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Abstract:

In this paper, the theoretical analysis of compressive sensing via random filter, firstly
outlined by J. Romberg [compressive sensing by random convolution, submitted to SIAM Journal
on Imaging Science on July 9, 2008], has been refined or generalized to the design of general
random filter used for compressive sensing. This universal CS measurement consists of two parts:
one is from the convolution of unknown signal with a random waveform followed by random
time-domain subsampling; the other is from the directly time-domain subsampling of the unknown
signal. It has been shown that the proposed approach is a universally efficient data acquisition
strategy, which means that the n-dimensional signal which is S sparse in any sparse representation

can be exactly recovered from m=Slogn measurements with “overwhelming” probability.

Index terms:
compressive sensing, the random filter, the Nyquist-Shannon theorem, subsampling

l. INTRODUCTION

Recently, a new emerging field has made a paradigmatic step in the way information is
presented, stored, transmitted and recovered. This area is often referred to as compressive sensing
(or compressed sensing, compressed sampling, etc) developed by Donoho, Tao, Candes and
Romberg et al [1-4]. The common approaches to sample a signal generally follow the well-known
Nyquist-Shannon’s theorem: the sampling rate must be at least twice the maximum frequency
present in the signal. Consequently, before the implement of standard analog-to-digital converter,
one must ensure that (1) the present signal must be (or approximate) compressible in the finite
frequency domain , i.e. the bandlimited signal; (2) the base-band conversion aimed at making the
signal centered at zero-frequency is carried out and then (3) an anti-aliasing low-pass filter to

band-limit the signal is employed. Finally, the signal is uniformly sampled at or above the Nyquist



rate. Besides the expensive cost for realizing the above operations, the practical difficulties due to
the unknown (or large) signal bandwidth often exists (even non-overcomeable in some cases) in
the community of wireless communication [5], ultra-wide radar imaging, beamforming, and so on.

As we know, the Nyquist rate is a sufficient, by no means necessary condition. Only the prior
information, the signal bandwidth or approximate bandwidth is used for the signal sampling based
on the Nyquist-Shannon theorem. In practice, the signal or image is compressible in some basis,
which means the information of signal can be captured by much smaller number of coefficients
than the length of the signal/image. The CS theory asserts that one can recover certain signal or
image from far fewer samples or measurements than traditional methods required when the signal
of interest is compressible or sparse in some basis. The sparsity of signals is a fact often exploited
in signal processing. In particular, the common way to compress a signal is to transform it to the
basis in which it is sparse and subsequently store only the locations and values of the few non-zero
elements. Recently, it has been discovered that, in addition to storage, the signal sparsity can be
leveraged to reduce the number of measurements for signal acquisition and detection; it has been
shown that, if a signal is sufficiently sparse, a small number of projections onto the random
vectors is enough to recover the signal.

The CS measurements, different than samples that traditional analogy-to-digital converters

take, model the acquisition of signal X,as a series of inner products against different the
independent Waveforms{(/ﬁk 'k :1,2,3,---,m}(from the discussion later, this paper deals with

the case of E<¢,, ¢j>=0if I # ], where the symbols “E” stands for the mean operation of
some random variable), in particular,

Ve ={d. %), k=123--.m (1.1)
As well known, the recovering X, fromy, , a kind of classical linear inverse problem will need

more measurements than unknowns, i.e. M >n. But the CS theory tell us that if the signal of

interest X, is S-sparse in the orthogonal framework of ‘¥’ and the ¢, are chosen appropriately, then
results from CS have shown us that recovering X, is possible even when there are far fewer

measurements than unknowns, m<n . We say X, is S-sparse in W if we can



decompose X, as X, = ¥ &, , where &, has at most S non-zero components. In some applications,

the signals of interest are not perfectly sparse; however, all most of information can be captured by

small number of terms. That is, there is a transform vector ¢, with only S terms such that
H%,s —aouz is small. This paper will focus on the CS recovery via | minimization. Given the
measurements Y = @X, , we solve the convex optimization program

main||a||Il subjectto y=®Y«a (1.2)
In words, (1.2) searches for the set of transform coefficients & such that the measurements of the

corresponding signal ¥  agree with y . The |, -norm is being used to measure the sparsity of

candidate signals.

In compressed sensing, the use of randomly generated projections to make measurements can
sidestep the computational difficult task of checking whether the measurements can ensure the
signal recovery. By considering recovery stochastically, it has been shown that measurements
generated from Gaussian or Bernoulli random variables can ensure the signal recovery with high
probability. But, these CS measurements can not be usually used in practice (at least can not used
for the real-time purpose) because of its time-consuming computation and the difficulty of
physical realization. In [7], Ailon and Chazelle has proposed the idea of randomized Fourier
transform followed by a random projection as a fast Johnson-Lindenstrauss transform. They have
showed that this matrix behave like a random waveform matrix with extremely high probability.
Vertterli et al has developed alternative approach named as sampling signal with finite rate of
innovation. The center idea is that the sampling rate for a sparse signal can be significantly
reduced by first convolving with a kernel that spread it out [8]. In [6], the numerical simulations
are carried out to demonstrate the recovery of sparse signals from a small number of samples of
the output of a finite length “random filter”. In [9] Romberg has developed a universal CS
measurements by using a special random convolution (its amplitude of frequency-domain
identically equal to 1) and derived bounds on the number of samples need to guarantee sparse
reconstruction from a more theoretical perspective. Moreover, in [10] Bajwa et al has proposed the
Toeplitz-structured compressed sensing matrices, which is not universal CS measurement and

whose entries comes from the Bernoulli distribution. As a matter of fact, the universal CS



measurement matrix proposed by Romberg belongs to a kind of special circulant Toeplitz matrix.
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Fig.1 The proposed CS measurement

Inspired by the Romberg’s results [10] and the idea of joint sparse representation of signal [11],
a universal CS measurement has also been designed in this paper and consists of two branches
(see Fig.1): one is used for the convolution of unknown signal with a random waveform followed
by random time-domain subsampling; the other is from the directly time-domain subsampling of
the unknown signal. As we known though the CS measurement belongs to lossy compress, the
part of information to be sensed should be captured. Assume x is a cell of signal (or a resolution
unit of image) and we will sense it. CS will not check out information cell or resolution unit if all
the information of this signal cell to be sensed is completely lost. Usually, joint measurement will
be useful approach. As a matter of fact, the branch 2 is used to avoid this complete lossy of
frequency-domain information of signal. It is noted that for two branches we “compress” the
measurements by subsampling, in particular, we simply observe the entries of Ha and I at a
small number of randomly chosen locations and throw the rest away. Convolving with the
response of random filter h can “compress” the information of x into each sample of Hx which can
be untangled by solving (1.2). In this paper we employ the mathematical model for samples at
random location, which means that to generate and i.i.d. sequence of Bernoulli random variables,
each of which takes a value of 1 with probability m/n, and sample at locations t. Along the line

proposed by Romberg, the theoretical analysis of sampling bound has been carried out.

Il. MAIN RESLTS



Refer to Fig.1; our CS measurement process consists of two branches: (a) the branch 1 has

two steps in which we let the signal X, € R" through a random filter described by h e R" and

then subsample; (b) subsample directly the signal x, € R" . The time-domain response of random

filterh e R"is generated by arbitrary real-valued random distribution with zero mean, for
example, the Gaussian distribution, the uniform distribution, the Bernoulli distribution, and so on.
It can be found that the proposed CS matrix can be reduced to one proposed by Romberg and
Bajwa et al. In terms of linear algebra, we can write the time-domain pulse at the output of branch
1 as the form of convolution of X,andh, in particular, HX, , where H = nN"72F"SF with F as the

discrete Fourier matrix defined by

Ft’m:exp(_jzﬂ-Lr(]w_l)], 1<t,w<n
and
5 0
2|0

O-n
where {&(a))} is the Fourier transform of the real-valued random variable {O'(t)}
n -1 -1
6(w)=20(t)exp(—j27er(]w)J 2.1)
t=1
From the definition of FFT, one has
imé(@)=Imé& (o, =0
and
G 4 =6, for ©=231.
w=—+2:n
2

Taking as example (it can be generalized to general case along the almost identical line), we

consider{a(t)} with i.i.d. Gaussian distribution with zero-mean and % variance, i.e.

1

{o(t)}~ N N (0,1) (2.2)

Now, the proposed CS measurement matrix can be rewritten as



L _[H
C_|:\/ﬁ|} (2-3)

Unlike the CS measurement proposed by Romberg et al in which H:HC =nl , the proposed CS
measurement matrix satisfies

E(H:H,)=nl (2.4)
because ofE(H*H ) = n‘lE(F*Z*FF*ZF) =nl and E(H*I ) =E(IH)=0(In fact, the CS
measurement matrix whose entries are generated by i.i.d. random variables also obeys this rule

provided by (2.4)).

From above discussions, one has the following conclusions:

(1) <6‘(a)1)&* (e, )> =0 forw, # @; however<‘o-(a))‘2> =1 ifo,=o

@){54 (@) =(51 (@) =0ams((o: () ) =& () ) =%Or<&R ()6, ())=0
where
&R<w>=ga<t>co{zﬂ<t—l>nﬂJ
and

t=1 n

G (w)=—ia(t)sin{2nwj

(3) <&R ()65, (w2)> :O,<&, (o)6, (a)z)>:Oand<6'R ()6, (w2)> =0if o, # .

Furthermore, let us consider the entries of H denoted by

(H )i,j =26_(wk) fk*,i fk,j

n
k=1

n/2

—g(@) 0+ (o) b0, ¢ 23 Re(3 (1) 1)

(2.5)

From (2,5), readily one has



JRIm(H), =, (@) m( 1 6,,)+ 6 ()Re( 1 1,,)

0I5 g 61 (40 Rl s )
=6, (@)+3i (@, JRe( 1,1, |
0

(2.6)
and
JnRe(H),
=G (@)Re( ;)-8 (@)Im(ff,;)
6, (a%l) Re( b, ) _§, (%1) Im( b, )
+Zg{&a (@ )Re( 1, ;)= 6, (@) Im(F £, )}
=Ge (1) =00y, JRe( 15,1,
+2;{5R (@,)Re( i t,;)-6 (@) Im(f, fk’j)}
=G, (@)+ 6 (@, Jcos (i )
+z§{&R(wk)cos(27”(k_1)(i— j)]—a, (wk)sin(zT”(k—l)(i— j)j}
2.7)

From (2.5) (2.6) and (2.7) one can find that (a) the entries of H are real which is reasonable

because of real-valued system, and (b) H is circulant toeplitz-kind matrix in the form of

al a'2 a'n 1 a'n
a‘n al aZ a'n 1
H = a, a - a, (2.8)
| &, a, & |

Moreover, it is noted that

}/ }/cos z(j-j +2§{cos( )(j—j’)j}

(2.9)

From (2.9) it can be found thatE{ajaj,}zl—% if j=]"; however‘E{ajaj,}‘S

Yo



j# J', which means that {a, } can be looked as some variables generated by the i.id. N (0,1),
especially for larger n. It should be pointed that for CS measurement proposed by Romberg, it is
also in the form of (2.8); however{ak} is also the same as description by (2.8) and (2.9).

Our theoretical result shows that if we generated pulse as above, then with high probability
we will be above to sense the vase majority of signals supported on a fixed set in the ¥ domain.
This result can be summarized as following theorem:

THEOREM 2.1.

Let'¥ be an arbitrary signal representation. Fix a fixed I of size |F| = S in the ¥ domain,
and choose a sign sequence z onI" uniformly at random. Let «z, be a set of ‘¥ domain coefficients
supported onI"with sign z, and take X, =¥ ¢, as the signal to be acquired. Create a CS
measurement matrix Hcas described above, and choose a set of sample locations € of size

|Q| = m uniformly at random with

m=C,S Iog(%)

and also m > C/ log® (%)where C,and Cj are known constants. Then given the set of samples
on Q of H_X,, the program (1.2) will recover &, (hence X, ) exactly with probability
exceedingl—O(5)

Roughly, theorem 2.1 works because the generated CS measurement matrix H will be
incoherent with any fixed orthonormal matrix with ‘overwhelming’ probability. In section Ill, the

detailed proofs will be provided.

I11. PROOFS
3.1 PREMILARY
In [3] Candes and Tao have show that if a measurement satisfying the so-called UUP (the
uniform uncertainty principle) and ERP (the exact reconstruction principle), a S-sparse signal can
be exactly reconstructed with whelming probability by solving (1.2). As a slight generalization of

leamma 2.1 in [3], we give the following lemma.



LEMMAZ.1

Assume that the measurement matrix F, obeys ERP. We let f be a fixed signal of the form
f = f, +hwhere f,is a signal supported on a set T. Then with whelming probability, any

|, -minimizer obeys

[t < é”h Il (3.1)
It is noted that in this paper the third condition of ERP is generalized into
P(t)<a<1 forall teT® (32)
Proof:
Observe that since f is feasible for (2.1), we immediately have
[#7], <l <1 foll, +lnl, (33)

Because ERP holds, one construct a function P =F)V for some V el,(K) such that
P =sgn( f,)onTand ‘P(t)‘ <a<lon teT°. Now one has the identity
(£%,P)=(f,+h,P) (3.4)
Consequently,
(£ P)=(fo,P) (0P | ol =[], - (35)
On the other hand, the bounds on P give
(%P < D[t +ad | F]= D] t]-(1-a) Y| 7] (36)
T T Z, T
To conclude, we established that

|t

<2
Th l-a

(3.7)

'1

|
The Talagrand inequality is a key issue used for the proofs of our results, which is
summarized by lemma 3.2.

LEMMA3.2 The Talagrand inequality

Assume that |f|$ B for every f in F, and Ef (Yi ) =0 for every fin F and i=1,2,3,...,n.



Lets Z=sup > f(Y,), Z=sup[> f(Y;) and{Y;} ,  is the independent random
feF 21 feF |1 o
variable from Banach space.
Then forallt >0,
Pr(jz-EZ|>t)<3exp —Llog 14— Bt (3.8),
KB o’ +BEZ

n
where o> = sup z Ef *(Y;). K is a numerical constant.
feF jo1

3.2. COHERENCE BOUNDS

LEMMA3S.3.

Let'¥ be an arbitrary fixed matrix with |y, |, =1for any k, and create H at random as

above with H = n_%FHZF . Choose 0< o <1. Then with probability exceedingl—o, the

coherence £2(H, W) will obey

2n
H,¥)< [2] —— . .
p(H,W)< og(,/ﬁ 5} (39)

Proof: The proof is a simple application of properties of the normal distribution N(0,1). According
to above discussion, the entries of H can be looked as one generated by N(0,1), then

(H-¥) ;can rewritten as

y=(H-¥), =Y hy, (310)

k

Due to ||1//k||2 =1, one has the important conclusion asy ~ N(O,l). After some simple

2
Pr(|y|2/1)s\/%exp[—%j (3.11)

/2 n
Taking A% = 2log( —EJ and applying the union bound over all n choices of all entries of
V4

manipulation, one has

(H-¥) , established the lemma.



LEMMA3S3.4

Fix an arbitrary fixed matrix ¥ with [y, |, =1for any k, and a subset of the ¥ -domain
F:{yl,yz,---,ys} of size|F|:S. Generate a CS measurement matrix H as described as

Lemma 3.3, and let r*(k=1,2,...,n) be the rows of H Y .. Then with probability exceedingl—o,

v(T):= kzrpza?_(_’n

(%) , where C is a numerical constant.

Proof: From lemma 3.3, it can found that any entries of (H -‘P)i i obeys the normal

2
distribution, i.e. (H '\P)i,j ~N(0,1). Consequently, HrkHZ obeys the y” -distribution with

freedom S, in particular,
kaHz :i(rik)z ~7°(S) (3.12)
]J=!

If the random variable y obeys the ;(z-distribution with freedom n , its function of probability

density is given by

(3.13)

whereI"(a J.X “exp(—x)dx

2
To obtain the bound of Hrk H2 , We carried out the following operation

Pr(”r"”izA):Tfs(y)dy
(S/)jt/lexp(—t)dt




(3.14)
2
The inequality is justified forHrk H2 > 8S with probability exceedingl— o when S > C log (%)

where C is a numerical constant.

3.3 SPARSE RECOVERY
The following results extends the main results of [2] and [9] to take advantage of our

refined bound on the norm coherence. The following theorems are stated for general measurement

system U with E(U U ) =nl. The proofs follow the same general outline put forth in [2] [9],
with one important conditions for the successful recovery of a vector ¢, supported on I"with sign

sequence z are that @ has full rank, where @ is the mx S matrix consisting of the columns of
@ indexed by I' and that
* 71 *
‘7[(7/)‘ =‘<(CDFCDF) DLp,, Z>

where @ is the column of @ at index . There are two essential steps in establishing theorem

<a<l, forall yerl* (3.15)

2.1

(1) Show that with probability exceeding, the random matrix will have a bounded inverse:
* -1
H(CDFCDF) H <y (3.16)
where |||| is the standard operator norm. This step can be finished by theorem 3.
(2) Establish, again with probability exceeding 1— 0, that

7 (¥)|= <(<D;q)r )_1 Do, Z> <a<l,forall yel®

THEOREM 3.1:

Let U be a matrix with E(U U ) =nl . Consider a fixed set T and let(Q2 be a random set

sampled using the Bernoulli model. Then

1 . Jlog(T
EHHUQTUQT —l|<C, %v(r) (3.17)

for some positive constantC , provided the right-hand side is less than 1.

Proof:



1 n
IntroduceY = —Zé’kuk ®u, — |, obviously EY = 0. Along the line done by Candes et al,
mi=

a symmetrization technique is also employed to derive the bound of the expected value of the

norm of Y. To end this let Y’ be an independent copy of Y, i.e.
i
Y'==> 5u,®u I (3.18)
mi=

where {5, } are independent copies of {5, } , and write

E; ”Y ” <Es» ”Y =Y’

Now let {gk} be a sequence of Bernoulli variables taking values +1with equal probability (and

independent of the sequences {&, }and{d, } ). We have

13 ,
E,[Y[|<E;» H2(5k — 5, )u, ®u,
::1 (3.19)
< 2E;, izﬁkgkuk ®u,
miya
From the well-known Rudelson’s theorem, i.e.
n C n
E, éékgkuk(@uk gfw/logm- /sz;‘ékuk(@uk mg”uku
We have
log|T n
e )< e O e, I 50, @, mac]
k=1 -
C. +/log|T| n
S7R - -\/E§ I(Zz;dkuk@)uk max u"H
(3.20)
f &m—gmmax u"”<1,above equations yields to
2 m 1<k<n
log|T|
B, Y= C ¥ max u| (3.21)

Readily, the following conclusion exists:

E|lv|<2a, (3.22)



with

2 m 1<k<n

log|T log (T
_Cayloolml u"”:%%”v(l“). (3.23)

which concludes our proof of this theorem.

[
/2T log|T|
From Lemma 4 one hasa < C; ———— with probability exceedingl—¢ .
m
' . 1 .-
With above theorem established, we have a bound on the expected value of |[—U U, —1||.
m

1 *
The following theorem shows that—U ;U is close to the identity with high probability,
m

turning the statement about expectation into a corresponding large deviation result.

THEOREM 3.2:

Let U, Tand € be as in above theorem. Suppose that the number of measurements m obeys

m > max(Clv1 [log[T|, C,v* log (%)) (3.24)

For some positive constantsC, , C, . Then

!

where |||| is the standard operator |, -norm here, the largest eignvalue (in absolute value).

1

EUQTUQT =1

1
>—1<06 .
>2j< (3.25)

Proof: This proof is a straightforward application of the Talagrand inequality. Set

Y =%Z5kuk®uk—l

k=1

13 13
=— > o, ®u ——)> Eu, ®u
m; k*k k n; k k
=>Y,
k=1
1 1
whereY, ':Hgkuk ®Uu, —EEékuk ®u, . Note that EY, =0.

Considering the spectral norm ||Y || defined by



n

IVl= sup (f,Yf,)= sup D (f,Yf,) (3.26)

(AL Ifl<Llf2l<t k=1

The bound of f (Y, ) can be estimated by

f(Y,)<

<f S\u, ®u, —Es.u, ®u, f>
1! m 2

S%K f,, uk>‘2 s%v2 =B

for all k with the probability exceedingl—o .

Now we can deal with the bound of E( f? (Y, )) as

2
E(fz(Yk))SEKfl, 5kukm®uk f2>

1

:%EKf,uk)‘4

(3.27)

It is noted that< f, u, > is a random variable with zero-man and unit-variance; therefore, the value

4
of EK f,u, >‘ is the forth-moment of Gaussian random variable, i.e.

ot =E[(f,u) =3.

g
Now we can prove that

n

ZE(fz(Yk))S%ag:%.

k=1

In conclusion, applying the well-known Talagrand’s inequality will yield to
t Bt
Pri|lY|[—E|Y[|>t)<3 ——log| 1+ ———
e exp{ e Og[ +%ﬁBEnvnN

mt t
= 3exp(—Wlog [1+—le E||Y ”B

1 1
Take m enough large such that E ||Y || < Z in above equation and pickt = Z

(3.28)

Now using log (1+ x) > %Xfor 0<x<1, we have

Pr(||Y |> %) < 3exp(—% KT/ZJ (3.29)




which means Pr (||| > 7)< & whenm > 30Kv? log 3/ ).

o 1.
In addmon,E”Y”SZ it m>4C.v,/log(T| .

THEOREM 3.4.

Let U be a CS measurement matrix as above. Fix a subset ', let rbe the rows of U.,

and set Vi=maX,_, .,

rkHZ. Choose a subset €2 of the measurement domain of size

|Q|:m and a sign sequence z on I uniformly at random. Set @ =R,U , the matrix
constructed from the rows of U indexed by . Suppose that

m > C v’ log (%)

and also m>C/z’ Iogz(%), where C,and Cjare known constants. Then with probability
exceedingl—O(5), every vector o, supported on I'with sign sequence z can be recovered
fromy = ® ¢, by solving (1.2)

LEMMA 3.5.

Let ®,u,T vand m be as in Theorem 3.3. Fixy € '*, and consider the random

Jm

vectorv, = CD;goy . Assume that+/m < Vv?/ 41, Then for anya® < ~—
U

Pr (H(D;(pyuz >v/m + am%y%v) <3exp(-Ca’) (3.40)

where C is a known constant.
Proof.
This proof is also the application of the Talagrand’ inequality and is carried out along the line

carried out by Romberg in the following. Using the Bernoulli sampling model, we can write

@@, asasum of independent random variables,

Do, = U, 1" (3.41)
k=1

where ris the kth row of U = H¥ .. Note that E(d);(py) = 0. To bound the expected value of



H(I)F%Hz , We use

e{loio ]} <Eflei )

n . (3.42)
= Z E{zkllszkl]yU:Z’yrk1 (rkz) }
Ky k=1
By using
EfU UL () | =E (U, UL, B ()]
+E(U,,r)E{UL, () |+ E(u,, (™) EfUL )
(3.43)
one has
E {HCD;%HE} - %kzr:l E‘U‘W‘z E HrkHZ + kgn:_lE (lkllkz ) E (Uklvi/ (rkZ )*) E (U':2v7rk1)
2 n 2
< mr‘]’ Z‘E‘Uk’yr+2n(%j
~ mv?
(3.44)

It is noted that the fact has been employed that for the Gaussian random variables, the expected
value of odd joint variables is zero while the mean of even joint variables is the sum of all possible

combination.

For &2, note that

‘2

&% =sup, Zn:EKf,Yk>
k=1

:%S[pr éE‘UMr Kf,rk>‘2 (3.45)
:%SUpf Zn: EK f, rk>r

k=1
=m< m,u2

where E ‘Ukly‘z :landi E K f, rk>‘2 =N have been used.
k=1

Note that for all f € RS with ||f||£1,

(F Y =[(F a0 Y < U, || F.r*)| < sv= B foraink



with probability exceeding 1—O (&) Plugging the bounds for EH(I)I*"%HZ’ B, and &~ into

Talagrand inequality, we have

Pr(HCD;(Py HZ > Vx/ﬁ+t) < 3exp(—é log [1+mﬂ2+8ﬁj] (3.46)

Using the fact that log (1+ X)> 2% for0 < x <1, this becomes

Pr(Hq);%Hz >va/m +t) < 3exp(— 32KtB - +E:ZVZ\/H) (3.47)

2
for all Ostﬁmﬂé—i—V\/HSZV\/a.Thus

Pr(Hd);(pyHZ > va/m + ay“zml"‘v) <3exp(-Ca’) (3.48)
wherea’ < 4\/5/ andC = i Now, we have
H 3K

Pr (H(D;@HZ >va/m + a,u“zm““v) <3exp(-Ca’) (3.49)
[
To finish off the proof of the Theorem, let #A be the event that Eq. () holds; step 1 tell us that
Pr(#)< 5. LetB, be the event that

max (CD}CI)F)fl v,

yel®

<A (3.50)

2

where 4 = 2vm™? + Zay”zm’mv. By Lemma 3.5 and taking the union bound over all y e T,

we have
Pr(, | #)<3nexp(-Ca’) (3.51)
By the Hoeffding inequality,
2
Pr(rpgg 7r(y)‘>a|GBﬂ,:ﬂ)s2nexp(—0‘Aﬂz) (3.52)

Our final probability of success can then be bounded by

Pr(max

ﬂ(y)‘>a)sPr(max

7(7)]> @l B, 9]+ Pr(B,,] ) +Pr ()

yeT®

<2n exp(—“%/%z)jt?,n exp(-Ca’)+6

yeT®

(3.53)

Then we can make the second term in above expression less than ¢ by choosing



a=C ) /Iog(3%) , (3.54)

Avm
Because of a*> < —— , one hasm >16C ~ 1* log® (3%) . This choice of a also ensures that
U

A <3vm™?

For the first term in above equation to be less than ¢ , we need

re 4
- 2Iog(2%)

which hold when

m zi—gvz Iog(z%)

Especially, selecting o :% , m>72v° Iog(z%) . Noting that v2 <8T with probability

exceeding 1—6, hence,m > CT log (2%) with probability exceedingl—o .

IV.  CONCLUSIONS
In this paper, the theoretical analysis of compressive sensing via random filter, firstly outlined
by J. Romberg [compressive sensing by random convolution, submitted to SIAM Journal on
Imaging Science on July 9, 2008], has been refined or generalized to the design of general random
filter used for compressive sensing. Theorems 2.1 and 1.2 tell us that we can recover perfectly a S
sparse signal from on the order of Slogn. If we are willing to pay additional log factors, we can

also guarantee that the recovery will stable.

ACKNOWLDGEMENT:
This work has been supported by the National Natural Science Foundation of China under
Grants 60701010 and 40774093.

REFERENCES
[11]E. Candes, J. Romberg and T. Tao, Robust uncertainty principles: exact signal reconstruction
from highly incomplete frequency information, IEEE Trans. Inform. Theory, 52(2), 489-509, 2006
[2]JE. Candes and J. Romberg, Sparsity and incoherence in compressive sampling, Inverse

Problems, 23(2007), 969-986



[3]E. Candes and T. Tao, Near-optimal signal recovery from random projections and universal
encoding strategies, IEEE Trans. on Information and Theory, 52, 5406-5425, 2006

[4D. Donoho, Compressed sensing, IEEE Trans. on Inf. Theory, 52(4), 1289-1306, 2006

[5]J. L. Paredes, G. R. Arce and Z. Wang, Ultra-wideband compressed sensing: channel estimation,
IEEE Journal of Selected topics in signal processing, 1(3), 383-395, 2007

[6]J. A. Tropp, M. B. Wakin, M. F. Duarte, D. Baron and R. G. Baraniuk, Random filters for
compressive sampling and reconstruction, in Proc. IEEE Int. Conf. Acoust. Speech Sig. Proc.,
Toulouse, France, May, 2006

[7IN. Ailon and B. Chazelle, Approximate nearest neighbors and the fast Johnson-Lindenstrauss
transform, in Proc. 38" ACM Symp. Theory of Comput., Seattle, WA, 557-563, 2006

[8]M. \etterli, P. Marziliano and T. Blu, Sampling signals with finite rate of innovation, IEEE
Trans. On Signal Processing, 50(6), 1417-1428, 2002

[9]J. Romberg, Compressive sensing by random convolution, submitted to SIAM J. imaging
science, 2008

[10]W. U. Bajwa, J. D. Haupt, G. M. Raz, S. J. Wright and R. D. Nowak, Toeplitz-structured
compressed sensing matrices, in Proc. IEEE Stat. Sig. Proc. Workshop, Madison, WI, August 2007,
294-298

[11]Y. C. Eldar, Uncertainty relations for analog signals, arXiv0809.3731v1 [cs. IT] 22 sep 2008
[12]W. Hoeffding, Probability inequalities for sums of bounded random variables, J. American

Stat. Assoc., 58, 13-30, 1963



