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Multi-rate asynchronous sampling of sparse
multi-band signals

Amir Rosenthal, Alex Linden, and Moshe Horowitz

Abstract

Because optical systems have huge bandwidth and are caf@saleerating low noise short pulses they are ideal
for undersampling multi-band signals that are locatediwithvery broad frequency range. In this paper we propose
a new scheme for reconstructing multi-band signals thaifpca small part of a given broad frequency range under
the constraint of a small number of sampling channels. Tiherse, which we call multi-rate sampling (MRS),
entails gathering samples at several different rates wkase is significantly lower than the Nyquist sampling
rate. The number of channels does not depend on any chésticgeof a signal. In order to be implemented with
simplified hardware, the reconstruction method does ngt @al the synchronization between different sampling
channels. Also, because the method does not solve a systdimeaf equations, it avoids one source of lack
of robustness of previously published undersampling selse®ur simulations indicate that our MRS scheme is
robust both to different signal types and to relatively higiise levels. The scheme can be implemented easily
with optical sampling systems.

I. INTRODUCTION

A multi-band signal is one whose energy in the frequency dorsacontained in the finite union of
closed intervals. A sparse signal is a signal that occupigsasmall portion of a given frequency region.
In many applications of radars and communications systénssdesirable to reconstruct a multi-band
sparse signal from its samples. When the signal bands ateredmat frequencies that are high compared
to their widths, it is not cost effective and often it is noa$ible to sample at the Nyquist raty,;
the rate that for a real signal is equal to twice the maximuegquency of the given region in which the
signal spectrum is located. It is therefore desirable t@mstruct the signal by undersampling; that is
to say, from samples taken at rates significantly lower tenNyquist rate. Sampling at any constant
rate that is lower than the Nyquist rate results in down-eosion of all signal bands to a low frequency
region called a baseband. This creates two problems in tomséruction of the signal. The first is a loss
of knowledge of the actual signal frequencies. The secorndegossibility of aliasing; i.e. spectrum at
different frequencies being down-converted to the samguiacy in the baseband.

Optical systems are capable of very high performance uadgting [1]. They can handle signals
whose carrier frequency can be very high, on the order of 4@,@Hd signals with a dynamic range as
high as 70 dB. The size, the weight, and the power consumpfi@ptical systems make them ideal for
undersampling. The simultaneous sampling of a signal &rdifit time offsets or at different rates can
be performed efficiently by using techniques based on wagéhedivision multiplexing (WDM) that are
used in optical communication systems.

There is a vast literature on reconstructing signals frordessampled data. Landau proved that,
regardless of the sampling scheme, it is impossible to #oact a signal of spectral measukewith
samples taken at an average rate less th§2]. This rate)\ is commonly referred to as the Landau rate.
Much work has been done to develop schemes that can rectnsignals at sampling rates close to the
Landau rate. Most are a form of a periodic nonuniform sangp(iPNS) schemeé [3]-[9]. Such a scheme
was introduced by Kohlenbergl[3] who applied it to a singéewh signal whose carrier frequency is known
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a priori. The PNS scheme was later extended to reconstrulti-lnamd signals with carrier frequencies
that are known a priori |4],[]8].

In a PNS scheme: low-rate cosets are chosen out/otosets of samples obtained from time-uniformly
distributed samples taken at a rdtavhereF is greater or equal to the Nyquist raftgq [4]. Consequently,
the sampling rate of each sampling channel ismes lower than?” and the overall sampling rate Is/m
times lower thanF. The samples obtained from the sampling channels are diffsan integral multiple
of a constant time increment,/F. This sampling scheme may resolve aliasing. In a PNS schame t
signal is reconstructed by solving a system of linear equat[4]. PNS schemes can often achieve perfect
reconstructions from samples taken at a rate that appredbleeLandau rate under the assumption that
the carrier frequencies are known a priori. However, in ptdeattain a perfect reconstruction, the number
of sampling channels must be sufficiently high such that theagons have a unique solutidn [4].

When the carrier frequencies of the signals are not knowniaripin a PNS scheme, a perfect
reconstruction requires the sampling rate to exceed twieeltandau rate[ [5],[[6]. In addition, in a
PNS scheme the number of sampling channels must be suffickégh [6]. Under these two conditions,

a solution to the set of equations in PNS scheme may be obdtaissuming that the sampled signal is
sparsel[6]. When a PNS scheme is applied taVaband real signal’{ bands in the interval, Fryq/2]),

at least4 NV channels are required for a perfect reconstruction [5], A6nethod for obtaining a perfect
reconstruction has been demonstrated only with the numbehannels equal t8 NV [6]. Even when the
requirement of perfect reconstruction is relaxed, the remalb channels required to obtain an acceptably
small error in the reconstructed signal may be prohibiidarge. Furthermore, the implementation of
the schemes to attain the minimum sampling rate relies lyeaxi assumed values of the widths of the
sample bands and the number of bands of the signal [6]. Indke that the bands of the signal have
different widths, a PNS scheme for obtaining the minimum @arg rate has not been demonstrated.

Other important drawbacks of PNS schemes stem from thelfatthe systems of equations to be solved
are poorly conditioned [7]. Thus, the schemes are sendibitbe bit number of A/D conversion. They
are also sensitive to any noise present in a signal and topbetram of the signal at any frequencies
outside of strictly defined bands. Moreover, the use of watapling significantly increases the noise
in each sampling channel since the noise in the entire sahgpectrum is downconverted to low
frequencies. Therefore, the dynamic range of of the oveyallem is limited. The noise may be reduced by
increasing the sampling rate in each channel. Howevere glme number of channels needed for a perfect
reconstruction is determined only by the number of signaldsathe overall sampling rate dramatically
increases. Another important drawback of PNS scheme ietigrement of a very low time jitter between
the samplings in the different channels.

In this paper we propose a different scheme for reconstrgigparse multi-band signals. The scheme,
which we call multi-rate sampling (MRS), entails gathersamples atP different rates. The numbe?
is small (three in our simulations) and does not depend orchayacteristics of a signal. Our approach is
not intended to obtain the minimum sampling rate. Rathes, imtended to reconstruct signals accurately
with a very high probability at an overall sampling rate timasignificantly lower than the Nyquist rate
under the constraint of a small number of channels.

The success of our MRS scheme relies on the assumption thateshsignals are sparse. For a typical
sparse signal, most of the sampled spectrum is unaliaset least one of the” channels. This is in
contrast to the situation that prevails with PNS schemeBNBS schemes, because all channels are sampled
at the same frequency, an alias in one channel is equivaeat tlias in all channels.

In our MRS scheme, the sampling rate of each channel is chiosée approximately equal to the
maximum sampling rate allowed by cost and technology. Giunesetly, in most applications, the sampling
rate is significantly higher than twice the maximum width lo¢ tsignal bands as usually assumed in PNS
schemes.

Sampling at higher rates has a fundamental advantage #lsigre contaminated by noise. The spectrum
evaluated at a baseband frequerfgyn a channel sampling at a rateis the sum of the spectrum of the
original signal at all frequencief, +mF that are located in the system bandwidth, whereanges over



all integers. Thus, the larger the value I6f the fewer terms contribute to this sum. As a result, sargplin
at a higher rate increases the signal to noise ratio in the-basd region.

To simplify the hardware needed for the sampling, our recanson method was developed to not
require synchronization between different sampling clegnrherefore, our method enables a significant
reduction in the complexity of the hardware. Moreover, untyonized sampling relaxes the stringent
requirement in PNS schemes of a very small timing jitter i@ $lampling time of the channels. We also
do not need to solve a linear set of equations. This elimatee source of lack of robustness of PNS
schemes. Our simulations indicate that MRS schemes arestrdimih to different signal types and to
relatively high noise. The ability of our MRS scheme to restomct parts of the signal spectrum that
alias when sampled at alf sampling rates can be enhanced by using more complicatedvaae that
synchronizes all of the sampling channels.

The paper is organized as follows. In section 2 we presenesgeneral mathematical background. In
section 3 we describe the algorithm. In section 4 we give soamsiderations regarding our algorithm
complexity. In section 5 we present results of computer &tmans.

II. MATHEMATICAL BACKGROUND AND NOTATION

A multi-band s}i\gnal is one whose energy in the frequency donscontained in a finite union of
closed intervalg J,_,[a;, b;]. A multi-band signalz(t) is said to be sparse in the intervidlin, Finay if
the Lebesgue measure of its spectral suppor) = Ziv:l(bn — a,) satisfiesA < Fiax — Fmin-

The signals we consider are sparse multi-band with spettealsure\. We use the following form of
the Fourier transform of a signalt):

X() = [ atyexp(-2mift) 1)
If the signalz(t) is real (as is every physical signal), then its spectiXirsatisfiesX (f) = X (—f) where
a+bi = a—bi anda andb are real numbers. Thus, a real multi-band sigr@) has fourier transform

X (f) which, when decomposed into its support intervals, can peesented by

X(f) =Y [Sulf) +Su(=1)] )
n=1
where S, (f) # 0 only for f € [a,,b,] (Whereb, > a,, > 0), and [a,, b,] ([@m, bm] = ¢ for all n # m.
We assume that},, is known a priori. That is to say, we assume that elclior a real signal is at
most some known valuéy,,/2. Sampling a signak(¢) at a uniform rate/ produces a sampled signal

i i n
x<t)_x<t+A)n_§_:w5(t F) 3)
whereA? is a time offset between the clock of the sampling system amgpathetical clock that defines
an absolute time for the signal. Because we are assuming afl@gnchronization between more than one
sampling channel, we assume that the time off@gtare unknown. Reconstructing the amplitude of the
signal spectrum with our scheme does not require knowledlgleectime offsets. Only in reconstructing
the phase of the signal in the frequency domain, do we needrnrescases to extract the differences
between time offsets.
The Fourier transform of a sampled signalt), X*(f), is given by

X(f)=F > X(f+nF)exp2mi(f +nF)A']. (4)

n=—0oo

The connection between the spectrum of a sparse si§ii#) and the spectrum of its sampled signal
Xi(f) is illustrated in Fig[L.
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Fig. 1. lllustration of the spectrum of a sparse one-bantisigaal (a), and the spectrum of its samples which are obthafar the sampling
ratesF! (b) andF? (c). At fo, the signal is unaliased at the sampling ratg but is aliased at the sampling rat&.

One immediate consequence of Ef. 4 is that, up to a phase thetodoes not depend on the signal,
exp[27i(f +nF?) A, X'(f) is periodic of period:. It is also clear that, for a real signalt), Xi(—f) =
X*(f). Thus, all of the information aboutX*(f)| is contained in the intervdD, F*/2]. Beside a linear
chirp caused by the time offsek’ all the information about the phase &f'(f) is also contained in
the interval[0, F*/2]. We shall refer to this intervdD, F*/2| as theith baseband. The down-conversion
of a frequencyf € [0, Fryq/2] to this baseband is represented by the down-conversiortidan®’ :

0, Fiya/2) — [0, F'/2]:

D'(f) = min[f mod F',(F"— f) mod F']. (5)

In the case of band-limited signal(f), for a given frequency, all but a finite number of terms in the
infinite sum on the right side of E@Ql 4 vanish. If the number ofivanishing terms is greater than one
for a given sampling raté", then the signal is said to be aliasedfatvhen sampled at the raté’. If at
a frequencyf only a single term in the sum is not equal to zero, the sighgf) is said to be unaliased
at a sampling raté™. lllustration of aliasing can be seen in Fig. 1(c). In theeca$ sparse signals;(¢)
is unaliased at considerable part of it spectral suppore Jiccess of an MRS scheme lies in the fact
that whereas a signal may be aliased at a frequgnahen sampled at a rate?, the same signal may
be unaliased at the same frequerfcywhen sampled at a different rafe/.

Each support intervadl, b] (b > a > 0) of the multi-band signal will be referred to as ariginating
band. According to Eq[4, sampling at the rai& down-converts each originating bahd t] to a single
band in the basebar(d’, 3°]. We shall refer to the intervdk’, '] as adown-converted band.

It is apparent that when a single down-converted blad3’] is given, it is in general not possible to
identify its corresponding originating band. However,atiéws easily from Eq[ 4 that the corresponding
originating band must reside within the set of bands defined b

{( D [ai+mFi,5i+mFi]>U< D [—5i+mFi,—ai+mFi}>}ﬂ[O,Fnyq/2], (6)

m=—00 m=—00



wherem is an integer. The set in EQ. 6 can be represented as a finitberuwwhdisjointed closed intervals,
which we denote bya! , b’ ]. We shall refer to each of these intervals asipsronverted band. For clarity,

we denote all down-converted intervals with greek lettergesscripted by the sampling frequency and
denote all up-converted intervals with latin letters.

In general, the number of possible originating bands isecedlby sampling at more than one rate. For
each sampling rate rate’, an originating banda, ] must reside within the union of the upconverted
bands:[a,b] € U,[a’,b]. Since the union of upconverted bands is different for eapding rate,
sampling at several different rates gives more restristiover the originating bang, b]. When sampling
at P rates,F!, ..., FP, the originating band must reside withinf”, U, [a’ , b¢].

n’-n

[1l. RECONSTRUCTIONMETHOD

In this section we describe an algorithm to reconstructagyfrom an MRS scheme. First, we describe
an algorithm for reconstructing ideal multi-band signals,defined above. Then we present modifications
to enable a reconstruction of signals that may be contaednay noise outside of strictly defined bands.
While such signals are not exactly multi-band, we still agdas them multi-band signals provided that
the noise amplitude is considerably lower than the signglldnde.

The reconstruction is performed sequentially. In the firsp sets of intervals in the bar@ F,,/2] that
could be the support oK (f) are identified. These are sets that, when down-convertedcht sampling
rate ['*, give energy in intervals in the baseband where significaetgy is observed. For each hypothetical
support, the algorithm determines the subsets of the supipirare unaliased in each channel. According
to Eq.[4, for the correct support, the amplitude of each sadpignal spectrum is proportional to the
original signal spectrum over the unaliased subset of tipp@t. As a result, for each pair of channels,
the amplitudes of the two sampled signal spectra are priopaitto one another over the subsets of the
hypothetical support which are unaliased in both channéisis, we define an objective function that
guantifies the consistency between the different channads mutually unaliased subsets of the support.
The algorithm chooses the hypothetical support that madmthe objective function. The amplitude is
reconstructed from the sampled data on the unaliased subk#te chosen hypothetical support. In the
last step, the phase of the spectrum of the originating signdetermined from the unaliased subset of
the chosen hypothetical support.

A. Noiseless signals

In this subsection we assume that all signals are ideal +batid signals. Although what follows applies
to more general signals, we assume that all signals have-pisse continuous spectrum.

1) Reconstruction of the spectrum amplitude: For each sampled signal’( f), we consider the indicator
functionZ'( f) that indicates over which frequency intervals the energhefsampled signal( f) resides.
To ignore isolated points discontinuity we define the inticdunctionsZ’(f) as follows:

Ti(f) = { 1 forall f € [0, Fayq/2] such that for alk > 0, [/ | X7(f)[2df' > 0

0  otherwise.
For piece-wise continuous function, it is simple to showt thd f) = 1 on closed intervals.
We define the functio(f) as follows:

P
= Hf‘(f), £ €00, Fryq/2]. 7)

Thus, the functiorZ(f) equalsl over the intersection of all the up-converted bands of fheampled

signals. We denote the intervals over whiglif) = 1 by U;...Uk. The Appendix gives sufficient
conditions under which each originating band coincideshwahe of the intervald/; ... Ug. Thus, it

remains to determine which of th€ intervals coincide with the originating intervals.



For eachk = 1,2,---, K we consider the indicator function

1 iffel,
Li(f) = { 0 otherwiske. (8)
It follows immediately from Eq[J8 that
K
I(f) =Y _Tu(f). ©)
k=1

To find which sets ofU;, (or Z,(f)) match the originating bands each indicator functiqif) is down-
converted to the baseband via the formula

Ti(f) = oo i (/)H (% Ti(f +nF") + T (—f + nFi)> : (10)
In Eq.[I0Zy i /9(f) is the indicator functior_1 of the closed intervil F*/2]:
Zora ) ={ ¢ iherwie, | an
H(f) is the Heaviside step function
mn=-{0 5 450 2

The Heaviside step function in Eq.J10 is used to assureZitat) is an indicator function. In the case in
which the down-conversions of an intervidl are aliased at some frequengywithin the baseband the
argument of the step function is an integer greater than Weier,Z/ (f) = 1. If, for a frequencyf in
the baseband there is no signal in any of its replicas; Kéa " + f) = 0 for all n, then H(f) = 0. As

a consequencéd,;(f) = 0 also. Therefore, the functiofy (f) is equal to one over the down-conversion
of the intervalU,, corresponding sampling raté’.

We consider the power set éf, P{U}; i.e., the set of all subsets dqiUy,---,Ux}. We denote an
element of P{U} by U = {Us,, -, Uro } (0 < Q < K). A subset/ € P{U} is deemed to be support
consistent combination if, for each sampling rateg”, the down conversion of its intervals matches the
down-converted bands of the corresponding sampled signegrms of indicator functions, we define for
eachi/ € P{U} the indicator functions

(f) = > Ti(f) felo,F2. (13)

UreU

The functionZ;,(f) is an indicator function for the down-conversion of the imgds of /. Next, we
define the objective function

P Fi/2 _
Bw=X [ EH-T (0l (14)

Support consistent combinations are thosér which £, (i) = 0.

Figure[2 illustrates our method for the signal shown in FigThe support of the signal at positive
frequencies, shown in Figl 1, consists of a single intefvgures 2(a) anfll2(b) are graphs®f(f) and
T2(f). Figure2(c) is a graph ¢f( f). The functionZ( f) is equal to one over four intervalg, . .., U,. Each
combination of these four intervals must be checked for stipgonsistency. In the example illustrated in
Fig.[d, we check whether the subget= {U,} € P{U} is support consistent. Figurek 2 (d) and (e) show
the indicator functions for the down-conversion(éf at ratesF’ and F%: 7}, (f) andZ7,(f), respectively.
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Fig. 2. lllustration demonstrating how support-consisteis checked. The input of the algorithm is the sampled $sgmdnose spectra
X'(f) andX?(f) are shown Figs. 1 (b) and (c), respectively; their respedtidicator functiong" (f) andZ?(f) are shown in Fig. 2 (a) and
(b). Figure 2 (c) shows the indicator functi@if f) = Z*(f)Z*(f). In Figs. 2 (d) and (e), we check whether the subset {U.} € P{U}
is support consistent. Figurg$ 2 (d)and (e) show the inalidamnctions for the down-conversion &f, at ratesF* and F?: 7}, (f) and
I, (f), respectively. The dashed lines illustrdfe, —U> and their down-conversions. It is evident that the functidn(f) andZ/, (f) are
not equal. Hence{ = {U-} is not a support-consistent combination.

The dashed lines illustrate,, —U,, and their down-conversions. It is evident that the funid®(f)
andZ},(f) are not equal. Hencé{ = {U,} is not a support-consistent combination.

Amongst all support consistent combinatidnsit is necessary to identify the one that exactly matches
the originating bands. For this purpose, we introduce twditemhal objective functions. The support
consistent combinatioi¥ that optimizes these function is deemed to be the correct one

Amongst support-consistent combinations, amplitude isterst combinations are defined by the am-
plitudes of the sampled signals at unaliased intervals.iiet {U; ,---,U,, } be a support consistent
combination. Denote the union of all intervals if"_, U;, that are unaliased when down-converted at
rate [ by 3, ¢ ", U,,. For the correct choice @f, at a frequencyf that is unaliased when sampled
at ratesF* and 2 ( f € i} N %2), the functions| X (f)|/F" and |X%(f)|/F must be equal.
Accordingly, we define a second objective function:

-y / (X (F)/F — | XP(f)|/F=)? d. (15)

i 2
11712 N>y

For the correct{, the objective functior,(U/) must equal zero. A support-consistent combinatiofor
which E»(U) = 0 is said to be amplitude consistent.



Unfortunately, there may be more than one amplitude-ctersiscombination. This is the case, for
example, when for all; andi,, 3;; N %7 is empty. In such cases, the objective functiBs(Z/) cannot
be sufficient to identify the correé¢t. Thus, we introduce a third objective functi@f(L/). This function
favors options in which the integrals in Eq.] 15 are calculaieer large sets. The third objective function
is defined by

BsU) =) A(Zy %), (16)
1712
where \(3;} N ¥12) is the Lebesgue measure Bf; N Y. The amplitude-consistent combination that
maximizesE;(U) is deemed to be the correct one. In the rare case Ah@¥) is maximized by more
than one amplitude-consistent combination, the outcontbefilgorithm is not determined.

After the optimali/ = {U;,,---,U,, } is chosen, the amplitude of the signal is reconstructed from
the samples. We define the functiofif) as the number of sampled signals which are unaliased at the
frequencyf: r(f) = Zf):lzzi{(f), WhereIEi{(f) is the indicator function of the interval;,, defined
similarly to Eq.[T1. For eaclf within the detected originating bands, ie< (J", U,,, if r(f) > 0, we
reconstruct the corresponding amplitude of the spectruhfadbm the sampled signals by

1 XI5, ()
__T(f)gé; Fin

In words, for each frequency that is unaliased in at least one channel, the signal andglitsi averaged
over all the channels that are not aliasedfat~or all other frequencies, notably those that alias in all
sampling channelsXy,(f) is set to equal zero.

2) Reconstruction of the spectrum phase: The spectrum of a signal can be expressedXdg) =
| X (f)|exp{jarg[X(f)]}. In the previous section we described how to reconstrucathplitude| X (f)]
from the signal’'s sampled data. In this section we describethod of reconstructing the phaseg[ X (f)].
If the time offsetsA’ of Eq.[4 were known a priori, reconstructing the phase wouddtrivial. The
reconstruction in this case could be performed by using @&awaof Eq.[1Y with|X(f)| replaced
by X' (f)exp(—2nfA™). This would yield a full reconstruction of the signal (phamed amplitude).
However, because of the lack of synchronization betweerlihenels, the time offsets’ are not known
a priori. Consequently, it is more difficult to reconstruoe tohase. After identifying the signal bands, we
can calculate the differences™ — A between two different time offsets. This is sufficient to leleathe
reconstruction of the phase of the signal spectrum up to glesimear phase factor.

The difference between two time offset$' and A can be calculated directly in the case thgtn ;2
contains at least one finite interval. In this interval theagd of X" (f)/X"2(f) satisfies the following
equation:

(17)

arg[ X" (f)/ X2 (f)] = 2n f(A™ — A™) + 27k, for some integefk (18)

The left side of Eq[18 is determined by the sampled data. Bfopeing a linear fit we calculate the
difference between the two offsets and A%z, We do this for all pairs of offsets for which;} N 32
contains at least one finite interval.

There may exist cases in which there existand i, such thatZZZ1 N 23 does not contain one finite
interval but for whichA” — A% can still be calculated. For example, in the case of thresetsf\:, A
and A%, if one can calculat¢ A" — A”2) and (A — A™), then (A — A#) can also be calculated by
simple algebra. If there exist,, . . .1i,,, such that for each < £ < m — 1, ij N Zzlj“ contains at least
one finite interval, then we say thgt andi,, are phase connected and denote this by, ~ i,,. If i ~ j,
then difference between the two offsei$ — A’ can be calculated. In the casg does not contain any
finite intervals, we define\’ ~ A’ It is clear that~ is an equivalence relation [10] and thus partitions
the A’ into equivalence classes.

For eachA” and A in the same class, one can calculate their difference. Oneobgain a full
reconstruction of the phase if there exists one dassch that each originating frequency is unaliased in
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at least one channel belongingdpi.e, there exista clags= A» ... A=, such that J;" ¥t = U2, Uj,,
whereld = {Uj,,--- ,Uj, }.

B. Physical signals

To sample realistic signals (i.e., not strictly multi-baadd in the presence of noise), the algorithm
needs to be adjusted. In this subsection we describe adjostrto our algorithm to overcome the noise.
The algorithm requires five new parameters. In section 5, ive gxamples of reconstructing signals
contaminated by strong noise. In those examples, the sucfebe reconstruction does not depend on
the exact choice of the five parameters.

In the presence of noise, the definition of the support of mamed signals must be adjusted. First,
a small¢ is chosen. Then, a small positive threshold valués chosen. The indicator functidf ( f) is
then redefined as follows:

75 -{

The choice of the threshold depends on the average noise level.

When reconstructing physical signals, it is not reasontabéxpect; (/) to equal O for any combination
U. An initial adjustment is to require that, (/) < b for some positivé. The shortcoming of this condition
is that the threshold does not depend on the signal. To make the threshold to depetite signal in a
simple way, we introduce the following condition:

L if f €0, Fryg/2] and & [[75|Xo(f)df" > T

) =€ (29)
0 otherwise.

wherea > 1 is a chosen parameter. The parameteand b control the tradeoff between the chance
of success and runtime. f and b are too small, the correct subgétmay not be included in the set
of support constituent combinations. On the other hand, &d b are too large, then the number of
support-consistent combinations may be large. This resula slow run time.

Finally, we make two modifications to the objective functiéig(/). We replace the length of the
mutually unaliased intervals by a weighted energy of themadisignals in these interval. The objective
function E5(U) is replaced withFs:

R Fhyq/2
B =Y [
iriz V0
whereW,, ,,(f,U) is a weight function. The weight function favors combinasdn which the sampled
signals are similar in mutually unaliased internals andeingd in the following.

We first note that for each two channéjsandi,, the intersection of their non-aliased suppo§ (1%;2)
is a union of a finite number of disjoint intervalg™*, - - - V;"**. We define

2

XDy, ) ay. (21)

Fit

ko )_fv,:m (X (Ol Fr = (X (f)l/F= | df 22)
Mo T L T (D + X (DI Tdf
Finally, we define the weight function:
Wi (F) = 3 expl=pp, iy U)) Ty (1), (23)
k

wherep is a chosen positive constant aiig:, ... (f) is the indicator function of the intervéJ’,jl’iQ. The

parameter is chosen according to an assumed signal to noise ratio (SWRgn the SNR is lower, in
order to accept higher errogsis chosen to be smaller. In the case of a noiseless signalraathplitude-
consistent{, eachy} , vanishes. Therefore, in this case, each element in the sutimeoright-hand side
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of Eq.[21 gives the energy of the signal O\Zé;r1 N ij. In all other cases, the energy in each interval
V" is weighted according to the relative error betweeh(f) and X% (f) over V",

Since in the case of noisy signals, neith€r(./) nor E»(U) vanishes for the combination which
corresponds to the originating bands, bdtht/) and E, (i) should be considered in the final step of
choosing the best combinations. Accordingly, we define dtiewing objective functionEiy(U):

Ey(U) Ey(U) Es(U)

Ea(U) = Cming {E1(U)}  ming {E>(U)} i ming, {E?,(U)} -

for all & such thatming, { £y (U)}, ming, { E5(U) }, ming, { Es(U)} # 0. Amongst all such combinations
that also satisfy Ed. 20, the one that gives the maximum \aillug.;(L/) is deemed to be correct. In cases
in which eitherming, { £, (i) }, miny { E»(U)} or miny { E3(U)} equals zero for a certain combinatiaf
the maximum ofE5(U) is chosen as the solution.

To reconstruct the phase, the only change made is in how ffieeattice between the offsets is calculated.
Equation[I8 holds for all the disjoint intervalg**> € ¥} N %2, Accordingly, we perform the linear
fit for each intervals, and obtain a certain value for — A”. Each value is weighted by the length of
its respectivel""*. These weighted values are averaged. The result is an éstforaA”™ — A*. This
averaging procedure may increase the accuracy in the dstioha\™ — A%,

IV. COMPLEXITY CONSIDERATIONS

In this section we discuss considerations used to reduceotin@utational complexity of our algorithm.
Choosing a subsét € P{U} involves calculating three objective functions. We exphaihy eliminating
possibilities through the use @f, (i) alone can significantly reduce runtime.

In the first step of the algorithm, we find support consistemhbinations by calculating the objective
function E, (i) for elements inP{U}. Assuming the largest element {U} containsk intervals, and
that the signal is composed of up 16 bands in[0, Fryq/2], the number of elements IR{U} that one

needs to check is equal to
K
() &

In the caseN ~ K, the complexity is approximatel®(2"). When N/K < 1, the last term in Eq_25
number of options to be checked is approximately equabt&™ /N1).

The complexity of checking a single option out BfU} for support consistency (Ef.114) (1) and
it does not depend on the number of points used to discrdtzepectrum. By contrast, the complexity
of checking such an option for amplitude consistency (E&§sadd[16) is of the order of the number of
points used to represent the spectrum. This is a major rdfasarsing the support-consistency criterion
to narrow down the number of options needed to be checkedniglitade consistency. The amplitude
consistency is calculated only for support-consistenioogt which are in general much fewer than what
is prescribed by Ed. 25.

V. NUMERICAL RESULTS

This section describes results of our numerical simulatidihe simulations were carried out in the
two cases considered in the previous sections: i) ideali+baitd signals and ii) noisy signals. In all our
examples, the number of channdtswas set equal to thred; = 3.

In all our simulations, the number the bands|inF,/2] equalsN, where N < 4. Unless stated
otherwise the band number refers to the number of bands indhenegative frequency regiof, Frnyq/2].
Using the notations in Ed] 2, each signal in each band is dien

So(f) = { Ay cos[m(f — fn)/ B if 2|f — fml/Bn < 1 06

0 otherwise,
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where B,, is the spectral width of thexth band, f,, is its central frequency, and,, is the maximum
amplitude. The total spectral measure of the signal supgquils>:, = 222;1 B, and the minimal
sampling rate is equal X, [6], twice the Landau rate. In each simulation, all the bahad the same
width, i.e. B, = ¥,/(2N). The amplitudesA,, were chosen independently from a uniform distribution
on [1,1.2]. The central frequencief, were also chosen independently from a uniform distributorthe
region [0, Fryq/2]. We eliminated cases in which there was an overlap betwegrvanm different bands.
The time offsetsA* were chosen independently from a uniform distribution[@n /B,,].

In each of the simulations, we sBt= 800 MHz and40 < F,,q < 76 GHz. This choice of parameters is
consistent with previous optical sampling experimenits The sampling rates were chosenfdls= 3.8 Fy,

F? = 4F,, and F? = 4.2F,, where the valud-, varied between simulations. These sampling rates were
chosen such that, for each pair of sampling ratés (), the functionsZ(f), Z7(f) do not have a
common multiple smaller thah,q. This condition is satisfied for alt;, > Fpyq/76.

To obtain an exact reconstruction, the resolution in whiod $pectrum is representédf should be
such that the discretization of the originating basebangdndonverts exactly to the discretization grid in
each baseband. This condition is satisfied WA f (i = 1,2,3) is an integer. In our examples, we
used a spectral resolutiah f = 0.8MHz for all the channels.

The use of the same spectral resolution for all channelstionly convenient for implementation of
our algorithm, but it also compatible with the operation loé tsampling system used in our experiments
[1]. In the implementation of the sampling system, an optiyestem performs the down conversion of
the signal by multiplying it by a train of short optical pussdn each channel a different repetition rate
of the optical pulse train is used. The sampled signal in ehamnel is then converted into an electronic
signal and passed through a low-pass filter which rejectéredjuencies outside the baseband. The
filtered sampled signals have a limited bandwidth. Theseatsgare sampled once more, this time at a
constant rate, using electronic analog to digital converters. The use of thecapsystem allows the use
of electronic analog to digital converters whose bandwidtkignificantly lower than the bandwidth of
the multi-band signal |1]. Because the signals at the basksbare sampled with the same time resolution
and have the same number of samples, their spectra, whidbtaimed using the Fast Fourier Transform,
have the same spectral resolution.

In the first set of simulations we increased the signal badthyiwithout changing the sampling rates.
We used two performance criteria: correct detection of tiggrmating bands and exact reconstruction of the
signal. As to the first criterion, we required only that thedpal support of the signal be detected without
an error. As to the second criterion, we required that theadigpectrum (phase and amplitude) be fully
and exactly reconstructed without any error. Because tbenskcriterion concerns exact reconstructions,
in the case that the algorithm failed to reconstruct theaigheven a single frequency, it was considered
to have failed the second criterion.

We choseF, = 1 GHz. This corresponds to a total sampling ratg = F' + F? + F? which equals
15 times the Landau rate (7.5 the minimum possible rate).stéistics were obtained by averaging over
1000 runs. Figurek] 3 (a) and (b) show the results for signéls 3vand 4 positive bands, respectively,
as a function of the Nyquist rate. In Figl. 3 (a), the percemtafja correct band detection is shown by
the squares, whereas the full reconstruction percentagfeoisn by circles. The open circles and squares
represent the results obtained when the maximum number rafsbassumed by the algorithm was 3,
and the dark circles and squares represent the cases in thlgiahaximum assumed band number was
equal to 4. Figurel3 (b) shows the band-detection percerfsmiiel curve) and reconstruction percentages
(dashed curve) in the case that both the maximum number gihating and assumed bands is 4. The
figures show that both the success percentages were high emdnet significantly dependent on the
Nyquist rate of the signal or on the number of assumed bands.

Figure[4 shows the average run time as a function of the Ny cpiis. The results in the case of 4 input
bands in which the assumed maximum number of bands is 4 isrshothe solid curve. The results in
the case of 3 input bands is shown with the dotted curve in #se of 3 assumed bands and with the
dashed curve in the case of 4 assumed bands. The results Isiowhile an increase in the Nyquist rate
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Fig. 3. Success percentage for the first set of simulatiotis Wi = 1 GHz as a function of Nyquist rate. In Figl 3 (a), the perceatag
of a correct band detection is shown by the squares. Theduabinstruction percentage is shown by circles. The opetesiand squares
represent the results obtained when the assumed maximurhenwh positive bands equals 3. The dark circles and squapregsent the
cases in which the maximum assumed positive band numbetsequ&igure 8 (b) shows the band-detection percentaged(salive) and
reconstruction percentages (dashed curve) in the casédbiathe maximum number of originating and assumed poditareds equals 4.
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Fig. 4. The run time for the second set of simulations as atimm®f the Nyquist rate. The results in the case of 4 inpufitpesbands
with assumed number of positive bands equals 4 is shown isdl@ curve. The results in the case of 3 input positive basdsiown with
the dotted curve in the case of 3 assumed positive bands ahdhei dashed curve in the case of 4 assumed positive bands.

does not significantly affect the reconstruction statsstit results in an increase in run time.

In the second set of simulations, we measured the perfonahour algorithm as a function ofj,.
The Nyquist rate used in the simulation whg, = 40 GHz. For each choice of|, the statistics were
obtained by averaging over 500 runs. The results did notgdangnificantly when the averaging was
performed over 1000 runs. The simulation was run for the saummeber of originating bands and assumed
bands as in the first set of simulations. Figurés 5 (a) and l{byvshe success percentages for signals
with 3 and 4 bands, respectively, and Fij. 6 shows the avetagéme. The two success percentages and
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run time are shown as a function of the total sampling fatedivided by the Landau rate;| sngau= 800
MHz. The symbols used in Figsl 5 (a) and (b) and Elg. 6 cornedpio those used in Figkl 3 (a) and (b)
and Fig.[4 respectively.
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Fig. 5. Success percentage for the first set of simulatiore fasction of the sum of the sampling rates divided by the laandhte. As

in Fig.[3, in Fig.[® (a), the percentage of a correct band deteds shown by the squares. The full reconstruction peemnis shown by
circles. The open circles and squares represent the restétsied when the assumed maximum number of positive banads3. The dark
circles and squares represent the cases in which the maxassiamed positive band number equals 4. Fighire 5 (b) showsatitk detection
percentage (solid curve) and reconstruction percentatpehéd curve) in the case that both the maximum number ahatigg and assumed
positive bands equals 4.

The results shown in FigEl 5 (a) and (b) demonstrate that] theacases that we checked, the average
percentage of successful band detection was over 99.5%afaplsg frequencies above 8 times the
Landau rate. The reconstruction percentages were lowarttiese band-detection percentages and were
also much more affected by the sampling rate and by the nuofberiginating bands. As expected, the
run time increases dramatically with reduction of the sangptate and also increases with the assumed
maximum number of bands. We ran similar simulations witliedéint numbers of originating bands and
different numbers of assumed bands. The trends were similar

In the final set of simulations, the signals are noisy. We dddehe originating signal white Gaussian
noise in the band—Fuyq/2, Flyq/2], whereFyq = 40 GHz. We denote by the standard deviation of the
Gaussian noise in the pre-sampled signal. Upon samplingigimal at ratel, the standard deviation of
the noise increases @ = o+/[ Fnyq/F"] owing to aliasing of the noise, wheffe’] equals the smallest
integer greater or equal to

In the this set of simulations, we reconstructed signals wlifferent noise levels added. We chose
¢ = 6 MHz. The threshold was chosen to Be= 2 max;(c"). Accordingly, the parameterin Eq.[23 was
chosen to-be = max;{¢'). The other parameters used in the simulation were 2 andb = 16 MHz.
Because the signals were not ideal, an exact reconstruatsnnot possible and the definitions of an
accurate band detection and accurate reconstruction iéede changed. A band detection was deemed
accurate if the originating bands approximately matchedrétonstructed bands. A signal reconstruction
was deemed accurate if the signal’s originating bands wetected accurately and if each reconstructed
band X, (f) satisfied

| 1%ulh) = X (Dl < max(o") By, 27)

Here X (f) is the noiseless signal and the integration is performed @vly the detected band. In a correct
reconstruction, it is expected that the average recortgiruerror is lower than the standard deviation of
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of signals with 4 and 3 positive bands. The results in the cigkinput positive bands with assumed number of positivedbaquals 4 is
shown in the solid curve. The results in the case of 3 inpuitipeshands is shown with the dotted curve in the case of 3rasgupositive
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Fig. 7. Success percentage for the third set of simulatioitis ), = 1 GHz and Fnyq = 20 GHz as a function of standard deviation
of the added noise. The figure shows the band-detection mtage (solid curve) and reconstruction percentages (dasimee) in the case
that both the maximum number of originating and assumedipediands equals 4.

the noise in the noisiest channel, i.e. the channel at thedbsampling rate. We chose the same sampling
rates as those chosen in the second set of simulations. & tatesmax;(c’) = 3.30.

The detection percentages and reconstruction perceraagethown in Fig.l7. The figure clearly shows
that high percentages are obtained even in the case of lovaldig noise ratio. We repeated this last
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set of simulations using Gaussian signals instead of thealkigof Eq[26. We found that results are not
sensitive to the specific choice of signal type.

VI. CONCLUSION

Typical undersampling schemes are PNS schemes. In sucmesh&amples are taken from several
channels at the same low rate. These schemes have many dkawbathis paper we propose a new
scheme for reconstructing multi-band signals under thetcamt of a small number of sampling channels.
We have developed an MRS scheme; a scheme in which each tisamgles at a different rate. We
have demonstrated that sampling with our MRS scheme carcawer many of the difficulties inherent
in PNS schemes and can effectively reconstruct signals fnodersampled data. For a typical sparse
multi-band signal, our MRS scheme has the advantage over N&mes because in almost all cases,
the signal spectrum is unaliased in at least one of the cl&nfis is in contrast to PNS schemes. With
PNS schemes an alias in one channel is equivalent to an alaé ¢channels.

Our MRS scheme uses a smaller number of sampling channelsith®NS schemes. We also choose
to sample at a higher sampling rate than PNS schemes usainiradtthe theoretical minimum overall
sampling rate required for a perfect reconstruction. The afshigher rates has an inherent advantage in
that it increases the sampled signal to noise ratio. Our Mé&tferae also does not require the solving
of poorly conditioned linear equations that PNS schemed sulge. This eliminates one source of lack
of robustness of PNS schemes. Our simulations indicateotimaMRS scheme, using a small number of
sampling channels (3 in our simulations) is robust both féeint signal types and to relatively noisy
signals.

Our reconstruction scheme does not require the synchitwmzef different sampling channels. This
significantly reduces the complexity of the sampling handwa/loreover, asynchronous sampling does
not require very low jitter between the sampling time atefiéint channels as is required in PNS schemes.
Our reconstruction scheme resolves aliasing in almostaakkg but not all. In rare cases, reconstruction of
the originating signal fails owing to aliasing. One of thethwoals to resolve aliasing is to synchronize the
sampling in all the channels. With such synchronizatiorasattg can be resolved by inverting a matrix
similarly to as is done in PNS schemes. However, such an appreequires both much more complex
hardware and a larger number of sampling channels that sawitii a very low jitter. Moreover, in case
of signals that are aliased simultaneously in all chanrtleésnoise in the reconstructed signal is expected
to be much stronger than the noise in the original signal.

Future work should focus on testing our algorithm’s abilidyreconstruct experimental data. Optical
systems for performing experiments are currently in eriste

VII. A PPENDIX

In section 3.A.1 we have denoted the intervals over whichrtieator functionZ(f) = 1 by U, ... Uk.
In this appendix we give a sufficient and necessary conditiorder which the spectral support of a signal
coincides with a subsét of {Uy,... Uk} and under which the functio; (i/) (Eqg.[14) is equal to zero.
Although it applies for more general cases, we assume tleafiutiction X (f) is piecewise continuous.
The conditions are as follows:

1) For each frequencyj, which fulfills ffoof; | X (f)|?df > 0 for all e > 0, we obtain that

P X(f)Pdf > 0 forall e > 0 and1 < i < P.

2) For each originating band with suppddt b, there exists an intervah — <, a + ], (¢ # 0) whose
down-converted band does not overlap any other down-ctatveand in at least one of the sampled
signals. Similarly, for each originating band with supplatt)], there exists an intervé — e, b+ ¢,
whose down-converted band does not overlap any other dowveded band in at least one of the

sampled signals.
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Condition 1 assures that originating bands are containguinu’ , ;. Condition 2 guarantees that the
originating coincide exactly with a subset B{U}. It is obvious that when the conditions are satisfied,
E (U) = 0.

The first condition excludes cases in which the down-coedebtands cancel each other’s energy over
a certain interval due to destructive interference. Whendbndition is fulfilled, for each frequenc
within the originating bands, we obtaif( f,) = 1. Thus, each originating bard, b] is contained within
one of the intervals that make up the supporZ6f). Mathematically, for eaclu, b], there exist/y, such
that [CL, b] C Uy.

The second conditions assures us that for each originaéind(b, 4], the intervalda—«, a] and[b, b+¢|
are not contained within any of thé, for all values ofs. Consequentially, ifa, b] C Uy, then|[a, b] = Uy.
When the two conditions are fulfilled, we obtain that theresea set of intervalg/, which matches the
originating bands, and for whichk’; (i) =0
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