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Abstract

This paper presents a new method for signal reconstructyofeveraging sampled-data control
theory. We formulate the signal reconstruction problemeimmts of an analog performance optimization
problem using a stable discrete-time filter. The propogEd performance criterion naturally takes
intersample behavior into account, reflecting the energtridutions of the signal. We present methods
for computing optimal solutions which are guaranteed tothbls and causal. Detailed comparisons to
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. INTRODUCTION

Signal reconstruction from digital data is at the foundadiomf digital signal processing. For given
digital data, stored or transmitted, we need to recover tiginal signal that generated the data. This
procedure is needed and used everywhere: image and sownstreiction/restoration, moving images,
mobile telephones, etc. While discussion of transmisstaobery for digital data only is quite routine,
we should note that our ultimate objective is to recover monstruct the originahnalog data from
which such digital data are generated.

This signal reconstruction problem dates back to the catetirpaper of Shannon [33]. Using the
sampling theorem [50], he showed that we can recover thénatignalog information from sampled
data, provided that the original analog signal is bandtéohibelow the Nyquist frequency. Based on
this result, he established a fundamental paradigm for aamization and digital processing. We will
hereafter refer to this schentiee Shannon paradigm

This paradigm however leads to various unrealistic comtgaThe assumption of perfect band-
limitedness, necessary for perfect signal reconstrucisonardly satisfied in reality. In many applications,
the sampling rate is not high enough to allow for this assiongb hold even approximately. To remedy
this drawback, one often introduces an anti-aliasing filtesharply cut high frequency components, but
this in turn leads to yet another type of distortion due to @ibbs phenomenon (see Example 1 in
Section[Y¥ and also Sectidn VIl below). Secondly, the sinccfiom, which is the impulse response of
the ideal filter, is not causal and does not decay very fass Jlbw decay rate makes it very difficult to
implement and various approximations (mostly with respe¢he H2-norm criterion) become necessary.
This procedure further complicates the total design promedmaking it less transparent.

In view of such drawbacks, there has been revived interethieirextension of the sampling theorem in
various forms since the 1990's. There is by now a stream oéfzapat aim to study signal reconstruction
under the assumption of non-ideal signal acquisition dejian excellent survey is given in [36]. In this
research framework, the incoming signal is acquired thincugon-ideal analog filter (acquisition device)
and sampled, and then the reconstruction process attempéedver the original signal. The idea is to
place the problem into the framework of the (orthogonal digpie) projection theorem in a Hilbert space
(usually L?), and then project the signal space to the subspace gemdmatthe shifted reconstruction
functions. It is often required that the process giveasistentesult, i.e., if we subject the reconstructed
signal to the whole process again, it should yield the sammpkad values from which it was reconstructed
[34].
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The objective of the present paper is to go beyond the Shapamdigm, and present an entirely
new scheme of signal reconstruction, different from thesotescribed above. For our scheme, we draw
upon modern sampled-data control theory, developed in ¢méra community since the 1990’s. The
fundamental accomplishment of modern sampled-data dahtory is that it can give us a discrete-time
controller (or filter) that optimizes the closed-loop penfiance with intersample behavior taken into
account. In other words, it can optimize analog (continuous-time) performanc®uch a performance
is measured according to tHé> or H? performance criteria. This setting gives us an optimalfptat
to reconstruct the original analog signals from sampletd-dader the scenario that the original signal
is not band-limited below the Nyquist frequency.

Chen and Francis [8] made a first attempt to apply sampleal-ctatrol theory to signal processing
(however in a discrete-time domain); see also [18]. Stguitinl 995, the present authors and our colleagues
have pursued the signal reconstruction problem in the ssata context to obtain an optimal analog
performance via digital filtering: See [24], [48], [43] foegeral design frameworks, [19], [30] for sample-
rate conversion, [47] for multirate filterbank design, [[F] for audio signal compression, [21] for image
restoration, [31] for fractional delay filters, [22] for walet expansion, and [42], [46] for convergence
analysis

The basic approach is as follows: We start with a signal geiter model that consists of an analog
filter with L? inputs. Then we formulate the signal reconstruction probées a sampled-daf> control
design problem. The controller to be designed is the difjlital that is desired to reconstruct the original
analog signal. The advantage here is that we can formulatvenall error systemand be able to have
control over all frequencies includifgpth gain and phase errorgot merely the gain characteristics often
observed in many filter designs. Introducing an upsamphés, ftamework also enables us to optimally
interpolate thentersample high frequency componehtsed on the model of the signal generator. We
will formulate and discuss this in more detail in Section IV.

The same philosophy of emphasizing the importance of anaoigrmance was proposed and pursued
recently by Unser and co-workers [37], [38]. The cruciafatifénce is however that they rely dit/H?
type optimization and oblique projections, which are veffedent from our method here. In particular, it
can raise some stability questions. The recent work of Me&and Mirkin [26], [27] takes an approach
that is close to ours. They give solutions for non-causablems and allow freedom in the choice of
sample or hold devices. A detailed comparison of our workthede related works is provided in Section
VIl Some other approaches (not very closely related to oukWwo extending the traditional sampling

theory include: reconstruction by quasi-interpolatiofy Ehd minimization of the worst-case regret [13].
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The present paper is organized as follows: After preparorgesbasic notions in function spaces in
Section[l, we first review the fundamentals in signal re¢artion using the sampling theorem, and
discuss its various drawbacks in Sectlod Ill. We will thenega fundamental setup and formulation
of our sampled-data filter design framework in Secfioh IVd &ectiol V gives a solution method via
fast-sample/fast-hold approximation. In Secfion VI, wecdiss some related work and make comparison
with the methods and results proposed by Unser and co-wo{R8f, [37] and also those of Meinsma
and Mirkin [26], [27]. Finally, we give some examples in sigmeconstruction for sounds and images
in Section V.

[l. PRELIMINARIES

Let us introduce some basic function spaces and performarezesures. Letl.?(a,b) (or L?[a,b),
L?[a,b)], etc.) be the space of Lebesgue square integrable funatiorise interval(a,b), a < b. For a

function f valued inR™ or C*, its L?-norm is denoted by

Hﬂb={éﬂﬂmwﬁwa o)

where| - | denotes the Euclidean norm @*. Let H? denote the space dt"-valued functionsf that

are analytic on the open right half plafis. := {s: Res > 0} and satisfy

sup [ |f(a+ o) Py < o

>0 J —00
The H2-norm of a functionf € H? is defined by

1 [ 1/2
151 =sup { oo [~ 1o+ P @
>0 T J 0o
It is well known that Laplace transform gives an isometrywaesn %[0, co) and H2.
The spacd? > denotes the Hardy space of functions analyticChnand bounded there. It is a Banach

space with norm

[fllso := sup [f(s)]- 3)

seCy

An elementf of H* admits nontangential limit to the imaginary axis almostrgwdnere, which we
denote byf(jw), w € R. Then theH*>-norm of f € H* is equal to
[flloe = esssup |f(jw)l. (4)
—oo<w< 00
Now let G be the transfer function of a finite-dimensional, asymptdly stable linear continuous-time

system. TherGG belongs toH°, and its “size” is measured by th&°°-norm, i.e., the supremum (or

maximum) of the Bode magnitude plot as id (4).

August 12, 2013 DRAFT



The steady-state response @fagainst a sinusoid’** is given by G(jw)e/**, and its magnitude is
bounded as
G(jw)e| < sup  |G(jw)] - [ = (|G -

—oo<w< o0

In general, foru € H?2, it is known that
[Gully < (|Gl - llully (5)

and this bound is tight. Hence tH&> norm gives thel.? energy induced-gain, and minimizing it yields
a system that works uniformly well for the whole frequencpga.

For this reason, it is recognized that tH€°-norm criterion is often superior to thé2-norm criterion,
where theH2-norm for a stable matrix transfer function is defined as

() 1/2
G, == (%/ trace{G*(jw)G(jw)}dt> .

—o0
The H* norm has been used successfully in the control literatudg [11], [15].

The H* norm criterion is naturally extended to sampled-data systel'he problem here is that such
systems have two time sets: continuous and discrete. Héiecevierall system is not time-invariant in
the classical sense. This difficulty can be remedied by the-standard technique callditing, which
converts a linear time-invariant continuous-time systenan infinite-dimensional discrete-time system.
It is then possible to naturally extend the notion of #ié&°-norm to sampled-data systems. To be more
precise, letG denote the input/output operator of such a system. TheH ftsnorm is defined to be the

induced norm against all? inputs:

[[Gull2
[9]loc := sup :
weL? u#0 [Ju]]2

(6)
Via lifting, this norm is shown to be equivalent to the maximum gain offte@uency response operator

of G as in [3). For details, see Appendix I.

I1l. SIGNAL RECONSTRUCTION AND SAMPLING THEOREM

Consider the block diagram depicted in Higy. 1:

! However, it is to be noted that it is not possible to unifornalifenuate|G (jw)|. If we attenuateG(jw) for a certain
frequency range, it will yield an amplification at anothenga. Due to this effect, one usually introduce a frequencighiimg
W (s), and minimize|W (jw)G(jw)].
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w Ye _ Yd YK.d Yy

Fig. 1. Signal Reconstruction System

In this diagram, the signab, € L? denotes the external analog signal to be reconstructesifiltered
by an analog filter (acquisition devicé), and then sampled by the sampler with sampling pehiotf
f(t) denotes the impulse response of the analog fiitethen the discrete-time signgj[x] is easily seen

to be given by
yalk] = (f x we)[k] = (f(- — kh), we) ()

wheref(t) := f(—t) is the mirror image (with respect to time) ¢f and(f, g) denotes the inner product
in L. The obtained signa}, is then processed by a discrete-time fillérand then the filtered discrete-
time signalyg 4 is converted back to an analog signaVia a reconstruction device. Denoting by¢
the impulse response df, the reconstructed is given by

y(t) = Y yxalklo(t — kh). (8)

k=—00

In the Shannon paradigm, the analog filféris taken to be the ideal filter, and above is thesinc
function [50], [36]. As mentioned in the Introduction, thias several limitations. To take care of this, one
often employs an approximation of the ideal filter with restpie H2 norm [14], and this unfortunately
yields a sharp ringing effect in the frequency domain.

Unser and co-workers published series of papers of gemedaiampling theorems where the acqui-
sition deviceF' is not the ideal filter [34], [35], [36]. First define the sulbsp

Vii={ > alklf(t - kh): {alk]} € £} 9)

k=—o0

generated by the translates of the impulse response of thésion filter, and the reconstruction space

Vo :={ Y BIKo(t —kh) : {B[K]} € £} (10)

k=—o00

generated by the translates of the reconstruction fungtidtrom the consistency requirement [34], a key
step in their procedure is the oblique projectionZdfonto V,, perpendicular td’;. A precise comparison

of this approach with our work is given in Sectibon] VI.
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Fig. 2. Error system of a sampled-data design filter

IV. H® SIGNAL RECONSTRUCTIONPROBLEM

We are now ready to precisely state our signal reconstmigiimblem. The basic features are the
following:

« We allow a finite step preview for reconstruction.

« The acquisition device, sampling and hold elements are .fixed
Consider the block diagram Fig] 2. The external continuius- signalw. € L? is first filtered, or
band-limited (mildly but not perfectly) by going throughetlanalog low-pass filteF'(s), which is linear
and time-invariant, and finite-dimensional. THi¥s) is a rational function ofs which is strictly proper
(i.e., the degree of the numerator polynomial is less thah @ the denominator). As is well known, it

is represented by a linear, time-invariant system

dz
E(t) = Ax(t) + Bu(t)
yt) = Cux(t)

where A, B, C are constant matrices of appropriate sizes, &Aifg) = C(sI — A)~'B. HenceF is not
an ideal filter unlike the case of the Shannon paradigm, amdhysically realizable through the above
state space model. The signal is the external signal that drivels and produces the actual signal
to be processed. That is, we assume that the original angjogls to be sampled are in the following
subspace of

FL? = {yc eL?: Yo = Fwe, we € Lz}.

It is proved in [29] that the band-limited signal subspace
BL := {y. € L* : suppg. C (—m/h,/h)},

is a proper subset df L2, that is,BL C FL?. The filter F'(s) is chosen based on the following guidelines:
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« a frequency distribution of input analog signals obtaingdakeraging or enclosing gains of their
Fourier transforms.

« a dynamical model of signal generator such as musical imsnas.

Examplel in Sectioh V gives a brief guideline on how to chob$e) based on the envelope of energy
distributions of the signal. Note that whénis ideal, then the class we are dealing with agrees with the
ideal sampling theorem.

The produced signal. is then sampled by the ideal samplg&y and becomes a discrete-time signal
yq With sampling perioch. This signal is then upsampled By to allow for processing (interpolation)
between the original sampling periéd The digital filter K (z) processes this upsampled signal to produce
Yk,d- The signalyk 4 then goes through the zero-order hélg ,;, and becomes a continuous-time signal.
It is then further processed by an analog low-pass fites) to become the final analog outpuy.

In the upper part of the diagram, we allow steps of delay for the analog signgl and obtain
yc(t —mh). This is a setup for allowing a “preview” af. for m samples by the proper filter transfer
function K (z). It is very effective compared to reconstruction withoutraview. This also takes care of
certain processing delays caused by the processing filber.iftegerm is a design parameter that can
be chosen by the designer. This is in marked contrast to theeotional design methodologies: These
methods usually allow a non-causal impulse response fanegtaiction, e.g., [38], [26], [27]. But in real
implementation, one has to truncate it, and it is often uarch®w many steps one would need to obtain
a desired accuracy. In the present setup, oneptaspecify an allowable step of delagmeview), and
obtain an optimal design under such a constraint.

Finally, the processed signg), is compared with this delayeg.(t — mh) and subtracted from it to
obtain the error signal.. The design objective is to make the error as small as pessiltiserve also that
this design framework is formulated in tleentinuous-time domaim contrast to the usual discrete-time
setups.

We must specify a performance index to give a precise meawirigis problem. The followingl.?
induced norm fromw, to e. (or the sampled-dat&>° norm) is the one we take:

J:=  sup lecll, . (12)
weeL2 w0 || Welly

We thus arrive at the following design problem:

Problem 1: Let 7.,, denote the input/output operator fram to e.(-) := y.(-) — u.(- — mh) in Fig.[2.
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Given an attenuation level > 0, find, if one exists, a stable digital (discrete-time) fili€(z) such that

||Teww0||2

Tewlloo :=J = sup <. (12)

w.€L2[0,00) [[well,

The performance index (I1L.2) intends to minimize the maximurarenduced by an (unknown) input
w, that gives rise to the largest norm @f among all inputs. This is made possible by tH&> design
methodology. Note that the actual error is not known, but ttuéhe min-max nature of the problem,
we can minimize the worst transmission error. Observe diap this setup allows for a capability of
minimizing continuous-time phase errors due to the cowotisdtime nature of the performance index, as
opposed to the conventional gain-phase design principles.

This min-max problem differs sharply from the orthogonabjpction based methods. Also, due to
sampling,T;,, is not even time-invariant (in continuous-time).

It is now known however that this problem is reducible to adintime-invariant problem vibfting;
see AppendiXll; the problem is now solvable via now-standaftl control theory, see, e.qg., [7], [4] (see
also [11] for standard treatments &f°° control in the continuous-time setting).

The existence ot~ makes this an infinite-dimension& > problem; see [24], [42], [46], [48],
etc. The simplest one is to employ the so-called fast-samffdist-hold approximation, which we will

outline in the next section.

V. SOLUTION VIA FAST SAMPLE/HOLD

While Problenil is known to be reducible to a finite-dimenalg@roblem [24], [28], it is not necessarily
appealing computationally. It is often more convenientdsort to an approximation method. We employ
the fast sample/hold approximation [23], [7], [42], [46hi$ method approximates continuous-time inputs
and outputs via a sampler and hold that operate in the péridd for some positive integeN. The
method usually works fairly well foV ~ 5L, where L is the upsampling ratio given in SectibnlIV, and
the convergence of such an approximation is shown in [48]. e show here the design procedure of
K (z) by the fast sampling/hold approximation.

The error system in Fid.] 2 is a multirate system due to thermpka 1 L. We first reduce this system
to a single-rate one. Introduce théscrete-time lifting also known as theolyphase decompositida9],

L;, and its inversd.; ' as
T 1
Ly=(D)[1 2 o 0] Lph=[1 2o ok (L), (13)
Then K (z)(1 L) can be rewritten by a lifted system as

~ ~ T
K(z)1L) =L;'K(2), K(2) ;:LLK(Z)Lgl[l 0 ... 0} .
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—mhs

(&
We €c
E— F(S) — Ye C)_—>
Sh, K(2) Hy, P(s) Yp

Fig. 3. Reduced single-rate error systdin,

Wy w e €,
— 5 Hh/N c Tew c Sh/N —

Fig. 4. Fast discretization

The filterf((z) is an LTI (linear and time-invariant), single-inpOtbutput system that satisfies
Ke=[1 o1 o i | R (14)
DefineH,, := Hh/LLzl, and we obtain the following equality
Hpy K (2)(TL)Sh = HiK (2)Sh.

Hence the multirate system in Fig. 2 is reduced to the siraflesystem shown in Fig] 3.
We then employ the fast sample/hold approximation for thheresystemT,, in Fig.[3. We connect
fast sample and hold devic& /v, H;/n With the error systenT,,, as shown in Figl14. For brevity of

notation, let us adopt the following shorthand notationtfe transfer functionD + C'(2I — A)~!' B:

A|B
C|D

] =D+C(:I-A)'B (15)

The sampled-data error systef,, can be approximated by a discrete-time LTI system as in the
following theorem:

Theorem 1:Let state-space realizations 6%s) and P(s) be given by

AFC BFC
Cr 0

APC BPC
Cp | Dp

F(s) = , P(s)=

Let N = LI wherel is a positive integer, and define the discrete-time LTI sysig; as follows:
Tn(z) = = "Fn(2) — Pn(2)HE (2)SEx(2), (16)
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i AN AY'Bp AT Br ... Br |
Cr 0 0 o0

Fn=| CrAp CrBr 0 R
: : : 0
CrAY Y| CrAN™2Br CpAYBp ... 0

[ AY | AY'B,  ANBs ... Bp |
Cp Dp 0 .0

Py=| CpAp CpBp Dp AP I
: : 0
CpAS | CpAR?Bp CpAY 7 Bp ... Dp

h/N h/N
Ap = eArhN B = /0 et Br.dt, Ap=errMN  Bp= /0 er<! Bp.dt,
H:=diag{l;} e RM*L, L :=[1,1,...,1]T eRl, §:=]1,0,...,0] € RV,
Then, for each fixed< and for eachu € [0,27/h), the frequency response
1T ()| = (| Tew (") 17)

asN — oo, and this convergence is uniform with respectte [0, 27 /h). Furthermore, this convergence
is also uniform inK if K ranges over a compact set of filters.
Proof See Appendixdl. O
In view of the uniformity of convergencil'y || in K, our design probleni(12) can be approximated
by
TNl oo < -

This is a discrete-timé{ > optimization problem. To obtain a filtef((z) satisfying the above inequality,
we can adopt numerical softwares as MATLAB with robust calitiwolbox [25], by the generalized plant
representation depicted in Fig. 5, whetg = Lyw,; andé; = Lyey. Once the optimal fiItetf?(z) is
obtained, one can obtain the interpolation filf€(z) by formula [14).

Example 1:Let us make a comparison with a usual linear phase filter—tieston filter [20]. We
design the proposed filtek'(z) with interpolation ratioL = 2, sampling periodh = 1, and delay step
m = 4. The analog filterd’(s) and P(s) are given by

1

FO) = Frnoams v 1)

T =7.0187, P(s) = 1.
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Wq €q
27"FN(z) —Pn(2)H
Uy SFN(Z) 0 Yd
K(z)

Fig. 5. Discrete-time system fdid > optimization
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Fig. 6. Bode gain plot of the proposed filter (solid) and then#on filter (dash)

Reflecting a typical energy distribution of orchestral nsusie time constarit’ = 7.0187 is taken to be
equivalent tol kHz with sampling frequency4.1 kHz. It therefore corresponds to an energy distribution
that decays by-20 dB per decade from kHz and—40 dB per decade from0 kHz.

Fig.[@ shows the Bode gain plots of the proposed filter and tfmston FIR filter with 32 taps. We
can see that the Johnston filter has a sharp decay aroundttféfoequencyw = 7 /2, while the filter
obtained by the proposed method shows a rather mild decay.

Fig.[7 shows the response of the Johnston filter against angalar wave. It exhibits a very sharp
ringing effect. This is because the filter has a sharp cutbé#racteristic, and inevitably introduces the
well-known Gibbs phenomenon due to the fact that the frequeomponents beyond the pass-band are

sharply truncated. In contrast, FIg. 8 shows the respongleeofilter designed by the present method. It
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Fig. 7. Response of the Johnston filter against a rectanglidar8. Response of a sampled-data design filter against a

wave rectangular wave

Absolute error

Time [sec]

Fig. 9. Absolute values of reconstruction errors: propo&adid) and conventional (dash)

shows virtually no ringing. To see the difference more @elyi we give the reconstruction error plots
by the conventional method and the proposed one for the dadé e 2 in Fig.[d. Clearly, our method
offers much better filter performance. Fig.] 10 shows theUesgy response of the sampled-data error
systemT,,,. The Johnston filter exhibits large errors in the whole feztpy range. These errors give an

explanation of the ringing effect in Figl 7.

VI. COMPARISON WITH OTHER METHODS
A. Remark on the consistency requirement

As noted in the Introduction, the notion of consistent restarction is quite widely accepted in the

literature, e.g., [34], [36]. We start with a discussion loistproperty.
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Magnitude Response of Error System (M=2)
T T

Magnitude [dB]

g . .
107 it 10 10"
Frequency [rad/sec]

Fig. 10. Frequency response of error systEm with sampled-data designed filter (solid) and the Johnsttar fidash)

Consider the spacdg andV; in (@) and [1D). Wheri’; andV,, are equal, we are in the situation of
orthogonal projection. The Shannon paradigm is a partictdge.

WhenV; # V;, there is freedom in choosing an oblique projection, buts@tancy requirement [34]
makes it unique: that is, one takes the oblique projectioh’bnto V,;, perpendicular td/;. This gives a
perfect reconstruction for elementslip and also consistency. That is, when one injects any recarstt
signal)_, c[k]¢(t —kh) into the acquisition devicé” and sampling, one should obtain the same sampled
datac[k] [34], [36]. Unlike the least square error case, howeves titocess may yield a large error
when the two spaceB; andV, are apart. This can be seen from an error analysis given i [34]
that depends on the angle of two spaggsand V.

To see this more clearly, take a pure sinusgid: (over some bounded interval if we strictly require it
to belong toL?), and suppose that we sample it with sampling petied 7 /2, and define the acquisition

device to be the ideal filter and the reconstruction devicbedhe one given by

1, 0<t<h
o(t) =
0, otherwise
If we samplesint at times2nw/h, n = 0,1,2,..., and if we adopt the consistency requirement (i.e.,

sampledy gives the same values that we started with), the reconstiugignaly becomes
0, 2kh<t<(2k+ 1)h,
yt) =41, (QCk+Dh<t<2(k+1)h, (18)

-1, (2k+3)h <t <2(k+2)h.
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12

Fig. 11. Consistent reconstructidn [18) Fig. 12. Mid value reconstructiof (1L9)

c YK,d Y
Y Jmes) o s P k(2 Hy [ Pls) ——>

Fig. 13. Sampled-data signal reconstruction

On the other hand, it is easily seen that the function

3 1/2,  2kh <t <2(k+1)h,
y(t) = (19)
—1/2, 2(k+1)h <t <2(k+2)h,
gives a better approximation fein ¢ with respect to the.2 norm, and hence the consistency requirement
does not necessarily lead to a good approximation resudt. Figs.[11 and_12. Hence the consistent

reconstruction does not necessarily yield a desirabldtretien analog performance is taken into account.

B. Comparison with cardinal exponential splines

Unser and Blu [37], [38] proposed to use cardinal exponkrfiines to recover analog information
from sampled data. The philosophy of placing emphasis ofognzerformance is exactly the same as
ours here. Their method is however very different from thespnt one, and in some cases it does not
necessarily lead to a desirable result. Even a stabilityeissay arise. We here give a detailed analysis
of their method, and make some comparisons.

Consider the block diagram Fig.113. In this figug,(s) and P(s) are analog filters, and and H
are, respectively, an ideal sampler and the zero-order \uitkdsampling periodh = 1. The filter Fj(s)

represents the acquisition filter for sampling, aBtk) is a postfilter which smooths out the output of
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the zero-order hold{. We assume that these analog filters are causal and LTI systefimed by

Fy(s) = Umm =) - py L6 2 0om) 0 gy
Hn:l(s —Qip) Hn:l(s — Qap)

with impulse responseg(¢) and p(t), respectively. Under these assumptions, Unser [38] deritie

optimal reconstruction filter which achieves the consisyeconstraint
(Ye — Yp,d(- — k)) =0, k=0,£1,£2,...,

where ¢(t) = f(—t). This idea states that there remains no extra componentirertor y. — y, that
can be expanded with elements¥p (see [(ID)). The optimal filter is obtained by the oblique @ctipn
technique [34], [36], [37], [38] as follows:

Aq(2)As(2)
Kop(2) = 77 ; (20)
> Blk)z*
k=0
where .
Ai(z) = [ -e*27"), i=12, (21)
n=1

and 3(0),5(1),...,8(n1 + ne + 1) are the sampled values ¢f(¢) which is defined by its Laplace

transform

2 un

Fo(s)P(s) [T ] (@ = e*me™). (22)

i=1n=1

A 1—e%

B(s)

S
The filter [20) is generally an IIR filter. We can prove thatstfilter is given via system inversion as
follows:
Theorem 2:The optimal filter Kop(2) in (20) can be equivalently realized as

1
Kop(z) = ma (23)

whereH,(z) is the step-invariant equivalent discretizationfts) P(s), that is, if a state-space realization
of Fy(s)P(s) is given by{A, B,C,0}, then

el ‘ fol e Bdr
cl o

Hy(z) = SFa(s)P(s)H =

Proof See Appendixll.

While our sampled-data method always yields a stable filter,above optimal filter<,, derived by
Unser [38], according to this theorem, can have a pol®in:= {z € C : |z| > 1}, when the relative
degree ofF,(s)P(s) is strictly greater thar2. This follows from the following well-known result on

limiting zeros [3]:
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Fact 2: Let ¥ be a continuous-time, linear time-invariant single-inpsingle-output system with
relative degree strictly greater than 2, and B} be its step-invariant discretized system with sampling
period h. Then there always exists ansuch that>; possesses a zero i, .

Even if the sampling timeA( = 1 in our present normalization) is not small relative to thmet
constants ofF,(s) and P(s), the discretized systenil;(z) can still have an unstable zero, thereby
yielding anunstable poleof K, (z). In such a case, Unser and Blu [37] propose to us®mcausal
filter, folding back the anti-causal part associated wite gole inD, to the negative time axis. This
can, in principle, lead to a very long delay for reconstioreti

Let us see this by an example. Consider

1 1
Fy(s) = panEE =
The zeros of the discretized systdiy(z) are
{—1.28549, —0.0816767},

and hence the optimal filter

1 23 —0.726322 + 0.1621z — 0.01111

" Hy(z)  0.0572522 + 0.07827z + 0.006011

Kop(z)

has an unstable pole at = —1.28549. This K, agrees exactly with the one obtained via oblique
projections; see, e.g., [5]. To implement this filter, wetfishift K,,(2) to obtain a proper transfer
function, that is, we usé{yp(z) = m as suggested in [38, Subsection V-C]. Then, we split it into
two parts: the causal and anti-causal part. [Fig. 14 and Bighbw the impulse responses of the causal and
anti-causal part. The anti-causal impulse response éghitich oscillation because the pold.28549
is close to the point = —1. Using this filter, we reconstruct a response against a mgatar wave.
Fig. [16 shows the result. The reconstructed signal exhihiish oscillation around the edges. This is
due to the oscillatory impulse response shown in [Eif). 15.edeer, the result shows a rather long delay,
about 31 steps.

Let us design the (sub)optimal filtdfsy(z) by our sampled-dat&/ > optimization method. Assume
the analog characteristic of the input signals to be

1

F(s) = —— .
(5) = S 0.05

We also assume the reconstruction detay= 5. Fig.[17 shows the reconstructed signal against the same

rectangular wave. It is clearly seen that the proposed mlepinovides a much better result.
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Let us further discuss the stability issue. It is claimed38][that there will be no zeros on the unit

circle in the optimal filter, but this does not hold. Fig.l 18osls the locus of a pole ofop(z) for

d € [2,3.5]. There exists a real numbér(approximately2.72778) such that the filte#{,p(2) has a pole

at z = —1. This clearly shows that the filter cannot be implemented & and the optimal filter is not

stable.

Fig.[19 shows the frequency response of the filtEgg(z) and Ksq(z).

The optimal filter Kop(2) shows a higher gain than the sampled-data filtgg(z) in high frequency,

and this explains the ringing around the edges in [Fig). 16.
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Fig. 18. A zero inKop(z) versus the parametetfin the post filterP(s) = 1/(s + 2)(s + d).
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Fig. 19. Frequency response of the filtdtgy(z) (dash) andKsq(z) (solid).

C. Comparison with the results of Meinsma and Mirkin
Recently, Meinsma and Mirkin [26], [27] have also studie@ #ignal reconstruction problem in a
framework that is similar to ours. Some key features of thedults are the following:

« Solutions are given to signal reconstruction with free semgr free hold, or both free sampler and
hold.
« Instead of a fixed preview length, they allow non-causalrlte

« An L> bound for the error performance as well 55 (or H?) type closed-form solutions are given.
Our work which started in 1995 has the following features:

« fixed sampler and hold devices,

«» fixed preview length, and
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« causal and stablé/ >°-optimal (suboptimal) filter construction.

Our motivation is that the fixed sampler and hold is a more comlynencountered and practical
situation. We have also chosen a fixed preview lengti"(* in Fig.[J) as a design parameter, rather
than considering optimal filter design with non-causalfitdn the latter, when we have to implement it
in practice, we need to truncate the impulse response ataircégngth. A priori estimate of the resulting
performance after truncation is difficult to obtain. Wheredmposes certain filter characteristics (e.g.,
fast decay beyond the pass-band), the amount of delayssaggds implement such filters can be very
large, often reaching thousands of steps, as is the casé&diltelrs having a sharp cut-off characteristic.
On the other hand, once we fix a delay length, which correspéndhe preview length, our design
Probleml in Sectioh IV always gives rise to an optimal pen@ance bound, (cf. (12)). Moreover, due

to the very nature of sampled-dak& control, this will always yield astablefilter.

VIlI. APPLICATIONS TO SOUND AND IMAGE PROCESSING

We here present some applications of the proposed methaautwlsand image processing.

A. Application to sounds

As seen in Examplel1 in Sectign V, the sharp cut-off charatietbased on the Shannon paradigm
generally induces a high distortion due to the Gibbs phemame

We here show a brief example of sound recovery in high frequeWe consider a sound sample
whose Fourier transform is shown in F(g.] 20. This signal Hees ftequency components up #2.05
kHz. We apply downsamplef 4 to this signal to obtain a signal whose bandwidth is limited5t51
kHz, and attempt to recover the original high frequency congmts. We upsample it by the factor of
4, and then apply two filters: a conventional equi-rippleefiland the proposed filter. Fig.]21 shows the
Fourier transform of the reconstructed signal by the eippule filter, while Fig.[22 shows the Fourier
transform of the recovered sounds by the proposed methdld,anéuitableF'(s) as in Exampléll. We
can see that high frequency components beyond 6 kHz are eglvered by the sampled-data method.
On the other hand, if we apply the equi-ripple filter with afitfrequency 5.51 kHz, it does not give any
frequency components beyond 6 kHz, naturally, since ttsen® iguiding principle for reconstructing such
components beyond 5.51 kHz. The advantage of the presehbthét that it can evaluate the overall
performance of the error signal in Fig.[2 in terms of the”>°-norm of T, of the transfer operator.

The present method has been applied to sound processingulzaly in supplementing lost high-

frequency components in compression audio, and has be#&n sydcessful. In sound compression, the
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Fig. 21. FFT of reconstructed sound by equi-ripple filter Fig. 22. FFT of reconstructed sound by sampled-data filter

bandwidth is often limited to a rather narrow range (e.gly ap to 12 or 16 kHz, as in the MP3 or AAC
format). The digital filter using sampled-data theory heeng with upsampling, can recover the lost
intersample information optimally in thé&/> sense, thereby expanding the effective bandwidth to the
original range. This has been patented [44], [45], [16]] [@&7d implemented into sound processing LSI
chips as a core technology by Sanyo Semiconductors, aneéssfatly used in mobile phones, digital

voice recorders and MP3 players; their cumulative produactias exceeded 25 million units as of 2011.

B. Application to Images

The same idea is applicable to images. However, since imageswo-dimensional, we should be
careful about how our (essentially) one-dimensional metten be applied. There is no universal recipe
for this, and the simplest is to apply this in two steps: fingsigess the data in the horizontal direction,
save the temporary data in buffer memories, and then prabess in the vertical direction.

We can interpolate lost intersample data by the presentefnaork. For example, take the well-known
sample picture of Lena shown in F[g.123, and Baboon showngnZ. We downsample it to an image
of size1/4. Then from the downsampled image we attempt to reconsthecitiginal image via the
Lanczos method [12], total variation (TV) regularizatioretimod [6], and the proposed sampled-data
H* method. The Lanczos method uses a windowed sinc filter andsedoon the sampling theorem.

The TV criterion penalizes the total amount of change in thage to preserve steep local gradients.
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Fig. 23. Lena Fig. 24. Baboon

TABLE |

PSNRPERFORMANCE(DB)

Image  Lanczos TV  Proposed
Lena 33.5497 33.3760 33.6748
Baboon 23.2691 23.2303 23.2813

This method is very popular in super-resolution imagindl@&#d shows the reconstruction performances
measured by their peak signal-to-noise ratio (PSNR). Fesdhwo images, the proposed method shows
the best performance. We also show the performance measyteeir structural similarity (SSIM) [39].
Also in SSIM, the proposed method shows the best performdfige.[25(d) 4 25(¢l) show the results.
Fig. [25(a) is the downsampled image. From this image, wenstoact the original image. Fif. 25(b)
is the reconstructed image by the Lanczos method, [Fig.|28(dhe TV method, and Fid. 25(d), by
the proposed method. The Lanczos method produces a blun@gkisince this method is based on the
sampling theorem. As a result, high frequency componeatsliscarded by the windowed sinc filter. The
reconstructed image by the TV method has artificial edgepaiticular in the edge between the eyelid
and the pupil. Since the TV method attempts to reduce delichinges and preserve steep gradients,
the reconstructed image appears as a painting. Comparedhesge results, the proposed method shows

an accurate reconstruction; the details of the skin arobadeye are well recovered. Note that the TV
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TABLE Il

SSIMPERFORMANCE

image  Lanczos TV  Proposed
Lena 0.9962 0.9962 0.9992
Baboon 0.9881 0.9893 0.9989

method uses an iteration in computing the image, which makasre demanding computationally than

the proposed method which is just linear filtering.

VIIl. CONCLUDING REMARKS

We have presented a new framework for digital signal prangs3he fundamental philosophy is the
emphasis on analog (continuous-time) performance witbrelis-time signal processing. This naturally
leads to a technical difficulty because two different tine¢ssare involved: continuous and discrete.
Leveraging the sampled-dai&™ control theory, we have presented computable procedurekefigning
optimal, stable, causal filters. These filters are optimahweéspect to a uniform analog performance
measure. Our methodology is applicable to a wide varietyhebtetical and application problems in
digital signal processing. We believe that it has many mexitd we hope it will be more widely used

in the future.
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APPENDIX |

LIFTING, TRANSFERFUNCTIONS, AND FREQUENCY RESPONSES

As mentioned in the main text, the major difficulty in samptita systems lies in the mixture of two
different time sets: continuous and discrdt#ting [4], [7], [40], [41] is a method that makes it possible
to describe continuous-time systems in a discrete-timgngetwithout introducing any approximation,

thereby merging the two time sets into one.
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(c) TV method (d) Proposed method

Fig. 25. Image processing results
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Fig. 26. Lifting: a continuous-time signad(¢) (left) is converted to a function-valued discrete time sigfright)

We start by placing a continuous-time signal in a discreteetframework. Take a continuous-time

signalw(t), and consider the following mapping (with a suitable domain and codomain) that maps

into a sequence of functiores
(Lw)[k] == wlk] := {w(kh +0)}ocpn)y, £=0,1,2,.... (24)

See Fig[2b. The operatdr is calledlifting.

This idea makes it possible to view time-invariant, or evenigdically time-varying continuous-time
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systems as linear, time-invariant discrete-time systems.
Using this operator, one can describe a linear, time-iawrcontinuous-time system with a linear,

time-invariant discrete-time system. Consider the follaylinear system:
&(t) = Az(t) + Bu(t),

y(t) = Cx(t),

wherez(t) € R", u(t) € R™ andy(t) € RP are the state, input and output of this system, respectively

(25)

Let us assume, e.gqu, € L2 [0, 00), the set of locally square-integrable functions[6o). The idea is
that we view the continuous-time system](25) as one withrelisetimingt = kh, k = 0,1,2,... such
that it receives function-valued inputs at these instantd produces function-valued outputs at these
times also. Suppose that {25) is at statéh) at timet = kh. Then

h
z((k + 1)h) = ela(kh) +/ A=) Bu(kh + 7)dr
0

0
y(kh + ) = CeVa(kh) +/ A7) Bu(kh + r)dr.
0

where0 < 6 < h denotes the intersample parameter. Lifting the inpi) and the output(t) as per

(24), we can rewrite these formulas as a lifted discrete-taystem [7], [41]:
xz[k + 1] = Ax[k] + Bul[k],

ylk] = Czlk] + Dulk], k=0,1,2,...

wherez[k] = x(kh), u[k] = (Lu)[k], y[k] = (Ly)[k], and

A:R" 5 R : 2 — el B:L*0,h) = R" :u /h eAh=) Bu(r)dr

. (26)

C:R" = L2[0,h) ;2= Ce'a, . 120, h) — L2[0,h) : u s /0 Ce* =) Bu(r)dr,
wheref € [0, h) describes the intersample parameter. Observe that thatopeA, B, C, D above do not
depend on timé:, and hence systerh (26) istane-invariant discrete-timaystem, albeit with infinite-
dimensional input and output spaces. Hence it is straightfal to connect this system with a discrete-
time controller (or a filter), and the obtained sampled-dgtem is again a linear, time-invariant discrete-
time systenwithout sacrificing any intersampling informatiomhe resulting system can also be described
by a 4-tuple of operatorsl, B,C, D, and itstransfer function (operatordf the lifted system is defined
as

G(z) =D+ C(2I — A)7'B.
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with such.A, B,C, D. Note that for each fixed € C\ o(e"), (o(e4"):= the set of eigenvalues ef'"),
G(z) is a linear operator acting oh?[0, h) into itself. Thefrequency response operati then defined

asG(e’*"), and thegain at frequencyw is defined as

jwh
”G(ejwh)H — sup HG (ej )UH
verziony vl
v#£0

The H*° norm of G then becomes
IGllo = sup [|G(eZM)]].
wel0,2m/h)

which is known to be identical to th&?-induced norm given by{6) in Sectign Il [7].

APPENDIX Il

PrROOF OFTHEOREM[]

Let Ty be the fast discretization shown in Fig. 4, namely,
T = SpynTewHnn = Suyne” ™ FHy v — Siyn PHAK SR FHy -
By using the identities
Hy =MLy H,  HynSynHin = Hin: Sh= SLySyn,

where

H:=diag{L;} e RM*L =[1,1,...,1]T eR,, §:=1[1,0,...,0] € RV,

we have

Tn =2 ™V Fy — PNLYHKSLyFuy,

where Fy = Sy /nFHyn and Py = Sy /nPHy n. Applying the discrete-time liftingLy and its

inverseL ' gives
Ty = LNTaLy' = 2 "Ly FyLy' — LvPNLy HKSLyFyLy' = 2 ™ Fy — PvHKSFy.

The state space matrices fB% and Fy are given by the formulas in Theorem 8.2.1 [7, Chap. 8]. The
convergence in_(17) is proved in [42] and in [46]. It is unifoin frequency [42], and also uniform in

K when the filter is confined to a compact set [46].
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APPENDIX I

PROOF OFTHEOREM[Z

First, we consider the denominator Af,(2). The coefficients3(k), k = 0,1,2,... are obtained by
sampling the inverse Laplace transform/given in [22). Sincé1 —e~%)/s is the Laplace transform of
the zero-order hold{, the denominator ok, (%) is the Z-transform of the step-invariant transformation

of

2 ny
B(s) =[] [] @ —eme ) Fa(s)P(s).

i=1n=1

That is, the denominator is given by

z[sé(s)fﬂ] —z

2 n;
S <H [Tca- eame—S)Fa(s)P(s)> ’H] .

i=1n=1

By using the relationSe=* = »~1S and the definition ofA;(z) in @1), we have

2 n;
S TTTIC —e™me®) = Ai(2)Az(2)S.

i=1n=1

It follows that

SB(s)H = A1(2)A2(2)SFa(s)P(s)H = A1(2)Ag(2)Hy(z).

Then, since the numerator &fqp(2) is A1(2)A2(z), we conclude that

. Al(Z)AQ(Z) . 1
Kool?) = =s5em ~ Hae)

REFERENCES

[1] S. Ashida, M. Nagahara, and Y. Yamamoto, “Audio signampoession via sampled-data control theorfoc. SICE
Annual Conferencel182-1185, 2003.

[2] S. Ashida, H. Kakemizu, M. Nagahara, and Y. Yamamoto nigked-data audio signal compression with Huffman coding,”
Proc. SICE Annual Conferenc872-976, 2004.

[3] K. J. Astom, P. Hagander, and J. Sternby, “Zeros of sampled mgst\utomatica 20-1: 31-38, 1984.

[4] B. Bamieh and J. B. Pearson, “A general framework for dinperiodic systems with applications ., sampled-data
control,” IEEE Trans. Autom. Contrpl/AC-37: 418-435, 1992.

[5] Biomedical Imaging Group,
http://bi gwmww. epfl.ch/deno/ Espli nes/ =

[6] A. Chambolle, “An algorithm for total variation miniméion and applications,Journal of Mathematical Imaging and
Vision, 22-1-2: 89-97, 2004.

[7] T. Chen and B. A. FrancisQptimal Sampled-Data Control Systen&pringer, 1995.

[8] T. Chen and B. A. Francis, “Design of multirate filter banty /. optimization,” IEEE Trans. Signal ProcessingP-43:
2822-2830, 1995.

August 12, 2013 DRAFT


http://bigwww.epfl.ch/demo/Esplines/=

(9]

[10]
[11]

[12]
[13]

[14]

[15]

[16]

[17]

[18]

[19]

[20]

[21]

[22]

(23]

[24]

[25]

[26]

[27]

(28]
[29]

[30]

28

L. Condat, T. Blu, and M. Unser, “Beyond interpolatiorptnal reconstruction by quasi-interpolatiodZEE International
Conference on Image Processingl. 1, pp. |- 33-36, 2005.

J. C. Doyle, B. A. Francis, and A. R. TannenbauReedback Control Theorylacmillan, New York, 1992.

J. C. Doyle, K. Glover, P. P. Khargonekar and B. A. Fran¢Btate-space solutions to stand&d, and . control
problems,”IEEE Trans. Autom. ContrAC-34: 831-847, 1989.

C. E. Duchon, “Lanczos filtering in one and two dimensignjournal of Applied Meteorology18-8: 1016-1022, 1979.
Y. C. Eldar and T. G. Dvorkind, “A minimum squared-erfsamework for generalized samplinglEEE Trans. Signal
ProcessingSP-54, No. 6: pp. 2155 — 2167, 2006.

N. J. Fliege,Multirate Digital Signal Processingiohn Wiley, New York, 1994.

B. A. Francis,A Course inH* Control Theory Springer, 1987.

K. Fujiyama, N. lwasaki, Y. Hirasawa and Y. Yamamoto,igH frequency compensator and reproducing devitkS patent
No. 07324024B22008.

K. Fujiyama, N. lwasaki, Y. Hirasawa and Y. Yamamoto,igH frequency compensator and reproducing deviG#inese
patent No. 6487012010.

B. Hassibi, A. T. Erdogan, and T. Kailath, “MIMO lineagealization with anH *° criterion,” IEEE Trans. Signal Processing
SP-54, No. 2: 499-511, 2006.

H. Ishii, Y. Yamamoto and B. A. Francis, “Sample-ratengersion via sampled-datd*° control,” Proc. 38th IEEE CDC
3440-3445, 1999.

J. D. Johnston, “A filter family designed for use in quatire mirror filter banks,"Proc. IEEE International Conf. on
Acoustics, Speech and Signal Processpm 291-294, 1980.

H. Kakemizu, M. Nagahara, A. Kobayashi and Y. Yamamdtdoise reduction of JPEG images by sampled-d&t&
optimal epsilon filters,"Proc. SICE Annual Conferencpp. 1080-1085, 2005.

K. Kashima, Y. Yamamoto and M. Nagahara, “Optimal watedxpansion via sampled-data control theofEE Signal
Processing Lett11: 79-82, 2004.

J. P. Keller and B. D. O. Anderson, “A new approach to theegtization of continuous-time system#EE Trans. Autom.
Control AC-37, No. 2: 214-223, 1992.

P. P. Khargonekar and Y. Yamamoto, “Delayed signal mstriction using sampled-data contraRfoc. 35th IEEE CDC
1259-1263, 1996.

Matheworks,Robust Control Toolbox

http://ww:. mat hwor ks. cont pr oduct s/ r obust/

G. Meinsma and L. Mirkin, “Sampling from a system-thetic viewpoint: Part |—concepts and tool$ZEE Trans. Signal
ProcessingSP-58, No. 7: 3578-3590, 2010.

G. Meinsma and L. Mirkin, “Sampling from a system-thetic viewpoint: Part ll—noncausal solutiondEEE Trans.
Signal ProcessingsP-58, No. 7: 3591-3606, 2010.

L. Mirkin and G. Tadmor, “Yet anotheH *° discretization,”IEEE Trans. Autom. ConirAC-48: 891-894, 2003.

M. Nagahara, M. Ogura, and Y. Yamamotd ™ design of periodically nonuniform interpolation and deatian for
non-band-limited signals,SICE Journal of Control, Measurement, and System Integradi5: pp. 341-348, 2011.

M. Nagahara and Y. Yamamoto, “A new design for sampte-tnverters,’Proc. 39th IEEE CDC 2000, Sydney, Australia
4296-4301, 2000.

August 12, 2013 DRAFT



[31]

[32]

[33]
[34]

[35]

[36]
[37]

[38]

[39]

[40]

[41]
[42]

[43]

[44]

[45]

[46]

[47]

[48]

[49]
[50]

29

M. Nagahara and Y. Yamamoto, “Optimal design of fractibdelay FIR filters without band-limiting assumptiortoc.
IEEE International Conference on Acoustics, Speech, agiabProcessindV: pp. 221-224, 2005.

M. Nagahara, Y. Yamamoto, and P. P. Khargonekar, “8tabdf signal reconstruction filters via cardinal exporiaht
splines,” Proc. 17th IFAC World Congress, Seoul, Kargp. 1414-1419, 2008.

C. E. Shannon, “Communication in the presence of nbiRegc. IRE 37-1: 10-21, 1949.

M. Unser and A. Aldroubi, “A general sampling theory foonideal acquisition deviceslEEE Trans. on Signal Processjng
SP-42, No. 11: 2915-2925, 1994.

M. Unser and J. Zerubia, “Generalized sampling: siigtéind performance analysidEEE Trans. Signal ProcessirgP-45,
No. 12: 2941-2950, 1997.

M. Unser, “Sampling — 50 years after ShannoRfoc. of the IEEE88-4: 2000.

M. Unser and T. Blu, “Cardinal Exponential Splines: Par— Theory and filtering algorithms,JEEE Trans. Signal
ProcessingSP-53, No. 4: 1425-1438, 2005.

M. Unser, “Cardinal exponential splines: Part || — Tkianalog, act digital,]JEEE Trans. Signal ProcessirgP-53, No. 4:
1439-1449, 2005.

Z. Wang, A. C. Bovik, H. R. Sheikh, E. P. Simoncelli, “lg& quality assessment: from error visibility to structural
similarity,” IEEE Trans. on Image Processjri-4: 600-612, 2004.

Y. Yamamoto, “A function space approach to sampleddaintrol systems and tracking problem&EE Trans. Autom.
Control AC-39: 703-713, 1994.

Y. Yamamoto, “Digital control,”"Wiley Encyclopedia of Electrical and Electronics Engiriegr5: 445-457, 1999.

Y. Yamamoto, A. G. Madievski and B. D. O. Anderson, “Apgimation of frequency response for sampled-data control
systems,”Automatica 35-4: 729-734, 1999.

Y. Yamamoto, “A new approach to signal processing vimpgled-data control theoryAustralian J. Elec. & Electronics
Eng, 2: 141-148, 2005.

Y. Yamamoto, “Digital/analog converters and a desigetimd for the pertinent filters,Japanese patent No. 382032006.
Y. Yamamoto and M. Nagahara, “Sample-rate conveftetapanese patent No. 385172006.

Y. Yamamoto, B. D. O. Anderson and M. Nagahara, “Apprnoating sampled-data systems with applications to digital
redesign,”Proc. 41st IEEE CDC3724-3729, 2002.

Y. Yamamoto, H. Fujioka and P. P. Khargonekar, “Signe¢anstruction via sampled-data control with multirateefilt
banks,” Proc. 36th IEEE CDC3395-3400, 1997.

Y. Yamamoto, M. Nagahara and H. Fujioka, “Multirate rsad reconstruction and filter design via sampled-dat&
control,” Proc. MTNS 2000, Perpgnan, Frap@800.

P. P. VaidyanathanVultirate Systems and Filter BankBrentice Hall, Englewood Cliffs, 1993.

A. |. Zayed: Advances in Shannon’s Sampling Theddgca Raton, FL, CRC Press, 1996.

August 12, 2013 DRAFT



	I Introduction
	II Preliminaries
	III Signal reconstruction and sampling theorem
	IV H Signal Reconstruction Problem
	V Solution via Fast Sample/Hold
	VI Comparison with other methods
	VI-A Remark on the consistency requirement
	VI-B Comparison with cardinal exponential splines
	VI-C Comparison with the results of Meinsma and Mirkin

	VII Applications to sound and image processing
	VII-A Application to sounds
	VII-B Application to Images

	VIII Concluding Remarks
	Appendix I: Lifting, Transfer Functions, and Frequency Responses
	Appendix II: Proof of Theorem ??
	Appendix III: Proof of Theorem ??
	References

