 is a free
parameter. This proves the first claim in the statement of the
lemma.

As for the second claim, we begin by writing the vector
A*(e) as a sum of random matrices

L N L N
Ae)= D" eallleonf; = Z > enltléont;,

=1 n=1 t’:l n=1

(65)

where the second equality follows by rewriting the Gaussian
random variables é,[{] as a scaling of the standard Gaussian
random variables g,[f] ~ Normal(0, %) + (Normal(0, %). We
employ the matrix concentration inequality in Proposition [I]
to control the operator norm of the random matrix above.
The summand matrices {Z} in Proposition (1] in this case are

simply {€z,.f; }¢,n- The computation of variance in (66) now
reduces to

2 _
o2 - {
2—»2}

Recall that f;, é;  are the rows of Fy, and \/Z(FQR,,C)®N,
respectively, therefore,

)

L N
2 A N
ZZ IfelBéents,
t=1n=1 22
L N
A 2
> Z eenl3fefs

=1 n=1

L
2 _ M * _
ey = 70 D fefi =1.
=1
L N
D2 ené;, = LIC'R;(Fo) FoR,C)®™ = LIxnxkn.
(=1 n=1

Using the above display together with (63), the variance in
this case is upper bounded as
2 12
0

a-% < N max (M, aKN log(LN)).

Choosing t = 2?3‘), and

2
LN > Zcl, max(M, aK N log(LN)) log(LN)
&

and using the inequality in Proposition [I] proves the claim.

Proposition 1 (Corollary 4.2 in [54]]). Consider a finite
sequence {Zy} of fixed matrices with dimensions d\ X d,
and let {gr} be a finite sequence of independent Gaussian
or Rademacher random variables. Define the variance

ol = max{ szz,’; , Zz,’;zk } (66)
k 252 k 2—-2

Then for all t > 0
> ’) < (d) +dy)e" %, (67)

P( ngzk
3

G. Proof of Theorem [2]

We now give the proof of Theorem [2] by explicitly con-
structing a good initial guess: (ug,vo) € %Ndo N %Nﬂ N
N N Nz from the measurements y, and the knowledge

of the model A.

252

Proof. Recall that §dy = ||hx* — hox; ||, and under (h,x) =
(0,0), this implies that 6dy = |lhox;|lF = do giving 6 = 1. In
this scenario, one can conclude from Lemmathat lhox; ||12: -
Ed} < || Ahox))N13 < |lhox} I3 + £d5 with probability at least
1 —2exp (—c£*QN/p?v?) whenever

ON > é%(y v2 KN?+v? )1og4(LN). 68)

This implies that
(A A = T)(hox(), hoxp)| < Ellhox ||z,



and hence || A" A(hox;) — hox(j|la—»2 < &dp. Using triangle
inequality, and (7), we obtain

IA*P) = hoxgl—2 < [|A" A(hoxy) — hoxglla—2 + (A (e)ll2-2

28d0 < 38d0

50 © 50
where the last display follows from Lemma [9] and choosing
&= % Recall from Algorithmthat d, ﬁo, and X( denote the
highest singular value of A*(y), the corresponding left, and
right singular vectors, respectively. Assuming without loss of
generality that dy = 1 gives |d — 1] < g—‘g. Use this together
with & < 11—5 to conclude that 0.9dy < d < 1.1d,.

The initializer v( of x¢ computed by solving a minimization
program in Algorithmis basically a projection of Vdx, onto
the convex set Z = {z|VON||C®Vz|lw < 2Vdv}. Now v €
Z implies that VON||C®N vyl < 2Vdv < %, and hence

1
V3
IVdgo - pll; =

IVdzo — voll3 + 2Re {{(£0 — vo, vo — p)} + [Ivo — plI?

< fd() +

:= ydp, (69)

vo € —=N,,. In addition, we have

> [|Vdzo - voll? + llvo — plI3 (70)

for all p € Z, where the last inequality is the result of Lemma
on the inner product. A specific choice of p =0 € Z in

the above inequality gives |[vo|l < Vd < %, and hence vy €

1 1 A 1
@Nd(r We have thus shown that vy € @Ndo N ﬁN"' In an

exactly similar manner, we can show that ug € %Ndo n %Nﬂ.

It remains now to show that (uq, vg) € N 2e Begin by noting
that || A*(9)—hox;|| < y implies that (A (§)) < y fori > 2,
where o;(A*(§)) denotes the ith largest singular value of the
matrix A*($). This implies using triangle inequality, and (69)
that

ldhoxy — hoxll—z < |A*(P) — dho®}|l—o+
| A*(§) — hox}j -2 < 27,

where d is the highest singular value of A*(y), and fo and
Xo are the corresponding singular vectors already introduced
in Algorithm 2] We also have

(71)

%5(I = xox)ll2 = Eohjhoky)I — xox()lIF
= ||Rohj(A*(y) — dhox} + hox}, — hox{)I — xox})||r
< |&ohy(A™(y) — hox()I — xox()llF +|d — 1] < 2y,

where the second equality follows from hox;(I — xox;) = 0,
and £ohj(A*(y) — dho%}) = 0. Denoting fy = Vdi;xo, the
above inequality can be equivalently written as

[Vdzo — Boxoll» < 2Vdy. (72)

Observe that p = pfoxo € <, which follows from
VON|BolIC®N xolle = |Bolv < Vdv < 2¥dy. Therefore,
using p = Boxo € Z in (T0) gives ||[Vdxo — apxolla >
[lvo — Boxoll2, which combined with (72) yields

lIvo = Boxoll> < 2Vdy. (73)
In an exactly similar manner, one can also show that
llug — aoholl2 < 2Vdy. (74)

20

where ag = \/Ehf;ﬁo. Finally,
lovy — hoxgllF < |luwovy — aouox,llr
+ [laouoxy — aoBohox;|lF + llaoBohoxy — hoxg |l
< lwoll2llvo — aoxoll2 + laolllxoll2llzo — Boholl2
+ ||dh0h8h().f8xOxS - hoxSHF
= |luoll2llvo — aoxoll2 + laolllwo — Boholl2

+[|dhoXy — hoxglF

2 20
< — - 2Vdy +Vd - 2NVdy + 2y < —v,
V3 3

which amounts to showing that [ugvy — hoxllF < %s
using y defined in (@]) and dyp = 1 as before. This
shows that (ug,vy) € N%g. Plugging the choice ¢ = &
in 1 —2exp (—c£2QN/p?v?), computed above, and in (68)
gives the claimed probability, and sample complexity bound,
respectively. )

Lemma 11 (Theorem 2.8 in [55]). Let Z be a closed
nonempty convex set. There holds

Re{(q - Pz(q).z-Pz(g)} <0, Vze Z geCY,

where Pz(q) is the projection of q onto Z.
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