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Abstract-A .traditional gssumption underlying most data II.  PROPOSED SCHEME
converters is that the signal should be sampled at a rate . . . .
exceeding twice the highest frequency. In this paper, we employ a The architecture of parallel sampling system is shown in

method for low-rate sampling of multi- band signals via applying ~ figure 1.
periodic nonuniform sampling in shift-invariant spaces gener ated

by m kernels with period T. So, the sampling and reconstruction x() & Folr)
of signals were transformed into matrix and vector operations, 1 =
the generalized inverse can be use to find the answer and a : > 6=T
interpolator can insure that complete reconstruction will be R/—— uld reconstruction|  ¥&
achieved. Finally, we validate the method in MATLAB; the ] T_%-?d(t—]"n—ir) "
conclusion of simulation shows the frame-work presented hereis : i ¥,
feasible. Q— :
1_ N 8lE-Ta—(s-1)7)
Keywords- generalized inverse reconstruction; periodic i :
nonuniform sampling; shift-invariant spaces, multi- band signals; FIGURE I. THE MODE OF THE PERIODIC NONUNIFORM
interpolator SAMPLING.
I INTRODUCTION The nonuniform sampling process converts a continuous

Onegoal in designing a software defined radio (SDR)analogue signaf(t) € L,-space into its discrete representation,
receiver is to move the analog-to-digital converter (ADC) ashe architecture of periodic nonuniform sampling system is
close as possible to the antenna [1]. With the development shown in figure 1.
wireless technology, this enables the modulation of
narrow-band signals by high carrier frequencies. To
demodulate the desired signals, the required sampling rate for o0
the ADC could often be too high to be attained if the Nyquist a ()= Z St-Tn-ir)(0<i<s-1)
sampling theorem is to be satisfied [2]. The uniform bandpass n=-e (1)

sampling method has been proposed to figure out the problem \where, T is the sampling period; is sequence separation.
[3] . The uniform bandpass sampling is the intentional aliasing

Let a(t) as one 0§ nonuniform sample sequences,

of the information bandwidth of the sigfid] . The sampling One ofs sampled functions,

frequency requirement is no longer based on the frequency of =] )

the RF carrier, but rather on the information bandwidth of the y, () = x(nT +i7) Y. 3(t -nT -iz)

signal. Thus, the resulting processing rate can be significantly n=-e (2)

reduced. However, the uniform sampling still suffers from Where, 0<i<s-1.
many constraints such problem of timing jitter in A/D

conversion process [5]. and the corresponding spectra is given by

A signal class that plays an important role in sampling 1l —iomiz/T
theory is signals in shift-invariant (Sl) spaces [6]. A sample in Y () = ? Z X(w=2m/T)e ™"
shift-invariant spaces was proposed to overcome these n=-e 3
problems. In order to reconstructx(t) from these samples

VN YINI=[ Yoln], yalnl,....Ysa[N]]), it is assumed that(t) lies
in a subspac¥(g)of L, . In this paper, we define that thiép)
re generated by space functiong(t)

This paper is organized as followed. Section Il sgtshe
sampling model. In Section IIl, we use generalized inverse t
recover sampled signals. In section IV, we analyze th

reconstruction error. Finally, section V shows simulation m-1
results. V(#)={D D rfng t-nn: rfd 0L
p=0 nCz

We can represent amx{t) € V(p) as follow
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m-1 Our aim is to obtain values oR(w). The method of
X(t) = zz r,[Ng,(t—nT) reconstruction is to solve equation (6).
p=0 nOz (4)
[ll.  RECONSTRUCTION MODE

The only restriction on the choice of the function ) ] ] )
train{p,(t)} is for guaranteeing a unique stable representation The approach in this paper is to recovery sampled signals
of any signal inV(p) by sequencerf[n]}, so the generators In two steps. First, we use the generalized invergey)to
»(t) must form a Riesz basis bj. In other words, there exist find r;[n] (0O<i<m-1) ; second, an interpolator is employed to

two constantsa > 0andf < «, such that: achieve the complete reconstruction of sampled signal..
- 2 We define the function as follow:
2 2
a|rinf, < Z;)Zulrp[n]qpp(t—nT) < ||, ; _iz”y[n]_y[d”g
e = . .
i : 2 (5) i=0 nO0zZ I I (9)
Where, ||r[n]||§ :ZZ|rp[n]|2, *||, s L norm. Where, y[n] is coefficient that is obtained via sampling
p=0 nOz

the reconstructed continuous time signal.
The above-mentioned subspad@) is a single space, the

; - Lo SN e Again by Parseval we have:
more interesting aspect we are considering isx}ftaties in a

union of subspaceUVp(m (O<p<m+1) J= SZ—%‘J._H “Y. @) —\?i(w)szw
i=0" "
e ~ ~ H
SCEIGAD [re-venwe-veyd
In Fourier domain, (4) can be represented as follow: Where, Y,(a)) and Y:(w) is the DTET of yi[n] and
m-1 ~ . . .
X () = Z R, (W, () y.[n] respectively. (denotes the Hermitian conjugate.
p=0 (6) _ L .
Where, R(w) is the discrete-time Fourier transform of Y(w) - (Yo(w)’Yl(w), ,Ys_l (w))
reln], wp(w) is the Fourier transform of(). Y (w) = (Yy(w), Y, (w), Y, (w)).
We can obtain the DTFT of the i-th channel sampled We have:
by (3) and (5): - m1 sl i
Y(@)=2 2 Y (@H, (@)
Y (@) =1iER (w-2mITYW (w-2m T ™" o |
i T - P p o Z[// @_ ZTn /-l— )B—JZHnlr/T
13 N - j2mir /T " p (11)
:?Z R, @2 ¥, (w=-2miT)e Where, H™ (@) is thepjth element of matrix ~(c) -
p=0 n=-co
@) A matrix represent of (8) is given by:
Where, the fact that theR (w) is 277 -periodic. - _
: V(@) =Q@H (@)Y(@) gy
An appropriate matrix represent of (7) is given by: oo o
Y(@) = H(@)R@) @ VereQ,(@ = 2y, (w-2mime
Where, Y(@) = (Y (@), Yy (@)Y (@) Substitute (9) into (7), we have:
R(@) = (Ry(@), R (@), R, , (@)’ J=[" (Y(&) - Q@H (@)Y (@)
h . '
bo o Poa o o CY@-QWH @Y @)'do (g3
H(w) =| : : g : When the value of the equation (17) is minimum, the
h h h generalized inverse can be attained by
s-1,0 s-1,1 oo s-1,m-1
L= o H™(@) = Q" (@)/ Q@Q" (@) (4
h,p(w) 2? Z wp(a)— 2rm/T)e As soon as thgn] is obtained, we can have the recovered

n=—oo

X(t) through an interpolator. Thdy is defined as the

225



oversampling periodic that satisfy =T /M , we can rewrite

(3) as follow:

m-1
{MT ] = > 1 [dg(nT, —cT) . .

p=0 cdz (15) 05\‘ A p ﬂt n n ‘s‘"\‘ h 1 (‘
Upsampling the sequencg[rfTy]:nE2) by factor ofM, i v M) alll WJ VA AT LW AW AL VT
the dth sub-sequence is given by S VTV Y e ‘u),“‘ VARV, ‘/s‘ vy
4 | v \! A ! i
m-1

signalx(t) can be recovered completely by using the proposed
reconstruction method in this paper.

XNMT, +dT, ] = D" D 1 [c]g, (nMT, +dT,, -cT)

p=0 cOz

The DTFT of (10) is

(16)

0 o1 02 03 04 05 06 07 08 09 1 “o

01 02 03 04 05 06 07 08 09 1
times(s) <107 times(s) .

x10

a. First channel signal b. Second chasigaehl

Xq(@) =D R (W, () 1 ,

Finally, we can have the reconstructed signals in Fourier%

domain

X(w) = fej““ X, (M w)

17) B :”

Ampiitude(v)

“o 01 02 03 04 05 06 07 08 09 1 0 01 02 03 04 05 06 07 08 09 1
times(s) <107 times(s) x10”

c. Reconstructed signal d. Original signal

M-1

m-1
— Z gl Z R, (MW, ,(Ma) FIGURE Il. THE SAMPLING SYSTEM SIMULATION.
d:: P - V. CONCLUSION
e _
= Z R (M w)z ey JMw) In this paper, we use a general framework to treat sampling
p=0 P d=0 . (18) of multi-band signal. Our interest is that focused on how to
reconstruct signal completely. The latter focuses on using
IV. SIMULATION generalized inverse to obtaifin] (0<i<m-1). We showed that
In th i il lidate th tructi by using a interpolator to gain the complete multi-band signal
n e section, we wil validale the reconstruc Ionx(t) from r[n]. Finally, the simulation proved the method we

algorithm in MATLAB. We design a sampling system that the
sampling channels ars=2. The corresponding nonuniform

sample sequences in Fig.l are a,(t)=9J(t—nT)
anda,(t) =d(t—nT —7), we definer =T/3 that is the [
sequence separation between two interleaved uniform sample

sequences. The generate functiogis(t) and ¢,(t) are [
given as follow:
o [3]
. t jZﬁﬁt
P, (t) =sind—)e [4]
T (19)
T S L
¢,(t) =sind)e [5]
T (20)
Where,T is the sampling period. (6]
We suppose that the input multi-band signal
4 .
X(t) =sin(= rx 16t )+ singrx 16t
3 (21)

and the sampling period@i=1/1¢. Fig 2 shows the conclusion

of simulation. The real lines denote the reconstructed signals
and the dashes are the imaginary signals. Fig 2a and Fig 2b
show those signals in the first channel and the second channel
respectively. Obviously, we can observe that the imaginary

signals in Fig 2a and Fig 2b are restrained successfully from
Fig 2c. By comparing Fig 2c and Fig 2d, the input multi-band
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proposed is feasible.
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