METHOD AND SYSTEM FOR PERFORM NG COVPLEX SAMPLI NG OF SI GNALS BY USI NG TWO
OR MORE SAMPLI NG CHANNELS AND FOR CALCULATI NG Tl ME DELAYS BETWEEN THESE
CHANNELS wbizel1di2eds1t he | nvention 5The present inventi orCcraBauess2sw digita
signal processing. Mirre particularly, the present invention relates to a
met hod and system for perform ng conplex sanpling of signals by using two
or nore sanpling channels (second-order sanpling or higher) and cal cul ating
corresponding tine del ays between the two or nore sanpling channels. 10
Definitions, Acronyns and Abbreviations Throughout this specification, the
follow ng definitions are enployed: Signal Sanmpling: is the process of
converting a signal (e.g., that continuously varies in time or space) into

a nuneric sequence (e.g., having discrete values in tinme or space). It 15
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intime or spaﬂALCﬁLMWGﬂW@%THESE CHANMEES, an i nput
signal is sanpled, for exanple, by two sanplers (sanpling channels) that
are shifted by ninety degrees, each relative to another. The output signal
of the ablbivld dfdhelivegtiors a conpl ex signal . Conpl ex Signal: is a signal
consi sting of real and |naglnary parts. For exanple, if a 25conpl ex signal
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differ entco?rle%)%%ldl%g timezdeiays between the two or more sampling channels.

10  Definitions, Acronyms and Abbreviations

Throughout this specification, the following definitions are employed:

Signal Sampling: is the process of converting a signal (e.g., that continuously varies in
time or space) into a numeric sequence (e.g., having discrete values in time or space). It
15  should be noted that a sampler is, generally, a system/device or operation(s) that enables
extracting (producing) one or more samples from a signal. A theoretical ideal sampler
produces samples equivalent to the instantaneous value of the continuous signal at one or

more desired points in time or space.

20  Complex Sampling: is a sampling, in which an input signal is sampled, for example, by

two samplers (sampling channels) that are shifted by ninety degrees, each relative to

another. The output signal of the above sampling is a complex signal.

Complex Signal: is a signal consisting of real and imaginary parts. For example, if a

25  complex signal is denoted X(t), then X(t) = x (t) , wherein i=~+—-1.1t

real

(t)+i-x,

imaginary

should be noted that in actual physical systems, signals x_,(t) and x; (t) are both

imaginary

real, but are called the "real” and "imaginary" parts. The multiplier i is used to help define

an operation(s) between different signals.



FFT: is an acronym for Fast Fourier Transform which is an efficient
algorithmto conpute Discrete Fourier Transform (DFT) and its inverse.
There arewoany/dssstti nct FFT algorithns in the art, i nvolPeirng2a1/082de7 r ange
of mat hematic cal cul ati ons, from sinple conpl ex-nunber arithnetic to group
theory and nunber theory. Generally, the output of 5the Fast Fourier
Transformis called the FFT spectrum FFT Bin: is a single frequency
conponent of the FFT spectrum 10 Background of the Invention The subject
matter of signal sanpling is widely kmown in the prior art. Generally, it
relates to digital signal processing and has high relevance in a variety of
fields, such as comruni cation, electronics, nedicine, electro-optics, and
nmany ot heFBr: KOin @X@Afhefor iFAst Belirr CORRBEGHG avhien is Sapfidiag Agitgnalo and
obt ai ni ng sufficient signal attenuation, while 15 denodul ati nhg the desired
si gnal f romnukdPsePicdiuentf wasiggn EPBEkandditspecsay lhere grg many diseiahil i s one
of the cCor gﬁ@ﬁ sanmpl i ng
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par ti cul asomplex-nurebef iagthahetif talpiup dhcosy grbhungreo tessyi. kgnematly, the output of
telecgﬁnq ons na hat. _has been sanpled can be fully
reconstruﬂ‘f%?:IgttF‘Plcljrrlr‘%rtﬁ]l"(‘-‘-,nssozim1 ggﬁg?h{%yf eCtnIllng 20 frequency Fs exceeds 2B
sanpl es per second (2B is a thU|st rate that is the mninmmsanpling rate
required to avoid aliasing), where B is the bandw dth of the original

si gnal , |-§;—§Ebﬂ%B$82eﬁ?ﬂ?gBYGWQP@“@fMFH%FggﬁHWPHﬁlrate is larger than the
si gnal bandw dth). However, the above theoremis valid when the signa
frequency range does not contai n whol e mul tiples or half-nultiples of the

sampl jNg S ri R thdthvehfGyency) . 25 It should be noted that signals that
are used Tﬂ—%nny—apphrcarrons are, in many cases, band limted to a
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interpol ated signals are sunmed together, giving rise to the output signa
Y(1), and in turn Y(t). It should be noted that second order sanpling and
its |initshoyisbenased iy signbsihatiare usd i ipmpgy applicatiogs dret i Banysees, band
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signals. A uniform sampling theorem for bandpass signal is known from the prior art, and
its analysis is usually based on the time frequency equivalence. Thus, for example, A. W.
30  Kohlenberg proposed the second order sampling for a bandpass signal (in the article titled
"Exact interpolation of band-limited functions", published in the journal of Applied
Physics, in 1953, issue 24(12), pages 1432-1436), which is considered to be the simplest



20 the article titled "The Theory of Bandpass Sanpling” published in the
"I EEE Transactions on Signal Processing” journal (volunme 39, nunber 2, pp.
1973-1984wo0Septesdser 1991), di scusses sanpling of bandp&e3/nBrogred2siii t h
respect to band position, noise considerations, and paraneter sensitivity,
presenting acceptabl e and unacceptabl e sanple rates with specific

di scussion of the practical rates which are non-m ninum 25 According to

Vaughan et al., the construction of a bandpass signal from second-order
sanpl es depends on sanpling factors and the relative delay between the
unlforn1sanpllng streans. For another exanple, M Valkama et al., in the

article titled "A Novel Inmage Rejection Architecture for Quadrature Radlo
Recei ver Scas@blbhbﬁihﬁiﬁ)rhﬂsatrﬂ}ﬂm I\EEEe Wasdehl omsplRR Cljiichddst S amdriSwed.ens”
journal (volunme 51, nunber . 61-68, 30 February 2004), presents a
novel st rfeeRst @rqeérsaawﬂlag n'«}IWSaWeu thagyel¢al é@lnﬁa%lem%msb@@r PAtOrtingss t he
recei ved ’ al 4 -
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of W deband Slgnals published in the "I EEE International Synposium on

Ci rCU|tsfﬁﬁﬁlg?gF@ﬁﬁﬂyjournal (volune 2, pp. 801-804, May 2001), discusses
and anal yzes the second-order sanpling based digital denodul ation

techni que. According to Valkama et al., the nodest inage rejection of the
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t he converit)i onal conpl ex signal processing is also used in 20 processing
schenes where an input signal is bandpass in its origin, and is to be
processed in a | owpass form This normally requires two-channel processing
i n quadr ak Uh&ul€ BanbRl $hdt Qed RIRY&:r IBmPIKY 1A iy liRRatidhs WReHBRknews iRl 1S
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Filters 151, 1 are used to filter the undesired frequency range

(in a timemgyadeppndsf on maoplisg faetbrs X yhe )@l@tme delaly Xetfae), the egplemi vel y.
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only a nogegt Rejﬁbtl&lﬁ%&chlﬂ&cture for Quadrature Radio Recelvers pubhshed in the "IEEE
Transactions on Circuits and Systems" journal (volume 51, number 2, pp. 61-68,

30  February 2004), presents a novel structure for obtaining an image-free baseband

observation of the received bandpass signal by utilizing I/Q (Inphase/Quadrature) signal



t he nunber of sanples. Two sets of uniformsanples with slightly different
sanpling frequency are used. Each set of sanples is Fourier transforned

i ndependewOl2g11zmeBstt he frequency of the | owest aliases deCenrimeos2517 is
shown that know edge of these two alias 10 frequencies permts unanbi guous
determ nation of the signal frequency over a range far exceeding the
Nyqui st frequency, except at a discrete set of points. US 5,099, 243
presents a techni que for extending the frequency range which enploys in-
phase and quadrature conponents of the signal coupled with non-uniform
sampling to 15 gain the advantages of a high sanpling rate with only a
small increase in the nunber of sanples. By shifting the phase of the | ocal
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discusses fast recovery and frequency-differencing of real bandpass signals based on
second-order sampling. According to H. Yong et al., by using second-order sampling, the
15 sampling rate can be lowered to the bandwidth. Although the spectrum of the two
interleaved sampling streams are aliasing, it is possible to reconstruct the original or

frequency-differencing bandpass signal.

Further, it should be noted that the conventional complex signal processing is also used in
20  processing schemes where an input signal is bandpass in its origin, and is to be processed
in a lowpass form. This normally requires two-channel processing in quadrature channels
to remove an ambiguity as to whether a signal is higher or lower than the bandpass center
frequency. The complex signal processing can be extended to the digital signal
processing field, and the processed signal can be first mixed to zero-center frequency in
25  two quadrature channels, then filtered to remove the high frequency mixing products, and

after that digitized by a number of A/D (Analog-to-Digital) converters.

According to the prior art, Fig. 1B schematically illustrates a conventional complex
sampling system 160, in which an input signal is sampled in two sampling channels 150'
30  and 150", while shifting the phase by ninety degrees. At the output of such a system, a

complex signal is obtained, said signal having a real part Re{X(l)} and an imaginary part



Based on the above observations, there is a continuous need in the art to
provide a 5 nethod and system configured to perform conpl ex sanpling of

si gnal s byousimgsgswo or nore sanpling channel s (second- @cuaB2angsing or

hi gher) and enabling operating with a signal bandw dth that can be equal to
the sanpling frequency (or to higher nmultiples of the sanpling frequency).
In addition, there is a need in the art to provide a nethod and system for
perform ng signal processing by using second order (or higher order) 10
sanpling, in a frequency domain, wthaut considering whether the signal
frequency range contains whole nultiples or half-multiples of the sanpling
frequency. Further, there is a continuous need in the prior art to enable
cal cul at i lgxapy wasReanstirngetti INRpAeInayssdiRt WEaRctR6/alues IalterfOFE 1Sanldi Ng
channels in a relatively accurate manner. 15 Summary of the Invention The
present i nfedtc wRd fefilgrdbe pedegirgrbtreBgnan@ngs gp érﬂnﬁf‘og‘)%@ﬁ o PHg Eslpl ex

sanpl i ng gﬁhﬁf@ﬂﬁh%QQMdgékﬁgWQMD.Or more sanpling channels (second-order
g

sanpling or er) an al culating corresponding tine del ays between the
two or nore sanpling channels. 20 A systemis configured to performa

conpl [ f..a signal in fr ncy-domai n by neans of a
or oet nads orhan it leat By PERERGKS IBIRGR RosTREE S uflrogp

sanpl i ng wahphngto ganptid sivagtages of a higlsdmplilg theagith oflg aanad@gmteash @i t al
converter configured to convert an anal og signal to a corresponding
subst ant i Bf YmRsholyemplesd Ldiogietar! vBigrgnsmples yith shehtly; diffgreay syppling

frequencyrdRERIyNaEiRGT §laeh LERHSHAIHTRLL PRuHE farkRimbd &R8pAHIANGafpld di gi tal
signal to a plurality of correspondi ng frequency-domai n substantially

non- del ayledjudiaycrf dhelopgsipdingen dstermined. It is shown thapknayriedggrof iimse twel diigsi onal
sampling nnel.s ' - r.f.0r. 3 ' - er |.ing, the
or ot neliEP R HERE WA b BB o YRR SERIRA S e PR B o
sanpl i ng ahesnne stheeadbyqasidi ficquuaty,saegebptngatc hanndiscraonpiet siofig: pdints..  at

| east one delay unit configured to delay an anal og signal by a predefined
value, giving rise to a delayed anal og signal; 5b.2. at |east one

anal og- t ogdlisgjot 23 GRAMAS b &Ichfighd tHWkRHhS 1kORMREAcyS@hE: WRLRYRGIANA 09
signal to a correspondi ng del ayed digital signal; "b.3. at |east one
f r equencyrhgghaidhqeidsdietcemppagiss of Watsignal aepleds with mpanaifempisanaplari @ del ayed

compohent &1 g5t MR efrihg BR SRR TR SEHANR 8 SRR S, o
nor e cor respéndBnshittoefifid ghasntfshé brealeacitiator by be degrecd oarguadrahat dly e@nali scr et e
Corrponentc;an%g%enerated. Both in-phase and quadrature components are sampled and the samples
are combined to form a complex signal. When this signal is transformed, only one alias is
obtained per periodic repetition and the effective Nyquist frequency is doubled. Two sets
20 of complex samples are then used with the slightly different sampling frequency. Each set
is independently Fourier transformed and the frequency of the lowest aliases permits
unambiguous determination of the signal frequency over a range far exceeding the

Nyquist frequency.

25 US 5,109,188 teaches a technique for extending the frequency range which employs a
power divider having two outputs, one output being supplied to a first Analog-to-Digital
(A/D) converter, and the other output being supplied via a delay device to a second A/D
converter. A processor receives the outputs of the two A/D converters. In operation, the
input signal is subjected to a known delay and both original and delayed signals are

30  sampled simultaneously. Both sampled signals are Fourier transformed and the phase and

amplitudes calculated. The phase difference between the original and delayed signals is



b.5. at least one nultiplication unit configured to nmultiply said one or
nore correspondi ng coefficients wth said each correspondi ng

15f r equerwp-2dorme8ss1del ayed di screte conponent, giving riPS@/IBW11/DR517

mul tiplied frequency-donmain del ayed di screte conponents; and c) at |east
one summation unit for sunmng said nultiplied frequency-domain del ayed

di screte conponents with the correspondi ng frequency-domai n substantially
non- del ayed di screte conponents, giving rise to an 20out put
frequency-domai n conpl ex signal. Accargding to an enbodi ment of the present
invention, the one or nore coefficients are at |east one of the follow ng:
a) phase coefficients; and 25b) gain coefficients. According to an

embodi nermsd)éaldumedoaﬁsan&ppr@maﬁmpt@ thd hee frécftﬁu@n@yemrmhlaoﬁsremaﬁ@ﬂﬁatl on is
a Fourier transform 8 - According to sti anot her enbodi nent of the
present | HWRREdeoRecE is5ERYedf r equency- domain transformation is applied on
t he out put frequency-donmain conplex signal for obtaining an out put

ti me-domain conplex signal. 5 According to still another enbodi nent of the
pr esent HW%@hEhdhezbh@:bhmew@enﬁanaém@yxmdmuhm1tr@hsﬁbrmﬁﬂbqn0ﬁéemhe | FFT
(I'nverse FET Ac rther nbod

nvents ortciyb g SBERT PP aritbl Bl 0 BB ar B bR Fur e 10
cal cul at emaretsaﬂﬁphﬁge&}ﬁynd)ﬁ(smﬂ drdh s@hplify & I8gep) dnﬁ@n%ﬂﬁl@ﬁfpbﬁtlng\ﬁ/ﬁlﬁradl ng to
still a further enbodjment of the present invention, the output frequency-

domai n co%%%}aékalgﬁ“@%ﬂh%é@n 8¢ SHEHAS | h?e%ﬂmfpilaaéféﬂw% bedehigher AYURGSHY i ses

one or NMKLE slinh dd Bﬁ‘c%/ TheRURRG! @Sre (WA Heb & e WRAL §rHHbL b RABRoaR-/ OF
hal f - nultlples a sanp i ng
system for performing signal processing by using second order (or higher order)

10 sampling, in a frequency domain, without considering whether the signal frequency range
contains whole multiples or half-multiples of the sampling frequency. Further, there is a
continuous need in the prior art to enable calculating corresponding time delays between

the two or more sampling channels in a relatively accurate manner.

15  Summary of the Invention

The present invention relates to a method and system for performing complex sampling
of signals by using two or more sampling channels (second-order sampling or higher) and

calculating corresponding time delays between the two or more sampling channels.

20 A system is configured to perform a complex sampling of a signal in a frequency-domain
by means of a predefined-order sampling, said system comprising:
a) asampling channel comprising:
a.l. at least one analog-to-digital converter configured to convert an
analog signal to a corresponding substantially non-delayed digital
25 signal; and
a.2. at least one frequency-domain discrete transformation unit for
transforming said digital signal to a plurality of corresponding
frequency-domain substantially non-delayed discrete components;
b) one or more additional sampling channels enabling to perform a

30 predefined-order sampling, the predefined-order depending on a number



frequency, according to which the analog signal is sanpled. According to
anot her enbodi nent of the present invention, a systemis configured to
per f orm awoanplessssanpl i ng of a signal in a frequency-dechilR201ye32d15yst em
conprising: 20a) a non-del ayed sanpling channel nodul e configured to
provide a plurality of frequency-domain substantially non-del ayed di screte
si gnal conponents; and b) one or nore additional sanpling channel nodul es,
each additional sanpling channel nodul e conprising at | east one delay unit
and at 25 |l|east one coefficient unit for enabling providing a plurality of
frequency-domai n del ayed di screte conponents, said plurality of
frequency-domai n del ayed di screte conponents being adapted to a specific

frequency band, whejredad Sk doss sdre Mddgidntl shaplitorhigidise datto Jgaitidhale t he
del ayed drscrete conponents with the correspondi ng 30substantially

non- del ayed d|scre§émﬁ@ﬁﬁﬁﬁéﬁi§0mP%$n%enerat|ng an out put frequency-domain

conpl ex signal . “h. G EAL B b0 FRAt h:%hﬁ%ﬂ? o H&Q% aHfanEﬂa sRInGP YL

i nvention, the coefflcrent unit provi es C |C|en he specific
frequency band. 5Accordmn§hﬁkawﬂWﬂgmn@ﬂh@ﬂ)edﬂa@ﬂngmkﬁmmgmhe present

I nventé on, a syst emb f (fqeas# grlfer grgal(t) O%dpc?iéléa r maxZ‘erfé? C nt‘llexurescﬁw)c agrt amSi gnal

in a tlnme-domai n by riEans o sal sys
conprising: a) a Sanpllﬂ@a%ﬁ&ﬁﬂ&%sqgﬁnbm&bﬁﬁqmnmngddaﬁihhg&ﬂs@ﬁﬂst one

anal og-to-digital converter configured to convert an l1Qanal og srgnal to a
correspondi ng ti me- dorath eéﬁfb%@%ﬁf@ﬂarqcy dRpin disFigife FapRlefmatipt 4n 9 b) one

or nore additional Sa”thﬂQm%ﬂﬁQ&ﬁé8d§ﬁ§@hgﬂ9s@ﬁdﬁ@%%ﬁﬁﬂh?o?ﬁ@ﬁﬁ%&ﬁed or der
sanpling, the predefined-order dependihg on a fnunb said one or nore

addi tional sanpling chaﬁn@h@lhbaehd@@ﬂwmpmmammﬁ5sanpl|ng channe
C.C’”pr#os' ng: b.1. at |gast one O%E' E'i‘é’ta L'J&{nt &fﬁggdr&i”t?d 59iad8¢! % ap anal og

signal” by a predefined val ue, ed anal og signal ;
correspondlng coefflclents for each frequency-domain delayed

discrete component; and
b.5. at least one multiplication unit configured to multiply said one or
more corresponding coefficients with said each corresponding
15 frequency-domain delayed discrete component, giving rise to the
multiplied frequency-domain delayed discrete components; and
c) at least one summation unit for summing said multiplied frequency-
domain delayed discrete components with the corresponding frequency-
domain substantially non-delayed discrete components, giving rise to an

20 output frequency-domain complex signal.

According to an embodiment of the present invention, the one or more coefficients are at
least one of the following:
a) phase coefficients; and

25 b) gain coefficients.

According to an embodiment of the present invention, the frequency-domain

transformation is a Fourier transform.

30  According to another embodiment of the present invention, the Fourier transform is the

FFT (Fast Fourier Transform).



b.2. at |east one analog-to-digital converter configured to convert said
del ayed anal og signal to a correspondi ng del ayed digital signal; 20and b. 3.
at | east woeoriongssex digital filter to be applied to saiPdTdBriayeztsdi git al
signal for generating conplex sanples of said delayed digital signal
giving rise to a conplex tinme-domain delayed digital signal; and 25c) at

| east one sunmation unit for conbining the real portion of said conplex

ti me-domain del ayed digital signal with said tine-domain substantially
non-del ayed digital signal, giving rise to a conbined digital signal, and
thereby giving a rise to an output time-donmain conplex signal, the real
portion of which is said conbined digital signal and the inmaginary portion
300f which is the imginary portion of said conplex tine-domain del ayed
digital signal. - 10 - According to still another enbodi nent of the
present | MASFRDH stilhangthggienghodimant @f thes prgsqnt F@V(BFF‘PH’ t48 IPYﬁSEﬂ Yedyesponse)
filter. d&ﬁéﬁ I ﬁpﬁgd t vy a
systemis con ?3%?% anﬁgr?osﬁla con% ﬁé%ﬁﬁlng 0 nga 199
tine-donaﬁmnmsgamowysmsn¢d@mwmwgmmgxsgyda non- del ayed sanpllng channe
nndul;lconfigured to provide a tine-domain substantially non-del ayed

digit signal; and b) one or nore additional sanpling channel nodul es,
each addiA¢cordhg sl hmghek @mbolimmnebf medutenc ivpitionl 0@ aterkeasjuecane del ay
unit and at | east one conplex digital filter unit for enabling providing a
conpl ex tqyEiRyuRRsfImademipder Wididnyerse F kAl | wherein the real portion of
sai d conplex tinme-domain del ayed digital S|gnal is further conbined with
said tinme-donmain substantially non-delayed digital signal, giving rise to a
conbi ned A¢agidiag tosd yrihér, enzedinadne pethy perisvitngveation, ske systemt fyrther comppexs

time- I e rt| 0 |ned
digitﬂfmad Hﬁ%ﬂﬂﬁ§§¥%&gﬁggbdﬁgf§ﬁg%rt?g' lﬂ%£d¥w&lp¥%§r?ﬁﬁbﬁ%8 portlon
of said cdiaphedsx tinme-donai n del ayed dlgltal si gnal . Accordi ng to an
enbodi nent of the present invention, a nethod of perform ng conplex 20
sampling of a signal in a frequency-donmain by neans of a predefined-order
sanmpl i ng, A&atdAndTe} HAra GRMRE bfibb&imea) o@ﬂh@\ﬁr&bﬁgn%nﬁéﬂ%b REpah ABNRhcy-
configured to: a.l. convert an analog signal to a correspondlng

subst ant i ¢npajn ﬁ@npla%ﬁlayédlaaia@rqdafm@n PRcyzipectRmy that compyirss orhosEp di gi t al

s gnalS t Oprgdeﬁllngé ?Jehﬁéﬁc%g Wwhich GrP Rlﬂgllquultlples and/or half-multiples of a sampling

frequency, according to which the analog signal is sampled.

According to another embodiment of the present invention, a system is configured to
perform a complex sampling of a signal in a frequency-domain, said system comprising:
20 a) a non-delayed sampling channel module configured to provide a
plurality of frequency-domain substantially non-delayed discrete
signal components; and
b) one or more additional sampling channel modules, each additional
sampling channel module comprising at least one delay unit and at
25 least one coefficient unit for enabling providing a plurality of
frequency-domain delayed discrete components, said plurality of
frequency-domain delayed discrete components being adapted to a
specific frequency band, wherein said system is further configured to
combine the delayed discrete components with the corresponding
30 substantially non-delayed discrete components, for generating an

output frequency-domain complex signal.



frequency-domai n substantially non-del ayed di screte conponents; b)

provi ding one or nore additional sanpling channels enabling to performa

pr edef i nesioandensssanpl i ng, the predefi ned-order dependi rgToR20a1/mi2s7er of
said one or nore additional sanmpling channels, each additional 30sanpling
channel configured to: b.l. delay an anal og signal by a predefined val ue,
giving rise to a delayed anal og signal; b.2. convert said delayed anal og
signal to a correspondi ng del ayed digital signal; 5b.3. transformsaid

del ayed digital signal to a plurality of frequency- domain del ayed discrete
conponents; b.4. provide one or nore correspondi ng coefficients for each
frequency-domai n del ayed di screte conponent; and b. 5.

mul tiply said one or nore corresponding coefficients with said each
10correspondi ng frequency-domai n del ayed di screte conmponent, giving rise to

the mul tipFsoetng Keetice yhRedEIchA fdhapEacHiiRcnion ormsoitdsit $nit Preigys
conbi ni ngcogﬁicgcn@{lo# {hglshgc igﬁ%@lgﬁz&%hglpnai n del ayed discrete conponents with

t he correspondi ng frequency-donai'n substantially non-del ayed 15di screte
conponents, giving rise to an output frequency-domai n conplex signal.

Accor %I ngA(t:c%r 1rl? 0 hs?ilil a%gglgdérrrlr‘t?o%tl gr];t otf Hlee r{:}%rs%rsltelplt ¢ i ir(% eanst ist%pri i %or%a tu?eocfj toof
performng a ¢ 3 EX sanpﬁlng ors Si' g ar*“i'n §I¥requ ncy-&onaﬁ%, sai d

met hod cofgpfols iar@mpRAamgemesiad igghl & Plime-abmbin W médne ge payefiudedrder
substantiall¥ non-del ayed di screte signal conponents; b) generating a

pl ur al i t y2BPlngSEideNyNBMAIHYel ayed di screte conponents, said plurality

of frequency-dony n debayeth.dhdch@pasig@monent s being adapted to a specific
frequency band by means of one or nore
a.l. at least one analog-to-digital converter configured to convert an

10 analog signal to a corresponding time-domain substantially non-
delayed digital signal;

b) one or more additional sampling channels enabling to perform a
predefined-order sampling, the predefined-order depending on a number
of said one or more additional sampling channels, each additional

15 sampling channel comprising:
b.1. at least one delay unit configured to delay an analog signal by a
predefined value, giving rise to a delayed analog signal;
b.2. at least one analog-to-digital converter configured to convert said
delayed analog signal to a corresponding delayed digital signal;
20 and
b.3. at least one complex digital filter to be applied to said delayed
digital signal for generating complex samples of said delayed
digital signal, giving rise to a complex time-domain delayed digital
signal; and
25 c) at least one summation unit for combining the real portion of said complex
time-domain delayed digital signal with said time-domain substantially
non-delayed digital signal, giving rise to a combined digital signal, and
thereby giving a rise to an output time-domain complex signal, the real
portion of which is said combined digital signal and the imaginary portion
30 of which is the imaginary portion of said complex time-domain delayed

digital signal.



25correspondi ng coefficients; and c) conmbining the del ayed di screte
conponents with the correspondi ng substantially non-del ayed di screte
conponentwQ 2bari2gssmer at i ng an out put frequency-donai n cecpliBX1sDEaEd . - 12
- According to still another enbodi ment of the present invention, a nethod
of perform ng conplex sanpling of a signal in a tinme-domain by nmeans of a
pr edefi ned- order sanpling, said nethod conprising: a)

provi ding a sanpling channel for converting an anal og signal to a
5correspondi ng tinme-domain substantiapby non- del ayed digital signal; b)
provi ding one or nore additional sanpling channels enabling to performa
predefi ned-order sanpling, the predefined-order depending on a nunber of
said one or nore additional sanpling channels, each additional sanpling
channel configured to: 10b.l. delay an anal og signal by a predefined val ue,
gi vi ng rilectBngtogdillapethenpabetimenigidhe pissept Mygp sy fhescgglaﬂ dérayedBnal og
signal t . j yed digital signal; and

b. 3. gengﬁg?%q%%ﬁ%?ggqggﬁgﬁgéaof sai d del ayed digital signal, giving rise
15to0 a conplex tinme-domain del ayed digital signal; and c) conbining the
real rtion of sai ompl ex .tinme-damain del ayed digital .si | with said
£+ e Bomed ol PEn Ty SR SRS a Bl o B P LR e gnati G of ke 0
conbi ned hir@irh alcomipRahmphmdoftaedrabin Qiré-@mainS dasEsys@madonitisiugt  ti me- domai n
conpl ex signal, the real portion of which is said 20conbi ned digital signa
and the i magithat §Oherleydrrapplipg chnesmetide icppldgused {p PROYIOF gnlB-d8mp® conpl ex

tinme-domai n del Qy@dnEhnginbAlde Bl @ @bital signAC&R ding to still another

enbodi ment of the presént invention, the nethod further conprises
generating tthe oenpl exre idditichehadmplingl ehpeek] dhefdules) cadhgardslitidngl saplimea
digit 25fil ter, i n .a further I.1ME re

i nventlion, a me{ a%%qgﬁ(gdélleer g%nt[rqr%fsgh g{lg%ﬁpﬂng?% %grr%? t|n£rllng§10 %flg%?sofplaﬁgﬁglieﬁ a
ti me-domai n, sadigditaigilleodnic Gurehatdinagiroviding a complex tim@Jogginelkhlyeddigaal

ti me-domai n substantially pon-del ayed digjtal signal; 30b) generating a
conpl ex i me- dongieh Wetradhe aiepdionsylgil complge tmeydomain deldyed digia

signal is further combined with said time-domain substantially non-delayed
digital signal, giving rise to a combined digital signal, and thereby giving a rise
15 to an output time-domain complex signal, the real portion of which is said
combined digital signal and the imaginary portion of which is the imaginary

portion of said complex time-domain delayed digital signal.

According to an embodiment of the present invention, a method of performing complex
20  sampling of a signal in a frequency-domain by means of a predefined-order sampling,
said method comprising:
a) providing a sampling channel configured to:
a.l. convert an analog signal to a corresponding substantially non-
delayed digital signal; and
25 a.2. transform said digital signal to a plurality of corresponding
frequency-domain substantially non-delayed discrete components;
b) providing one or more additional sampling channels enabling to perform a
predefined-order sampling, the predefined-order depending on a number
of said one or more additional sampling channels, each additional

30 sampling channel configured to:



c) conbining the real portion of said conplex tinme-donmain del ayed digital
signal with said tinme-domain substantially non-del ayed digital signal

gi ving riwe2un/asssenbi ned digital signal, and thereby giP¢irng201/0328e7 t o an
out put time-donmain conplex signal, the real portion of which is said

5conbi ned digital signal and the imaginary portion of which is the

i magi nary portion of said conplex tinme-domain del ayed digital signal
Accordi ng to an enbodi ment of the present invention, a nmethod of
calculating a tinme delay between two_gf _nore sanpling channels in a signa
processi ng system said nmethod 10conprising: a) providing a first sanpling
channel for enabling sanpling of a substantially non-del ayed signal; and b)
providing one or noriel.addiy a@ndblo ai@tal g §hanRehed vemehoRaEplis@ ahannel
providing a predefined delay r to sald signal, giving rise to a delayed 15
signal, and then enabl i fgla¥&hrloggiestl sai d del ayed signal, wherein said
predefined delay r iishcC I e i i t sai d
delay r and the phagzzd?%ﬁgégﬁggd%¥8£§?&g%%E%ﬁglgigd8£§€%§PB% H\Q%ﬂﬂg‘ccording
t o anot her enbodi nent ofdigitaksignasent i nvention, the nmethod further
conprises 20 defi ni the rel ati hi etween the tine,.del r and the
phabe i 11 er ence A0 By alEoR €IS REREEDN 05 DIRRECH Dl (7.

fi T = A01+ 2 Tr N ; damdinteladed di€eretelcompdionts; T = A02+ 2 TC (N +M,
wherein AO, is a phase difference of a first del ayed signal having a first
predefined 25 freqlehdyovide onegegromprs corrpipqading reglicisns &orgpch re@esnt del ayed
signal having a second gﬁﬁQ%ﬂkﬁ%@iaﬁggg%@ﬁ¥o&gnﬂﬁﬁ is a difference between
said second and first predefined frequencies, thereby f2 = fi + Af , and M
and N are predefined-§.mégplysaid one b4 morgy@rrespyndivig=cortiicieafs With sai@ each

Accorgjng to still anot %% ) .pr i ti met hod
furt h@r conpri ses deter 2181?1?8%5;9(? n%p relggi ma alugngeg&?hgﬂl&ﬁ eggcgglpﬁlﬁg‘%)?/
consi dering that giving rise to the multiplied frequency-domain delayed discrete

components; and
¢) combining said multiplied frequency-domain delayed discrete components
with the corresponding frequency-domain substantially non-delayed
15 discrete components, giving rise to an output frequency-domain complex

signal.

According to another embodiment of the present invention, a method of performing a
complex sampling of a signal in a frequency-domain, said method comprising:
20 a) generating a plurality of frequency-domain substantially non-delayed
discrete signal components;

b) generating a plurality of frequency-domain delayed discrete components,
said plurality of frequency-domain delayed discrete components being
adapted to a specific frequency band by means of one or more

25 corresponding coefficients; and

¢) combining the delayed discrete components with the corresponding

substantially non-delayed discrete components, for generating an output

frequency-domain complex signal.



50 < A01 < 27-t- and 0 < AD2 < 27-t- . According to still another

enbodi nent of the present invention, the nethod further conprises

det er m niwgQ 20tie128§3pr oxi mati on of the integer M by consi #eTilB11/bEE17Af | S
predefined. According to a further enbodi nent of the present invention, the
met hod further conprises neasuring frequency differences Afo, and M
between the first predefined frequency fl, the second predefined frequency
f2 and a third predefined frequency f3, giving rise to frequency

di fferences Afo, = f2 - fi and Afo =_ﬁ%_- f1. According to still a further
enbodi mrent of the present invention, the nethod further conprises
calculating the tine delay r approximation by using the one or nore of the

f ol | owi ngAccordifg Al an®thbr emibddim@ht of BE Predefrt invendr aAhéthdd HOstrfordEM2 b) 1=
27-t- AfoAfo wherein 403 is a phase difference of a third delay si gnal

e
havi ng a THING PreleE Phesend dyaEReylonsin By,peats ohadradelingdeoidpt wgwtiag,

Accor di ng,tOnshbd Lot her enbodi ment of the present invention, the
met hod further 25Céﬁ%rl es using the calculated tinme delay r approximation
for determning a \ahvudingfa tsheplimg ejameMfor con®rtingAen orrdiagg signalstd lal a

furth enmbodi nrent of the..present invention, the th fyrther conprises
et o O e et PRaBE fRE Dol TRy WP TR S SlEE  SomPE P

i nteger M 5Accobdipagvidiag shd bl marefadditioes] semipliel clafhelOénabhigy r@senh a
invention, the method further conprises calculating the tinme delay r by
usi ng both det er m PEWelashegensannhiae; Be dyedelingd-gidgt fppending on a number

of said one or more additional sampling channels, each additional
sampling channel configured to:
10 b.1. delay an analog signal by a predefined value, giving rise to a
delayed analog signal;
b.2. convert said delayed analog signal to a corresponding delayed
digital signal; and
b.3. generate complex samples of said delayed digital signal, giving rise
15 to a complex time-domain delayed digital signal; and
¢) combining the real portion of said complex time-domain delayed digital
signal with said time-domain substantially non-delayed digital signal,
giving rise to a combined digital signal, and thereby giving a rise to an
output time-domain complex signal, the real portion of which is said
20 combined digital signal and the imaginary portion of which is the

imaginary portion of said complex time-domain delayed digital signal.

According to still another embodiment of the present invention, the method further
comprises generating the complex time-domain delayed digital signal by using a digital

25 filter.

According to a further embodiment of the present invention, a method of performing a
complex sampling of a signal in a time-domain, said method comprising:
a) generating a time-domain substantially non-delayed digital signal;

30 b) generating a complex time-domain delayed digital signal; and



Brief Description of the Drawings 10 In order to understand the invention
and to see how it may be carried out in practice, various enbodinents wll
now be dewortedgsshy way of non-limting exanpl es only, Partihzmebhsence to

t he acconpanyi ng draw ngs, in which: - Fig. 1A schematically
illustrates a conventional interpolation systemof second order 15sanpli ng,
according to the prior art; Fig. 1B schematically illustrates a

conventional conplex sanpling system in which an input signal is sanpled
in two sanpling channels, while shiftifg the phase by ninety degrees,
according to the prior art; 20 Fig. 2 is a schematic illustration of
conplex sanpling in a frequency domai n by perform ng second-order sanpling,
according to an gnbogibiey thefredlRridreseatid bonpRk ittt dodrin Gelyed3digBala
schematic illustration of a conplex sanpling system performng sanmpling in
a time domain, accdigdthyithossdhdtredonasipoupitapiallyf nandeldyied sligitali igight i on:
and - Fig. 4 is a s¢ T I f i - npl i ng
by perform ng sanpﬁgg%%é gol\/lf grhﬁgfrnregtgclzég%} gllg%% t§ %églt%ﬁb}’%\ﬁggﬁgﬁégﬂ%gdi ment
of the present i nventpubnime-doni@n -comiplexi $ignabethgpionle pprtive doft Whith fiprsaid
simplicity and clarjity.of i.lluystration, .elenments sho in the,.figyres have
not necessarily beé lrng%élggﬂs%lg?aé.a‘%ortheeirg?%ilaer,y It)?{ﬁ@%ioge‘ﬁg%cgnlss of” sone of

the el enents may bémexaggebatoads kgl abmpex tihealdi@iin @lgyea i Siaf Gpnatl arity.
Further, where considered appropriate, reference nunerals may be repeated
anong the figures to indicate 5correspondi ng or anal ogous el enents.

Detai | ed ResadihPid O eRboditRnEIPAL! fIBRESinvHl BS S ARG bf cabliMing! ATiRg

ot herwi se, as apparent fromthe follow ng teachings, it is noted that

t hr oughouwdelayretwgradive ioe arorosampling chdongls tie p signg pedressng' psove sad mythod

"co ing qGal culating”, "determning”, or the like, refer to the action
and/ or processe$§ of a 10 conputer (nmachine) that mani pul ate and/ or

t ransf orm dat a a)npoovadien fadatsampBad chatatldor epibise pirepliresofphyudiaatiallye. g.
such as el ectronic, antities. The term "conputer” shoul d be expansively
construed to covef“o%fﬂgla}ﬁdrfégnﬁ;a ectroni c device with data processing

capabi lities, C&”Efdv?diﬁ@toneb& th&}8 aW@VioRdl sﬂﬁﬂlﬂg’ dﬁ'aﬁﬂdw e@c)h?sﬁﬁbﬁﬁg _cﬁ%ﬁﬁéonm
conputers, servers, conputing syst ens/units, comuni cati on devi ces,
processors (e.g., paivifiagla Ecﬁe&ﬁ;;pd delay 7 to said signal, giving rise to a delayed

15 signal, and then enabling sampling of said delayed signal, wherein said

predefined delay 7 is calculated by using the relationship between said

delay 7 and the phase difference A¢ of said delayed signal.

According to another embodiment of the present invention, the method further comprises

20 defining the relationship between the time delay 7 and the phase difference A¢ by
means of at least one of the following:
a) 2.7t -t=A¢ +2-7-N;and
b) 2-7x-(f[+Af)7=A¢+2-7-(N+M),
wherein A¢, is a phase difference of a first delayed signal having a first predefined
25 frequency fj, A¢@, is a phase difference of a second delayed signal having a second
predefined frequency f,, Af is a difference between said second and first predefined

frequencies, thereby f, = f, + Af , and M and N are predefined integers.

According to still another embodiment of the present invention, the method further

30  comprises determining the bound of integer M by using the following relationship:



15 processors (DSPs), mi crocontrollers, field programmable gate arrays
(FPGAs), application specific integrated circuits (ASICs), etc.), and any
ot her el ewOnronyesssonputi ng devices. Also it shoul d be neCedBihabs28per ati ons
in accordance with the teachings herein nay be perfornmed by a conputer that
is specially constructed for the desired purposes or by a general purpose
conputer that is specially configured for the desired purpose by 20 neans
of a conputer programstored in a conputer readable storage nmedium Fig. 2
is a schematic illustration 200 of copplex sanpling in a frequency donain
by perform ng second-order sanpling, according to an enbodi nent of the
present invention. According to this enbodinent, input signal X(t) is first
filtered by neans of filter 151 in 25 gydekgto renove the undesired
frequency range (in a time donﬁiﬁy'AThen%Ethé-flltered signal Xi(t) is
sanpl ed by means of two sanpling channel s“{systens/ nodul es) 205 and 205,
havi ng a predefined tinme delay z- between them and then is converted to
correspondlng di gi tal nal s by means of conventional A/ D converters 105
and 105, 4fPiHee ?@ §@Htaélogzkf{ f)nbaaa&*%@i)thf‘s PEEN siny edigac they metpod Apfthsr t hat |
di gi tal sighalks )él‘{eilr}unﬂ{r%d tﬁg(a}ér&gnﬁfo‘ﬁ Bf oRestRd.AM _Bnus tidednd Qhdt
frequency domai n by neans of e FFT (Fast Fourier - Transform,
whi ch 5 s a<dghvenmt nmhll< AgchDrque for performing a discrete Fourier
transform As a result, discrete signals X1(k) and X21(k) are obtained,
wherein k is an index. It should be noted that the frequency band of input
anal 0g s1gataifl k<l MR ohibaindhEIHIRC YrRAN AN HHidn! EhchllbatBrbdie
sanpling frequency Fs), and therefore the phase difference of each
frequencyxmqmp@ﬂéﬁ@mumnghbedpp@yemmwngﬁahexm@gk)wlMmp@nukgngnbuldéd vi a

del ayed sanpling channel 205, can be cal cul ated. According to an enbodi nent
of the pﬂgggﬁp>$nvention, the frequency spectrum of del ayed signal X2 (k)
is mygiplied by a corresponding set of predefined phase and gain
coefficients k) 250, each having a gain and phase (e.g., QKk) = gk exp(
AR ) , whéeirdink tp sa afnrthqrdemyodlfnh@tn of tthe psgrentt inyentedn, e dettlay@ofughgnal

o ey G et & lff%%ﬁceipﬁg%@ 0 uEbRER ik el [he’ ' °°
spectrum t?éqlu@n P h%xseg(')rginﬁjedefmgh% g bg BhiSOu t%‘e@&ﬂle@ ¥er(5§ﬂ{§§pr esent

convention np1ex sanpl i ng. Accor 0 an e ment o

i nvent i ongivinp eisdesidg@endyi differdedeayfy, :rrszy— Beand1Af, ¢+ fif efent for different
frequency bands. Further, the tine delay r nay be obtained either by
provilding tine delay conponent/unit 103 (in which the time delay r can be
predefin b f.0 n ft) of a
sanpl i ng ‘g%cggc{}ré%)é% Qt':flﬁ %Lrnlhelg%I%b(pcp %élgtl (?fl tc}lle prgseﬁt uflgnt%n g Rl 8 f%lﬂ%lef sho

be not ed ddagirise@nel@ilatimgrite nha&tela@nd a@p:dmrﬁaae)hfbycus@{gt the (a&lk)or aﬁﬁe af eheused for
(are appljied to) each frequency 20 conponent of signal X2 (k). These phase
and gai n 088¥¥Eci ents Q(k), provided within the corresponding coefficients
data unit 250, can be predgglngg h@r exanple, enpirically by substantially
accur ate neasuring ofat he= ~debmly r. It should be noted that even
in a case when tine del ay =7 Mg f uency-dependent conponent, the
correspondi ng phase and galA% coegf figients (k) can be still calculated and
predefl ned thereof. 25 Ace 1He—én enbodi nent of the present invention,
t he phase and gain coef fi ci #ht waréxpre cal cul ated during the calibration

process of system. 20 and t hen e stored h (not
shown), whil e ‘TH&FR $g3 3 Aot Shgencs et ?c,qwlé‘ﬁwtdepaéf?é] é%ﬂ"ﬁ?%ﬁ%én@yd

predefined frequency {,, and M; and M, are integers.

According to still a further embodiment of the present invention, the method further
25  comprises using the calculated time delay 7 approximation for determining a value of the

integer M.



conponent of signal X21(k), after applying the FFT transform Further, for
cal cul ating the 30 correspondi ng phase difference Aco(k) , there is a need
to provi dwoaoslygsssit of a predefined frequency, and thenPcaliBziav®s5t"he
correspondi ng phase di fference A(k) between the - 18 - del ayed and
reference signals X2 (k) and X1 (k), respectively. In addition, it should
be noted that the power ratio between two channels (the non-del ayed channel
205" and del ayed channel 205) is cal cul ated and correspondi ng gain
coefficients gk (k is an index) are determ ned and stored within menmory
means (not shown) for |later usage. This 5 can be achieved in several ways,
according to various enbodi nents of the present invention. According to one
embodi nEnAcd@fdiﬁ%@o Rl SERkthbNVAPsdiMBat SUS t@adeh@ldvintddnl tHe 8@tHRACuRBert hat
correspond to the FFT frequency_ conponent to bhe cal cul ated are praovided,
and t hen @HRaSeddsPiRipg fcelyop! BgcihtcgeicN Ronpoh &t deteamingdevalyg glhther f it s
supposeddn&g&ﬂﬂxanple, that the frequency range is (F' 2Fs) and the FFT
length is N then 10 the set of frequencies f (k) that correspond to the

FFT frequency conponents are: f (k) = F + -k F, for k =0,...,N-1s Ns
(1) For ..each t he,above N fre ncies. the phase differ e Aco
bet wedh (ASRUFERT A 2ciRun ot e REgu e, G BT B s LR g C o

anot her ejvagaliseéEnlcubiting lie: Rheddany « bnusng boh dearminsd etlued offthelugpsiMs ar e
provided in intervals that are greater than the FFT bin (bin is defined as
Fs/N, whetdith N represents a nunber of FFT frequency conponents), and then
the phase difference for 20 each provided frequency is cal cul ated by

per form ] Alat | f h FFT frequency conponent. Thus, for
exanple,qggﬂp%g&ﬁ'hgﬁbpﬁwlﬁ% is (F' 2Fs) and N 16 frequencies are

pr ovilded, Intdrder tbhmdsmtandfihed meeuiemcindsotshathowat meggendurtial odian FFEXtEe,equency

Conponentvsari%lrlse ¢mbodiments will now be described, by way of non-limiting examples only, with

reference to the accompanying drawings, in which:

Fig. 1A schematically illustrates a conventional interpolation system of second order

15 sampling, according to the prior art;

Fig. 1B schematically illustrates a conventional complex sampling system, in which
an input signal is sampled in two sampling channels, while shifting the phase by

ninety degrees, according to the prior art;

20
Fig. 2 is a schematic illustration of complex sampling in a frequency domain by
performing second-order sampling, according to an embodiment of the present
invention;

25 - Fig. 3 is a schematic illustration of a complex sampling system, performing sampling

in a time domain, according to another embodiment of the present invention; and

Fig. 4 is a schematic illustration of a system for complex sampling by performing
sampling of 2M-order, according to still another embodiment of the present invention.

30



f (m =Fs +-16mFs, for mm 0,...,N/16 -1(2) N According to this

enbodi nent, for each of the above N 16 frequencies, the phase difference
Aco bet wewo 20twg12888mpl i ng channel s 205" and 205" is cal cecatBzhi/ggzser t hat,
t he phase differences for each frequency conponent is cal cul ated by
performng interpolation - 19 - of the correspondi ng phase difference Aco
for each FFT frequency conponent of signal X21(k): Aco(k;16mk <16m+ 15) =
AOOmM + k - 16mO0.0(m+ 1) - AQ(n)))(3) 16 5 According to a further

enbodi ment of the present invention, ggrelatively small nunmber of
frequenci es are provided in non-uni formfrequency intervals, and then the
phase differences A(m between these frequencies are determ ned. After
that, thetiimge dﬁiradiatéd o flsieiRitg dndYlatisi dTGIlEdNa & QUencRtabwh Methephase

di fferences A(m by neans _of a 10 novel nethod for calculating tinme delays
bet ween st&ghstsihage ewarwﬁ@ls%rﬂt/ berarlragn ihalsel & c2pmplende domynsiogs ebtMaf to an
embodi Menbe AfentAR RELEERLaJBURAL KPRV FOGERNBRAMHHLLEACSTUAE whet each
FFT frequency conponent can culated by using t | ow ng equati on:
15Aco = novd¢idded ap}fmplza)t @@remmmqnalﬁ mag ba répeaigdiemong thahigures tf Indizatei s a

" rmduiaso" rrartegl%ngm al ¢ 8%5‘3‘5 .odN_gener al, when a real signal (having
frequency i RS écel ek gmtﬂe FFT (haV| ng 20 length N) of said signal

i s cal cul at ed then t he resultl ng signal wll appear at the frequency

spectrum@s TRRREN of . the FFT bin k (generally, a FFT bin is
a single ﬁer—%@reu-e..gsyrlg.'o%{ﬁgﬁ .",“B?%m}:e h each frequency conponent

contri but@ggss SE)eCﬂ: callgf@ta'fed' (g@lerwise, as apparent from the following teachings, it is noted

=1

that throughout the specification utilizing terms such as "processing”, "computing",
"calculating”, "determining"”, or the like, refer to the action and/or processes of a
10 computer (machine) that manipulate and/or transform data into other data, said data
represented as physical, ¢.g. such as electronic, quantities. The term “computer” should
be expansively construed to cover any kind of electronic device with data processing
capabilities, comprising, by the way of non-limiting examples, personal computers,
servers, computing systems/units, communication devices, processors (e.g., digital signal
15  processors (DSPs), microcontrollers, field programmable gate arrays (FPGAs),
application specific integrated circuits (ASICs), etc.), and any other electronic computing
devices. Also it should be noted that operations in accordance with the teachings herein
may be performed by a computer that is specially constructed for the desired purposes or
by a general purpose computer that is specially configured for the desired purpose by

20 means of a computer program stored in a computer readable storage medium.

Fig. 2 is a schematic illustration 200 of complex sampling in a frequency domain by
performing second-order sampling, according to an embodiment of the present invention.
According to this embodiment, input signal X(t) is first filtered by means of filter 151 in
25  order to remove the undesired frequency range (in a time domain). Then, the filtered
signal X(t) is sampled by means of two sampling channels (systems/modules) 205" and
205", having a predefined time delay 7 between them, and then is converted to
corresponding digital signals by means of conventional A/D converters 105" and 105",
giving rise to X;(1) and Xo(l) signals respectively. After that, digital signals X;(1) and Xy(1)

30  are processed and converted to a frequency domain by means of the FFT (Fast Fourier



N (5) wherein f is a signal frequency; Fs is a sanpling frequency; Nis
the FFT length; nis an 25 integer; and k is a FFT bin nunber. Al so, an
addi t i onawo(@bori12888anpl e, undesired) frequency conponent PappBzN 032511 he FFT
bin (N-k), due to the symmetry of the conventional FFT. It should be noted
t hat the phase difference Aco, k of the above - 20 - undesired frequency
conponent has an opposite sign conpared to the phase difference AcCk of the
desired frequency conmponent that appears in the FFT bin k According to an
embodi ment of the present invention, jfn_order to cancel the above 5

undesi red frequency conponent appearing in the FFT bin (N-k), the frequency
conponents can be summed (conbi ned) by using the follow ng equation: Y(k) =

X; (k) - Dranstbrm)eX@ich is A GOnvdatidnal XecHriuebYorl Pertbifigi N ARGreteK Fobrid
predefined phase difference of the fre uenc%‘conponent that contributes to
bin N k; ¥pnsforpsAg agiesHt cbrds gieapls pabcindated) fsr ortpiaed ryhegiiedcly an
conponent;: 1% : I I B of
non-delafgg§%g§hggﬁg€géﬁg?g%gﬁgsqﬁggggégﬁggregagﬂggégﬁ?xggpresgﬁgg§

f r equencyfrepapynemdyidih is heuab e phet sapiplimg sfraspreRGOL's) Agnda theedoriet the tphase

frequency,.spectr f .the output sign Y is 1 jvalent. to t

1 eananoydiBBER g rfifendy kBMhoRERR e lebed SgmSL ShAR kRIS | 1 o
t hat accovigdidegyddsaaipliaplaginge o5 ptard hecpagsedt Adcowdng i embalimantcanpl ex
sanpling is required in a tine domain, then an inverse frequency-domain

t r ansf or At PERCILARERUAS hgEequshor secieynof delaysdatignad Pafly |1=’Fmvjt}Ph€§Hy Be

per f or med. 2RsfdA8ind Qed SrEAURREYA ?kpﬁé? b @ PSRHAEHs BYk)I23D! &RERLIIRG a ¥t em 200.
Accordi ng to an enbodi ment of the present invention, tinme delays (tine

di f f er encaxd)phbet ieen Qahplg, ngrthamel shdrsindhis as indeannidies, BOSpandm2@5" (Fi g.
2)) can be calculated in a relatively accurate manner (for exanple, by
meanslbf c&lame@@g@gli ij(khm EEU/IW @ﬁ)}n,blr@g) with the spectrum of signal X;'(k), giving

rise to (generating) signal Y(k) that has a spectrum being equivalent to the spectrum of a

complex signal, which can be also obtained by means of conventional complex sampling.

According to an embodiment of the present invention, the desired time delay ¢ may be

15  different for different frequency bands. Further, the time delay 7 may be obtained either
by providing time delay component/unit 103 (in which the time delay 7t can be
predefined) or by performing a phase difference (e.g., a phase shift) of a sampling
frequency, leading to a desired time delay of a signal. It should be noted that one or more
phase and gain coefficients Q(k) 250 are used for (are applied to) each frequency

20 component of signal X,'(k). These phase and gain coefficients Q(k), provided within the
corresponding coefficients data unit 250, can be predefined, for example, empirically by
substantially accurate measuring of the above time delay 7. It should be noted that even in
a case when time delay 7 is a frequency-dependent component, the corresponding phase
and gain coefficients Q(k) can be still calculated and predefined thereof.

25
According to an embodiment of the present invention, the phase and gain coefficients are
pre-calculated during the calibration process of system 200, and then are stored within the
memory means (not shown), while there is a need for a coefficient for each frequency
component of signal X,'(k), after applying the FFT transform. Further, for calculating the

30  corresponding phase difference A@(k), there is a need to provide a signal of a predefined

frequency, and then calculate the corresponding phase difference A@(k) between the



25 described below in detail. According to this enbodi nent, the
corresponding tinme delay r can be cal culated by using the follow ng
rel ati onswopotesssen the time delay r and phase differemrce/B®11/02517TL- fi
= A0O1+ 2 TL- N(7) 30 WD 2011/128881PCT/ 1B2011/052517 - 21 -
2.7-z-(f1+Af) T = A022.7Z-(NM (8) wherein 401 is a phase difference of
a signal having frequency fi; 402 is a phase 5 difference of a signal
havi ng frequency f2, while f2 = fi + Af ; and Mand N are integers. It
shoul d be noted that t he above two egy@tions have three variables: tine
delay r, integer Mand integer N. For the bound range of values of tine
delay r, the bound for integer Mcan be determ ned 10by using the follow ng

equatl 0N, deMie€ indl SefRrehs biohal® X, Sbindaxt (k) degattatelyoNn (28itibh omsﬁquatueon (7):
= Af Al AOL 27z- 15In such a way, the first_ approxination
i nt eger NI 13 Ui DS TR, DewRss | Her ?h?@n%lhé@emoa detryed chamnel FHY @d< A2 <

27z~ ”d%la“yg{i‘ 59@%}1'}%& gngtcaﬁﬁlale% Mresgcg{dilge ain Wb FRARK | gqf %ea‘}i“ency

di f f erences etween three pr frequenC| f2 and

1.3, suchpiddtareAfel@mmeliand sfotedafihiYhnmory feansknds shbig) fRN4&SReAdIAG 20 time

delay r can be cal cul ated by dividing the above equation (9) by said
f r equéncycagi b a¢hagied sinMeveriatl wals,, accordinen b vanjats yembodimeygp of  tag presentvt

211-ASl Zwlgentlon. According to one embodiment of the present invention, substantially all
frequencies that correspond to the FFT frequency component to be calculated are
provided, and then a phase difference for each such component is calculated. If it is
supposed, for example, that the frequency range is (F, 2F;) and the FFT length is N, then

10 the set of frequencies f(k) that correspond to the FFT frequency components are:
k
f(k):Fd'ﬁ‘Fs, for k=0,....N-1 (1)

For each of the above N frequencies, the phase difference A@ between the sampling

15 channels 205' and 205" is calculated.

According to another embodiment of the present invention, a number of frequencies are
provided in intervals that are greater than the FFT bin (bin is defined as F¢/N, wherein N
represents a number of FFT frequency components), and then the phase difference for
20  each provided frequency is calculated by performing interpolation for each FFT
frequency component. Thus, for example, if the frequency range is (F,, 2F,) and N/16
frequencies are provided, then the set of frequencies that correspond to the FFT

frequency components are:
16m
25 f(m):Fs+Y-Fs, for m=0,...N/16-1 )

According to this embodiment, for each of the above N/16 frequencies, the phase

difference A¢@ between the sampling channels 205" and 205" is calculated. After that, the

phase differences for each frequency component is calculated by performing interpolation



(10) 25and A3 - AOL+ M r - 211- Af 13Af 13 - 22 - wherein ML and M
are bounded integers. Then, as a result, the follow ng equation is

obt ai ned:wbA0D /128631 1\41 A03 -A01 M2 27-t- Afi2Af 122P¢TtIB20140323F 13(12)
Thus, considering that ML and M2 are bounded integers, and al so phase

di fferences 401, A02, AO03 and frequency differences Af12 , Afi, are all
known, then the first approximation of tinme delay r can be determned. This
time delay approximation can be 10 inserted in equation (9) for obtaining a
value of Min a relatively accurate nggner, considering that Mis a bounded
integer. Then, after determ ning the value of M the value of N can be al so
determ ned by inserting the determ ned value of Minto equations (7) and

(8). As afftBSbbriespOiiky pRYOABRdnat ©gLTs: MRMETNruencgebaiphaedf sansl t he
time delay r is calculated in a relatively accurate manner by using the

sanme equaXi(ns (7) and (8). 15 It should be noted that according to an
enbodi nent of the present invention, the range of tine delays r can be
selected in the following way. It is supposed, for exanple, that the
frequencies are within the range of 1Hstagh, Fstart+BW,,wherein Fstart is
a starting fregleHuy=kantPrei s %Wl%?n“dw—'lgt‘h,(AmTBW(B\)\)(Fs (¥ a sanpling
frequency). The 20 gain (in dB (Decibels)) for the desired frequency
conporfent (of the FFT) can be presented by the foll ow ng equation:

According to a further embodiment of the present invention, a relatively small number of
frequencies are provided in non-uniform frequency intervals, and then the phase
differences Agp(m) between these frequencies are determined. After that, the time delay ¢
is calculated by using the above-determined phase differences Ag@(m) by means of a
10 novel method for calculating time delays between sampling channels (such as channels
205" and 205"), according to an embodiment of the present invention. The phase

differences A@(m) for each FFT frequency component can be calculated by using the

following equation:
15 Ap=mod(27z-1{-7),, 4)
wherein fis a frequency, and mod(-),, is a "modulo” mathematical operator.

In general, when a real signal (having frequency f) is received, and the FFT (having
20  length N) of said signal is calculated, then the resulting signal will appear at the
frequency spectrum as a frequency component of the FFT bin k (generally, a FFT bin is a

single frequency of the FFT, to which each frequency component contributes):
k
f=F -(n+— 5
s ( N) &)

wherein { is a signal frequency; Fs is a sampling frequency; N is the FFT length; n is an
25 integer; and k is a FFT bin number. Also, an additional (for example, undesired)
frequency component appears in the FFT bin (N-k), due to the symmetry of the

conventional FFT. It should be noted that the phase difference Agy ,of the above



25 wherein AR is the phase difference of the frequency conponent that

appears in the FFT bin k, when the frequency is f =r 1( n + - Fs ;
Aco, k iswOhelphssse difference of the NL - 23 - f= rfi PETNB201k03d517
presented by: Fs . If nFs Fstart > (n -1) Fs , then the phase difference

AR i s

foll owi ng equation: 51

10

15

20

25

30
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undesired frequency component has an opposite sign compared to the phase difference

A, of the desired frequency component that appears in the FFT bin k.

According to an embodiment of the present invention, in order to cancel the above
undesired frequency component appearing in the FFT bin (N-k), the frequency

components can be summed (combined) by using the following equation:

Y(k) = X, (k) - gy -exp(i-Apy ;) - X, (k) (6)

wherein  Ag@y , is a predefined phase difference of the frequency component that
contributes to bin N-k; g, is a gain coefficient calculated for that frequency

component; X, (k) and X, (k) are corresponding frequency components of non-delayed
and delayed signals, respectively; and Y(k) represents frequency components at the
output of system 200. As a result, the frequency spectrum of the output signal Y(k) is

equivalent to the frequency spectrum of the conventional complex sampling.

It should be noted that according to an embodiment of the present invention, when a
complex sampling is required in a time domain, then an inverse frequency-domain
transformation, such as the Inverse Fourier transform (IFFT), can be performed on the

frequency spectrum obtained by implementing system 200.

According to an embodiment of the present invention, time delays (time differences)
between sampling channels (such as channels 205" and 205" (Fig. 2)) can be calculated in
a relatively accurate manner (for example, by means of a processing unit/system), as
described below in detail. According to this embodiment, the corresponding time delay ¢
can be calculated by using the following relationship between the time delay 7 and phase

difference Ag:

2-m- £, t=A¢ +2-7-N @)

and

and

rk AR = 27z- n + - Fs r(14) \, wherein nis an integer, and r is a
time delay, which can be, for exanple, in the range determ ned by the



>Fi- >6 (2n +1)s6 (2n -1) (15) It should be noted that selecting the
delay r within the above range ensures that in addition to renoving the
undesi r edwbneguesssy conponent (FFT bin (N-k)) of the frequanmy/sysect r um

t he power of the desired frequency conponent (FFT bin k) will not be
decreased nore than 3dB (Deci bels), as shown in the equation bel ow
wherein AR and AcON k are phase differences in bins k and (N-k),
respectively. In addition, it should be noted that any other constraints
can be considered, such as ensuring 20;that the power of the desired
frequency conponent will not be decreased, for exanple, nore than 2dB
(instead of 3dB), and the like. Fig. 3 is a schematic illustration of a
conpl ex sanpling system 300, performng sanpling in a tine domain,
according to anot her enbodi nent of the present invention. According 25to
this enbodi ment of the JrresentA) medvi oA, 7 sNgnd) X2((8) passes through a
digital FIR (Finite Inpulse Response) filter unit 310. This filter is a
conplex filter and at its output, - 24 - conplex signal sanples are

obt ai ned. w{h&nr g?l iPAPhaQf afifdfensd 9Pal sigmaeﬁlgaqfr&fuen@ R At 8ra Phbkel s added
to signal X1(1) hat i's outputted from Al D converter 105, giving rise to
Re{Y(9)} diffgleate ofMai dfinal shagingeféqupadyt Of wibile $j griak Aft andhMclind Deaeonpl ex
sanpling is applied. On the other hand, in the del ayed sanpling channel
305, t he intpagsnlapiouphbe nged Bahde gbgedivosgrpioas havef thee vgraengmeidglavhe FI R
filter 3%Phn%%mkﬁﬁﬁﬁﬁﬁ .pary part (In{Y(s)}) of the signal, to which the
conpl ex sanpling 1s ap%%iéd.

For the bound range of values of time delay 7, the bound for integer M can be determined
10 by using the following equation, which is a result of subtracting equation (8) from

equation (7):

A¢2 _A¢1
27

M=7-Af - )

15  In such a way, the first approximation of integer M can be determined, considering that

0 <A@ <27 and 0 <A@, <2, and considering that Af is known.

Further, by measuring frequency differences Af,, and Af;; between three predefined
frequencies fj, f; and f3, such that Af,, = f, — f; and Af; = f, — {}, the corresponding

20  time delay 7 can be calculated by dividing the above equation (9) by said frequency

differences Af), and Af ;, respectively:

= A¢2 _A¢1 + Ml (10)
27-Af,  Af,
25 and
T:A¢3_A¢1 + M2 (11)

2r-Af, Al



According to an enbodi nent of the present invention, the FIRfilter
coefficients h( p) can be obtained by applying an inverse Fast Fourier

t ransf or wQI2pHTiR883m phase and gain 10coefficients Q k) PeOIBHI1Yy0522)7 1 N-1.
k p h(p) = -1 gk expti AR exp(27-t- 1) N k=ON (17) wherein gk and
AcCk are a gain and phase difference, respectively, of the corresponding
15si gnal passing via del ayed sanpling channel 305; k and p are indices;

is -N_; and Nis a nunber of frequency conponents. It should be noted
that each phase and gain coefficient_¢k) can be equal to gk exp( i AR)
, Which is indicated within the above expression of h( p) . 20 Fig. 4 is a
schematic illustration of a system 400 for conplex sanpling by performng
sanpling of the 2M order sanpling (the predefined-order sanpling),
according to still another embodi ment of the present invention. According
to this eWpdarMdnend M ¢ SorrilcAdnisatraabism Ay 2 dratndicsioflowgieoiauatinelssanpl i ng
channel s) it y. predefined delays rl,r2, [ .i-n between them then
operating wth signal bandwidth BW= M Fs 25 becomes possi bl e, wherein Fs
is a sanpling frequency. This can be conpared to system 200 (Fig. 2), for

whi ch signal bandwi dth BWisg le or .equal t he sanpling frequency: BWFs
. - 2 - 1t is suppose&ﬁaﬁ E.trp:lé,_tﬁ& | i ngighannel s 205, 205,
etc. are represented by Zmdéx nAfphi 12 - IAflE[lAﬁZIV[L The out put frequency

bands (Band 1, Band 2, etc.) are represented by index m while me [1, M.
I n addi ti on, each FFT bi n is nunbered by index k. The FFT of a signal is

cal cul at eﬂufs co%gl{agrﬁ Mngnc? M%?@Lo&'agd in%e %p Eu?cﬁ?% sgﬁlf c?cl?écs( iﬁ) the

out put frequency spectrumis represented a ase an ga

coefficieays 24 aﬁd? WAL y2 i FncbK) Af, TIMS, aRCGAN (IthGQntQhe%n aeapei ment  of
the presen “invention, the out put frequency signal Ym (k) can be cal cul ated

by using etpbﬁ)xﬁrﬁhtiamvmfngn@dm@ttmbd detenthigdd. €6 hingt ddl@agipramaaipinasea end ga| n
coeffj cient tiplied with it corresgtt)lcgl ng signal X (k)

an U
10 (kl) Q\’/ﬁ_e(tl?ji 1n)@qu%tk()n( ﬁ_%) or obtamning a value of M 1n a re accurate manner,

considering that M is a bounded integer. Then, after determining the value of M, the value
of N can be also determined by inserting the determined value of M into equations (7)
and (8). As a result, both bounded integers M and N are determined, and the time delay ¢
is calculated in a relatively accurate manner by using the same equations (7) and (8).
15
It should be noted that according to an embodiment of the present invention, the range of
time delays 7 can be selected in the following way. It is supposed, for example, that the
frequencies are within the range of [Fgar, FsartBWI, wherein Fg,¢ is a starting
frequency, and BW is a bandwidth, while Fs>BW (Fs is a sampling frequency). The
20  gain (in dB (Decibels)) for the desired frequency component (of the FFT) can be
presented by the following equation:

Siﬂ[ Ap, +Apy ] ]
2
(13)

25  wherein A¢g, is the phase difference of the frequency component that appears in the FFT

1010g10£2

bin k, when the frequency is f = (n + %) -F_; and Agy . is the phase difference of the

frequency component that appears in the FFT bin N-k, when the frequency is



It can be further supposed, for exanple, that input frequency F belongs to
Band Mif FE[F," + (m-1)Fs , Fsta" + m Fs , wherein Fsm' is a starting
f requencywoOhat1/i2888def i ned 15 nanual |y or automati cal | yPataBrodi/ngpsto t he
need of a user of system 400; and Fs is a sanpling frequency, while mc [1,
M. Also, the frequency appears in the FFT bin, if one of the follow ng two
equations takes place: N Nround nod(F, Fs ) - =k or round nod(F , Fs )
- =(N- k)(19) Fs / 20 wherein k and (N-k) are correspondi ng FFT
bins; Nis the FFT length; and nod) is3za "nodul 0" mathenmatical operator.
The phase difference Ac(k) of each correspondi ng frequency conponent
depends on 25 frequency F m (k) (of FFT bin k in Band m(nme [1, M)) and
on the sarfrpICNngN:hﬁjnel delayr2, /, as shown in the foll ow ng equati on:
=/n+

-F,. If nF,>2F_, >(n-1)-F,, then the phase difference Ag, is

presented by:
k
Ap, :27r[n+§j-Fs ‘T (14)

wherein n is an integer, and 7 is a time delay, which can be, for example, in the range

determined by the following equation:

5 1
—_— ey —
10
It should be noted that selecting the delay ¢ within the above range ensures that in
addition to removing the undesired frequency component (FFT bin (N-k)) of the
frequency spectrum, the power of the desired frequency component (FFT bin k) will not
be decreased more than 3dB (Decibels), as shown in the equation below:

15

2
Sin[A(ok +AQy ]
2

1010g10£2 }>—3dB (16)

wherein Ag, and Ag, , are phase differences in bins k and (N-k), respectively. In

addition, it should be noted that any other constraints can be considered, such as ensuring
20  that the power of the desired frequency component will not be decreased, for example,

more than 2dB (instead of 3dB), and the like.

Fig. 3 is a schematic illustration of a complex sampling system 300, performing sampling
in a time domain, according to another embodiment of the present invention. According
25  to this embodiment of the present invention, signal X(l) passes through a digital FIR

(Finite Impulse Response) filter unit 310. This filter is a complex filter and at its output,



WO 2011/ 128881PCT/ 1B2011/ 052517 - 26 - (k) = 27-¢c F m (k) T.(20) It
shoul d be noted that the frequency spectrum of a signal X (k) passing via
each 5corwepuandsssy sanpli ng channel (such as sanpling ebanBEiy020B, 205,
etc.) is conposed of frequencies received fromall bands (such as Band 1,
Band 2, etc.). Thus, signals from 2M possi bl e frequency sources are
provided to the corresponding bin k of the FFT, as presented in the
foll owi ng equation. 10X(k) = ELX(F mk)) ei.AP"(k) + X*(F m(N - k))
e-]"Ac(N-k)1(21) mr1 As a result, thesgorresponding matrices of signals
X(k) can be presented as follows: k) X2(k) (k) e-1.A4(NK)

ei . Acol (k) e-i.AconN-k)X(F 1(k)) x*(Fl (N-k))

complex signal samples are obtained. The real part of the signal samples after FIR filter
310 is added to signal X;(l) that is outputted from A/D converter 105', giving rise to
Re{Y(s)} signal, which is a real part of the signal, to which the complex sampling is
applied. On the other hand, in the delayed sampling channel 305", the imaginary part of
5 the signal samples, after passing via the FIR filter 310, is the imaginary part (Im{Y(s)}) of

the signal, to which the complex sampling is applied.

According to an embodiment of the present invention, the FIR filter coefficients h(p)

can be obtained by applying an inverse Fast Fourier transform (IFFT) on phase and gain

10 coefficients Q(k) 250 (Fig. 2):

1 N-1 . k
h(p) =2 & -em(quok)-em(zfr-l?p) (17)

wherein g, and Ag, are a gain and phase difference, respectively, of the corresponding

15  signal passing via delayed sampling channel 305"; k and p are indices; i is ¥—1; and N is
a number of frequency components. It should be noted that each phase and gain

coefficient Q(k) can be equal to g, -exp(i-Ag, ), which is indicated within the above

expression of h(p).

20  Fig. 4 is a schematic illustration of a system 400 for complex sampling by performing
sampling of the 2M-order sampling (the predefined-order sampling), according to still
another embodiment of the present invention. According to this embodiment, if providing
2M sampling channels (two or more sampling channels) with predefined delays
7,,7T,, ...,T, between them, then operating with signal bandwidth BW =M -F,

25  becomes possible, wherein F; is a sampling frequency. This can be compared to system

200 (Fig. 2), for which signal bandwidth BW is less or equal to the sampling
frequency: BW < I_.



(22) eiAcolmi X(F m(k))(k) X2mi (k) (NK))(*(F (N- Kk)), (Nk) e X (10
\'. 2Mei . AP1m (k) wherein k and (N-k) are corresponding FFT bins; and Nis
the FFT Iwogoti/128481it i s supposed, for exanple, that P(krTAB2mi/Ms258 defi ned
as follows: ei (k) e-i.Acolvi (Nk) ei.Acol (k)

-25.-

It is supposed, for example, that sampling channels 205', 205", etc. are represented by

index n, while ne€[l,2M]. The output frequency bands (Band 1, Band 2, etc.) are
represented by index m, while me[l,M]. In addition, each FFT bin is numbered by
index k. The FFT of a signal is calculated in each sampling channel and is represented as

5  X,(k), the output frequency spectrum is represented as Y, (k), and phase and gain
coefficients 250" are shown as Q7 (k). Thus, according to an embodiment of the present
invention, the output frequency signal Y (k) can be calculated by using the following
equation, in which each at least one phase and gain coefficient Q; (k) is multiplied with
its corresponding signal X (k):

10

Y, (k) = Qrk) X, (k) (18)

n=1

It can be further supposed, for example, that input frequency F belongs to Band M if

F elF,,, +(m-DF_, F . +m-F ], wherein I, , is a starting frequency that is defined

start start start
15  manually or automatically according to the need of a user of system 400; and F, is a
sampling frequency, while m e[1, M]. Also, the frequency appears in the FFT bin, if one

of the following two equations takes place:

round[mod(F JEF)- Fﬁj =k or round[mod(F, F)) Fﬂj =(N-k) (19)

S S

20
wherein k and (N-k) are corresponding FFT bins; N is the FFT length; and mod() is a

"modulo” mathematical operator.

The phase difference A, (k) of each corresponding frequency component depends on

25  frequency F™(k) (of FFT bin k in Band m (me[1,M])) and on the sampling channel

delay 7,,7,, ...,7, , as shown in the following equation:



(k) ei.Acolm (k) (N-K)-iAco2mm (N k) - 27 - then, by further
considering that the desired frequency spectrumat the output is Ymk) = X
(F m(k)))weQon(ie3ssiXn (k) (i.e., the output signal Ym (LTiB20adefsed to a
n=1 specific frequency band/ spectrun), the correspondi ng phase and gain
coefficients Qm (k) can be calculated by inverting the matrix P(k) and
obtaining: ti oo J) 01 0, Thus, for exanple, if M2, the phase and gain
coefficients Qm (k) are equal to:

=26 -

Apl(k)=27-F"(k)-r, (20)

It should be noted that the frequency spectrum of a signal X (k) passing via each

5 corresponding sampling channel (such as sampling channels 205', 205", etc.) is composed
of frequencies received from all bands (such as Band 1, Band 2, etc.). Thus, signals from
2M possible frequency sources are provided to the corresponding bin k of the FFT, as

presented in the following equation.

10 X, (k) = i[X(F m(k) et L XT(EN(N-K) e N (21)

m=1

As a result, the corresponding matrices of signals X, (k) can be presented as follows:

X)) [ endm gt ) (X (R )

X, (k) AR E) : : X (FY(N-k))
L=l : A : (22)

Xon 1 (K) || @i ® : : X(FY (k)

XZM (k) ei-A(p;M ) e—i-A(péM (N-k) e—i-A(pé\/{M (N-k) X (F M (N -%))

15
wherein k and (N-k) are corresponding FFT bins; and N is the FFT length. If it is

supposed, for example, that P(k) matrix is defined as follows:

ei'A%l x) e—i-mﬂf (N-k) o Hhel' (N-k)
ei'A(ﬂé (k) : . .
P(k) = : : K : (23)
RRINENEY : . :
oo (k) —iAeny (NK) o Ao (N-K)

20



For another example, if M=3, then the phase and gain coefficients Qm (k)
are equal to: Q,1, (k) ='1 0000010000001 00O0C
WO 2011/128881 PCT/IB2011/052517
=27 -

then, by further considering that the desired frequency spectrum at the output is

Xn(k):X(Fm(k)))ng;(k)-Xn(k) (i.e., the output signal Y (k) is adapted to a

n=1
specific frequency band/spectrum), the corresponding phase and gain coefficients Q] (k)

can be calculated by inverting the matrix P(k) and obtaining:

5
1 0 0 0
Q k)=|: . . . PNk (24)
0 0 1 0
Thus, for example, if M=2, the phase and gain coefficients Q] (k) are equal to:
10 Qn(k) = POon P (k) (25)
= loo1o

For another example, if M=3, then the phase and gain coefficients Q] (k) are equal to:

1 00 0 00
Q'k)=l0 01 0 0 0[-P'(k) (26)
00 0O0T1O0

15  According to an embodiment of the present invention, the constraint for selecting time

delay values in this case can be such that P(k) matrix is not singular, which means that
the determinant of said P(k) matrix does not become equal to zero or almost equal to

zero (i.e., there are no two or more substantially equal time delays z, for example).

20  While some embodiments of the invention have been described by way of illustration, it
will be apparent that the invention can be put into practice with many modifications,
variations and adaptations, and with the use of numerous equivalents or alternative
solutions that are within the scope of persons skilled in the art, without departing from the

spirit of the invention or exceeding the scope of the claims.

25



P1(k) (26) 15According to an enbodi mrent of the present invention, the
constraint for selecting tine delay values in this case can be such that
P(k) mat rwe 2061/m8881si ngul ar, whi ch neans that the deterrChapto1ofH528ei d P( k)
matri x does not becone equal to zero or alnost equal to zero (i.e., there
are no two or nore substantially equal tine delays r, for exanple). 20
Wi | e sone enbodi nents of the invention have been descri bed by way of
illustration, it will be apparent that the invention can be put into
practice with many nodifications, varbgtions and adaptations, and with the
use of nunerous equivalents or alternatlve solutions that are within the
scope of persons skilled in the art, without departing fromthe spirit of
t he i nventiagifis or exceedi ng the scope of the clains. - 28 - Cainms 1. A
system configured to performa conplex sanpling of a signal in a

frequency- domaj Ry, $dm '&G@f‘i’gﬁlr&f toapePFo?rﬁ%f do&ﬁﬂ’e@%ﬁﬁﬂmg %WB's!ighgl 1n5§-f1qu§:‘ﬁ§}t/ em
conprising: 5a a sanpl ing channel conpri sing:

anal og-t o-di gi amﬂdwwm@ﬁﬁéfa@ﬁﬁﬁﬁ@ﬂk@ﬁ@ﬂﬁﬁwbmyémﬂSﬁ%ﬁaﬁembqﬂmignal to a
cor r esgpondi ng sug§ %n&}ﬁ%%amg&gcgg>@¥g‘ digital signal; and
y- [

a.2. at least on req omal n SCrete transfornatlon unit for

10t ransform ng saldzﬂlgnﬂaht&hgmamOg@oagpMUbahkﬁmr0&ﬁ@pmﬁa&pﬁmdﬁmgn
frequency-domain substantlall non- del ayed dlsc&ete.ﬁg ent G one or
more addi tional sanpli ndHAAMSEH IO SLABICPRGIg SHRTIYR §°B H@Wiﬁ% alyr der
sanmpling, the predefinedipiidgtg dependi ng on a number of
said one or nore additional sanpling channels, each additional 15sanpling
channel conpri sing: %ﬂlathﬁﬁléﬁsﬁf@#@C&épﬁyﬂhﬁﬁﬂfﬁbﬁﬁﬂﬁﬂﬁéﬁoﬂdﬂﬁeﬁay an

a.nal gflb signal by a pr ed?lfahé}&gm}{glsuﬁ dlg ol anaﬁ 3% %Rn&t?%f%’o%%ﬁdﬁ@in%g

sign
frequency-domain substantially non-delayed discrete components;

b) one or more additional sampling channels enabling to perform a
predefined-order sampling, the predefined-order depending on a number
of said one or more additional sampling channels, each additional

15 sampling channel comprising:

b.1. at least one delay unit configured to delay an analog signal by a
predefined value, giving rise to a delayed analog signal;

b.2. at least one analog-to-digital converter configured to convert said
delayed analog signal to a corresponding delayed digital signal;

20 b.3. at least one frequency-domain discrete transformation unit for
transforming said delayed digital signal to a plurality of frequency-
domain delayed discrete components;

b.4. at least one data unit configured to provided one or more
corresponding coefficients for each frequency-domain delayed

25 discrete component; and

b.5. at least one multiplication unit configured to multiply said one or
more corresponding coefficients with said each corresponding
frequency-domain delayed discrete component, giving rise to the
multiplied frequency-domain delayed discrete components; and

30 c) at least one summation unit for summing said multiplied frequency-

domain delayed discrete components with the corresponding frequency-



b.2. at |east one analog-to-digital converter configured to convert said
del ayed anal og signal to a correspondi ng del ayed digital signal; 20 b.3.
at | east woeofrwesgsency- domai n di screte transfornati on uRCI/IBEM1/o32amwst or m ng
said delayed digital signal to a plurality of frequency-donain del ayed

di screte conponents; b.4. at |least one data unit configured to
provi ded one or nore correspondi ng coefficients for each frequency-donain
del ayed 25di screte conponent; and b.5. at |east one nultiplication unit
configured to nultiply said one or norg_corresponding coefficients with
sai d each correspondi ng frequency-donmai n del ayed di screte conponent, giving
rise to the multiplied frequency-domai n del ayed di screte conponents; and
30c) at |east one simaRt sudbtabiilly fodrdetdjatidngretatshmponchispbivid dscaguancy-
domai n del ayed discrete conmponents with the correspondi ng frequency- - 29
- domai n subst ant i SMRR HedHcae -dyBYn gpBeicssigntlonponent s, giving rise to an
out put frequency-domai n conpl ex signal. 2. The system according to
claim1l, wherein the one or nore coefficients are at |east 5one of the

foll owi ng: 3) Teasgcmaeddriliop éntlgim drdhdyin gled encgwafdré coodigients are at least 3, The
syste accordhﬂgcﬁﬁmggﬁgth, wherein the frequency-domain transformation is
10a Fourier transtorm 4 "Fhe system according to claim 3, wherein the
Fourier transform iphadchecfficitn(sFagt Fourier Transform). 155. The system
according to claim1, wherein an inverse frequency-domain transformation is
applied on the ot gath FEiFERey- domai n conpl ex signal for obtaining an

out put tinme-domain conpl ex signal. 6. The system according to claim
5, wherein the inverse frequency-domain 20transformation is the |IFFT

(I nverse FF¥) .The syThe asyadiegiadeior biwipreio tel fagayeicy-damaimeanstamplipsisng a
proceﬁﬁing unitpconfiaured to calculate a time delay between two or nore
sanpling channéﬁs. ’

4. The system according to claim 3, wherein the Fourier transform is the FFT (Fast

Fourier Transform).

15 5. The system according to claim 1, wherein an inverse frequency-domain
transformation is applied on the output frequency-domain complex signal for

obtaining an output time-domain complex signal.

6. The system according to claim 5, wherein the inverse frequency-domain

20 transformation is the IFFT (Inverse FFT).

7. 'The system according to claim 1, further comprising a processing unit configured

to calculate a time delay between two or more sampling channels.

25 8. The system according to claim 1, wherein the output frequency-domain complex
signal has a predefined frequency spectrum that comprises one or more predefined
frequencies, which are whole multiples and/or half-multiples of a sampling

frequency, according to which the analog signal is sampled.

30 9. A system configured to perform a complex sampling of a signal in a frequency-

domain, said system comprising:



258. The system according to claim1, wherein the output frequency-domain
conpl ex signal has a predefined frequency spectrumthat conprises one or
nore predwbizoadi2Bgsequenci es, which are whol e nultipl es &00/1B2011/052517

hal f-mul tiples of a sanpling frequency, according to which the anal og
signal is sanpled. - 30 - a) a non-del ayed sanpling channel nodul e
configured to provide a plurality of frequency-domain substantially
non- del ayed di screte signal conmponents; and b) one or nore additional
sanpl i ng channel nodul es, each additiggal 5sanpling channel nodul e
conprising at |east one delay unit and at |east one coefficient unit for
enabling providing a plurality of frequency-donain del ayed discrete

conponent s, sai dapl ur@ldohdeRi ?'ed [SERPBRC YheRBinbdle) ayethueids & grévigonponent s
bei ng adapted to a specific requency band, wherein said systen1|s further
configured to 10 conBPfdtt i detusperrdamaiar sybstagabn nsmcdelayed ndiseiste

correspondi ng substang Ly, @&ﬁ delpyed discrete conponents, for generating
an out put frequency-dé%%?n]g Pex si gnal . 10. The system accordi ng

to clain19 wherkl n toe moeﬁiq@d@hbmﬂmam@bmgvhdeglatﬁubasmmhsdd@moﬂ t he

follo a) phase coef ICI gnt s; d, b ain coeffic 11. The
syst e accorti g to craiming St affliendorBlster Rkt iRy i s

20coefficients for theas pelﬁ?ei febeffitiear wanc Yorb aiiblind 2profidiigs e plueing i gured to
perform a conpl ex SﬁgF|lng of a si nal in a tinme-domain by neans of a

predef i ned- or der sanplFREICYsHRLIR yalayet cOifFEs FofgPongisg S%@r’rﬁ]“i“ﬂ’éy cHannel

conprising: 25a.l. atﬁ&$@§é &ﬂ&n@Qﬁk@&iE@mﬁﬁ@b%ﬁbmﬁﬂﬂNﬁ&ﬁ§%dﬁﬂ&fhg%red to
convert an analog signal to a corresponding time-domain substantially

non-del ayed digital sipgeidic;rdgyenypidand, wiran sddisyilomadb fgthepconiguetdaionel s
bI f efi he.
ena épg to perform a o%%b‘?? thd nggfa %&jgisc%?ém%ﬂlg%}epls %tﬁrt‘%geéqr{%%gonﬂ{]gnnel ..

dependi ng on a nunber nore a Ironal sanpli
each additional substantially non-delayed discrete components, for generating an

output frequency-domain complex signal.

10. The system according to claim 9, wherein the coefficient unit provides at least
15 one of the following:
a) phase coefficients; and

b) gain coefficients.

11. The system according to claim 9, wherein the coefficient unit provides

20 coefficients for the specific frequency band.

12. A system configured to perform a complex sampling of a signal in a time-domain
by means of a predefined-order sampling, said system comprising:
a) asampling channel comprising:

25 a.l. at least one analog-to-digital converter configured to convert an
analog signal to a corresponding time-domain substantially non-
delayed digital signal;

b) one or more additional sampling channels enabling to perform a
predefined-order sampling, the predefined-order depending on a number

30 of said one or more additional sampling channels, each additional

sampling channel comprising:



sanpling channel conprising: - 31 - b.l. at |east one delay unit configured
to delay an anal og signal by a predefined value, giving rise to a del ayed
anal og siwy0ab11/128881 b.2. at |east one anal og-to-di git 2CTABINEN32817
configured to convert said del ayed anal og signal to a correspondi ng del ayed
digital signal; 5and b.3. at |east one conplex digital filter to be applied
to said delayed digital signal for generating conplex sanples of said

del ayed digital signal, giving rise to a conplex timnme-donain del ayed
digital signal; and 10c) at |east oneypummation unit for conbining the real
portion of said conplex time-domain delayed digital signal with said

ti me-domai n substantially non-del ayed digital signal, giving rise to a
conbi ned digital signalat 1aRdohh@eiePyingicshfigurad td delay QnaMaldPtspishl by e- donmai n
conpl ex signal, the real portion of which is said conbined digital signa
and the inaginary porti GFFIEERT WaHccBIVing rispéo ¢ Aelgicdapglopsiettlon of said
conpl ex time-domain I o]l si . Lng to
claim 12, wherein tﬁgﬁd?§§§59h§FI§%§§I%Qghﬁ?%%?ﬁgﬁﬁ?§¥?%§§I§§&%E§%§nse)
filter. 20 14. The syst énapataradognggod tol acomesPonding titleyedcdigpali 8gmy a
proce%§ing uni t configuggg to calculate a tine delay between two or nore
sanpl i'ng channel s. 15. A systemconfigured to performa conpl ex
sanpl i ng of a si gnalb.3.natalehst e 2e8PIRi digitslafildersyshee Bppliednbiaidigélag)d a
non- del ayed sanpling channel podul e configured to provide a tine-domain
substantial |y non-del ay&iigl gignal I grhsrating fempjexopanpies pbreaidaddiydonal

sanpl i ng channel nodul e%l(ijgit%ﬁé%@na@,d%ﬁvih'g f%edo SIS 08N e ital
conprising at |east one delay unit and at 30l east one conplex digital
filter unit for enablingigprlosidi ng a conpl ex tinme-domai n del ayed digital

signal, wherein th I I OF 3I- ' --g- -+.C &I t e {n del ayed
i o ognal | 8 RulERenP Shb Rty eR) Cunpirihe @R L TR, 1T
non-del ayed di gi t altinsd-dpmadin dglayeddigitabeighal witle onidi tived-ddingint @albstanpilgl , and
her ivin ri i ne- in l.ex si I he real
:)Or6t Ieg% gf V\:I‘I?Cﬁ i éj%g—éltfs]gygcp diog%jtglpsl{éna, gsing()r%% to acgo bir?ed Siggzrﬂasignaﬁ, aend ea
thereby giving a rise to an output time-domain complex signal, the real
portion of which is said combined digital signal and the imaginary portion
15 of which is the imaginary portion of said complex time-domain delayed

digital signal.

13. The system according to claim 12, wherein the digital filter is a FIR (Finite

Impulse Response) filter.

20
14. The system according to claim 12, further comprising a processing unit
configured to calculate a time delay between two or more sampling channels.
15. A system configured to perform a complex sampling of a signal in a time-
25 domain, said system comprising:
a) anon-delayed sampling channel module configured to provide a time-
domain substantially non-delayed digital signal; and
b) one or more additional sampling channel modules, each additional
sampling channel module comprising at least one delay unit and at
30 least one complex digital filter unit for enabling providing a complex

time-domain delayed digital signal, wherein the real portion of said



5conbi ned digital signal and the imaginary portion of which is the

i magi nary portion of said conplex time-domain delayed digital signal. 16.
The syst ewpaotionsgsmg to clai m 15, wherein the digital fipCraB20isosE R
(Finite Inpul se Response) filter. 10 17. A nethod of perform ng conpl ex
sanpling of a signal in a frequency-domain by neans of a predefined-order
sanpling, said nethod conprising: a) providing a sanpling channel
configured to: a.l. convert an analog signal to a
correspondi ng substantially non-15del gyed digital signal; and a.Z2.
transformsaid digital signal to a plurality of correspondlng
frequency-domai n substantially non-del ayed di screte conponents; b)

providing one or norecaglét iimBomaan@iiyed dhansighs iehatle BEmb@e@@iithor m a
pr edef i ned- order sanplin t he predefined-order depending on a nunber 200f

sai d one or nore addi %%ﬁ@le Aol suhgteptlInsdelaysd Higigh signdngivingaisst i ng
channel configured tog, cémbﬁ@& i@ siBRA! A HeRP oiP¥e @ Mee&leafrf &Rgutva' ue,

giving rise to a del ayed ana gna onvert
sai d del ayed anal og siigadbmpia aompheriesgmﬁhdlthﬁg refd| a@rsdn Z@dm@uqhahs siignal ;

ty ansform sai d del gita i t.o a ura of
frequé%cy domai n dela?gﬂyﬁg%§$ ?’“%%%ﬁ%ﬁgh lma]n%y (Fég? g‘gﬁglg?ﬂﬁnre

correspondi ng coef fi cinenRifary gurti@actsafd @mpeaxaymeaomiin ddryayddicdispanet e
conponent; and 30b.5. multiply said one or nore correspondi ng coefficients
wi th said each correspondi ng frequency-domai n del ayed di screte conmponent,

- 33 - 16. The system according to claim 15, wherein the digital filter is a FIR (Finite
Impulse Response) filter.
10
17. A method of performing complex sampling of a signal in a frequency-domain by
means of a predefined-order sampling, said method comprising:
a) providing a sampling channel configured to:
a.l. convert an analog signal to a corresponding substantially non-
15 delayed digital signal; and
a.2. transform said digital signal to a plurality of corresponding
frequency-domain substantially non-delayed discrete components;
b) providing one or more additional sampling channels enabling to perform a
predefined-order sampling, the predefined-order depending on a number
20 of said one or more additional sampling channels, each additional
sampling channel configured to:
b.1. delay an analog signal by a predefined value, giving rise to a
delayed analog signal;
b.2. convert said delayed analog signal to a corresponding delayed
25 digital signal;
b.3. transform said delayed digital signal to a plurality of frequency-
domain delayed discrete components;
b.4. provide one or more corresponding coefficients for each frequency-
domain delayed discrete component; and
30 b.5. multiply said one or more corresponding coefficients with said each

corresponding frequency-domain delayed discrete component,



giving rise to the nultiplied frequency-donmai n del ayed di screte conponents;
and c) conbining said nultiplied frequency-domai n del ayed di screte
conponentwo 2011/128881 with the correspondi ng frequeatyBzioNes2817
substantially non-del ayed 5di screte conponents, giving rise to an out put
frequency-domai n conplex signal. 18. The nethod according to claim 17,
further conprising calculating a tine delay between two or nore sanpling
channels. 10 19. The nethod according to claim 17, further conprising
providing the one or nore coefficientgzas at l[east one of the follow ng: a)
phase coefficients; and b) gain coefficients. 15 20. The nethod according
to claim 17, further conprising obtaining an output tine-donmain conplex

signal by applying an i Rueiseisé & yheRtjtiplicad TRqQEMPyQdbntalte deldydUbiscrete
frequency-domai n conpl ex signal. 2021. A nethod of perform ng a conpl ex
sanpling of a signal inCaMpPPEHitetdy- domain, said method conprising: a)

generating a plugaldbyiddfe SLiEAURPRY ﬂ&ﬁﬂ%h&-ﬁ%ﬁh b diYer@ E?Igﬁgrf%){gd

di screte signal conponents; generating a Ity of
frequency- domai n detitdy elic déi@espindingofpgnany slon@2Bs substpitialal nenyddhyed

frequency-domai n del ayed discrete .conponents bei adapted t.o a specific
frequency band by FEAHE BB Or ShIrA Ea PRSBEHUIRE EoerrTEl SHPE and
c) conbi ning the dsigayled di screte conponents with the correspondi ng
substantially non-del ayed di screte conponents, for generating an out put

30f requency-domai n conpl ex signal.
18. The method according to claim 17, further comprising calculating a time delay

between two or more sampling channels.
10
19. The method according to claim 17, further comprising providing the one or more
coefficients as at least one of the following:
a) phase coefficients; and
b) gain coefficients.
15
20. The method according to claim 17, further comprising obtaining an output time-
domain complex signal by applying an inverse frequency transform on the output

frequency-domain complex signal.

20 21. A method of performing a complex sampling of a signal in a frequency-domain,
said method comprising:
a) generating a plurality of frequency-domain substantially non-delayed
discrete signal components;
b) generating a plurality of frequency-domain delayed discrete components,
25 said plurality of frequency-domain delayed discrete components being
adapted to a specific frequency band by means of one or more
corresponding coefficients; and
¢) combining the delayed discrete components with the corresponding
substantially non-delayed discrete components, for generating an output

30 frequency-domain complex signal.



- 34 - 22. The nethod according to claim 21, further conprising providing
the one or nore coefficients as at | east one of the follow ng: a) phase
coef fi ci emO=2p112112688D) gai n coefficients. 5 23. A nethod @eCTpB20lONFREIY

conpl ex sanpling of a signal in a tine-domain by neans of a
predefined-order sampling, said nethod conprising: a) providing a sanpling
channel for converting an analog signal to a correspondi ng tinme-domain
substantially non-del ayed digital signal; 10 b) providing one or nore

addi tional sanpling channels enablingsjo performa predefined-order
sanpling, the predefined-order depending on a nunber of said one or nore
addi tional sanpling channels, each additional sanpling channel configured

to: 22. The method acddrding €iE¢1@ivh 20) fdiltitk 08mpiligRaprobyin thE eftedi med val ue,
giving rise to a_15del ayed anal&g signal; b.2. convert said del ayed anal og
signal to a coPFESEaRdTAYlcaRbPAY hﬁﬁgkﬁﬂﬂgsignal; and b. 3. generate conpl ex

sanpl es of said gdelayed digital ;8 gnal, giving rise to a conpl ex
ti me-domain delaggéﬁd%gftggesﬁg%al; and 20c) conmbining the real portion of

sai d conpl ex ti nkr gemaionffgeintsyed digital signal with said tine-donain
subst%ptially non-del ayed digital signal, giving rise to a conbined digital
signal, and thereby giving a rise to an output timnme-domain conplex signal,
the real pops.iAmetHodwpediorhfing@inthleosdiphiag oflh gichallin 8 tigleadon@itby Meadsnagi nary
portion of which is the 25i nmaginary portjon of said conplex tinme-domin

del ayed di gi t &if adresishined-oger spRplingispiganetbedsmmsigingo ¢l ai m 23, furt her

Dol & digiear B I Siding £ ammpR o §Uaf Ry D, ' Fen® WIS, ™
sanpl i ng of a si gnabrrgspoading Hmedlomaimsubsiantihliympnddlagehgeitd isiggals

o) Je0PT 241192 b T ABMELA, SRS B COLBUAC. Hh ol - )
predefined-order sampling, the predefined-order depending on a number
of said one or more additional sampling channels, each additional
sampling channel configured to:

b.1. delay an analog signal by a predefined value, giving rise to a
15 delayed analog signal;
b.2. convert said delayed analog signal to a corresponding delayed
digital signal; and
b.3. generate complex samples of said delayed digital signal, giving rise
to a complex time-domain delayed digital signal; and
20 ¢) combining the real portion of said complex time-domain delayed digital
signal with said time-domain substantially non-delayed digital signal,
giving rise to a combined digital signal, and thereby giving a rise to an
output time-domain complex signal, the real portion of which is said

combined digital signal and the imaginary portion of which is the

25 imaginary portion of said complex time-domain delayed digital signal.

24. The method according to claim 23, further comprising generating the complex

time-domain delayed digital signal by using a digital filter.

30 25. The method according to claim 23, further comprising calculating a time delay

between two or more sampling channels.



c) conbining the real portion of said conplex tinme-donmain del ayed digital
signal with said tinme-domain substantially non-del ayed digital signal
gi ving riwe2un/asssenbi ned digital signal, and thereby giP¢irng201/0328e7 t o an
out put time-donmain conplex signal, the real portion of which is said
10conbi ned digital signal and the inmaginary portion of which is the
i magi nary portion of said conplex tinme-domain delayed digital signal. 27.
The net hod according to claim26, further conprising generating the conpl ex
ti me-domai n del ayed digital signal bysgsing a digital filter. 15 28. A

nmet hod of calculating a tine delay betmeen two or nore sanpling channels in
a signal processing system said nethod conprising: a) providing a first
sanpl i ng channel for enabling sanpling of a substantially non-del ayed
signal ; and_20b) providing one or nore additional sanpling channels, each
sanpl i ng chafndt msiediodprgornipg agemplssgamplingofra tignal i ¢ tigiegdpaaingaidi ng ri se

to a del ayed ﬁh& ngggdghen enabling sanpling of said del ayed signal
wherein said pre efl [ay r is calculated by using the relationship

bet ween said del ay r g%mdatmgetiptm@@najil ﬁlfb@taetidéfmm ctﬂays@ﬂ'@iteﬂesﬁgyléd 25si gnal .
29. TQ@ met hod acg ordln aco x%%m urgh [1a la§$ alq%blning t he
rel ati"onship bet en ?he 5@ and't he %%as% erence 40 by neans

of at |east one of) t h@n&ﬁin@@h\d ﬂ&gl po'il@@h) of28a1d7cbmplefxl timd- demé\@llela?ed digitaIN ; and
b) 2.7r(f1 +Af)r =A02+ 2. 7r( erein AO_ is a phase di f f erence
of a first del ayed s?lgﬁa&wﬁmlﬁéﬂ% @9%{1 Sb?%ﬁilh@anﬂﬂéwe%vafqlgna}xoe is a

phase difference of gwﬁﬁﬁﬂﬁqOQQbﬁﬁﬁQd%hﬁﬁﬁ&gﬂﬁV&ﬂMh&e§@%RH%zpﬁﬁﬂﬁhhned
frequency f2, Af is a difference between said second first predefined

frequenci es, thereby0W2uLHm¢d$mmm<¥maﬂ@<NgaﬂdmNIaﬂaxpm@UefMﬁE@lﬁﬁﬁ@gers
30. T, nmet hod accor . aj n t he
I?)e g&glgilnélcg dfgﬁtgi g)(%ﬁ?loalgdj 'iﬁ %ﬁl?agg ﬁg?tlo%g ofj %&h%hg} %g

bound of integer M by us wng re 2 A0l

27r imaginary portion of said complex time-domain delayed digital signal.

27. The method according to claim 26, further comprising generating the complex
time-domain delayed digital signal by using a digital filter.
15
28. A method of calculating a time delay between two or more sampling channels in
a signal processing system, said method comprising:
a) providing a first sampling channel for enabling sampling of a
substantially non-delayed signal; and
20 b) providing one or more additional sampling channels, each sampling
channel providing a predefined delay 7 to said signal, giving rise to a
delayed signal, and then enabling sampling of said delayed signal,
wherein said predefined delay 7 is calculated by using the relationship

between said delay 7 and the phase difference A¢ of said delayed
25 signal.

29. The method according to claim 28, further comprising defining the relationship
between the time delay 7 and the phase difference A¢ by means of at least one
of the following:

30 a) 2-x-f,-7=A¢ +2-7-N;and
b) 2.7 (£, +Af)-7=Ad,+2-7-(N+ M),



31. The nethod according to claim 30,
approxi mati on of the integer

27-¢C .

determ ning the approxi mation of the integer

1580.201lessset hod according to claim 31, further ®OWABEL/NERS17

predefined. 33. The nmethod according to claim?29, further conprising

nmeasuring frequency differences Af12 and Afi,

frequency fl,

frequency f3, giving rise to frequency
f3 - f1. 34. The nethod according to c
calculating the tine delay r approxi mati on by using the one or
Vl'/heren?\orggé iAQ1phate MifféRnccaBfl a2fifst dMal@dslahab)havif@3a -fird01 M2 1
- 37 - wherein 403 is a phase différence of a third del ayed
havi ng paedefined fipqeaiey ifnesis.f iseq prase Wiff&enanet Mewnd dayat eighilt eger s.

fol |l ow
- 27r
si gnal

ng.

Af 0Af O

a)

t he second 20predefined frequency f2 and a third pr edef i ned
differences Af12 = f2 - f, and M3

?alns 32 and 33, further conpri sing

nore of the

35. The nethod according to claim 34, further conprising using the

cal cul at ed ti reviddelsagond pagisfined firegicnry ff.or Afd et eedifferenergpctvecal said sofondhe

i nt eger

10

15

20

25

M

30.

31.

32.

33.

34.

and first predefined frequencies, thereby f, =1f +Af, and M and N are

predefined integers.

The method according to claim 29, further comprising determining the bound of
integer M by using the following relationship:

Ag, —Ag,

27

M=17-Af -

The method according to claim 30, further comprising determining the

approximation of the integer M by considering that 0<A¢ <27 and

0<Ag, <27.

The method according to claim 31, further comprising determining the

approximation of the integer M by considering that Af is predefined.

The method according to claim 29, further comprising measuring frequency
differences Af, and Af,, between the first predefined frequency fj, the second
predefined frequency f, and a third predefined frequency f3, giving rise to

frequency differences Af, = f, — f, and Af; =, — 1.

The method according to claims 32 and 33, further comprising calculating the

time delay 7z approximation by using the one or more of the following:

a)f:A¢2_A¢1+M ; and
27-AL, AL,
b) = ¢ _A¢1 ,

M by considering that Af

further conprising determning the
M by considering that 0 < AQ, <2and 0 < A02 <

is

between the first predefined



36. The nethod according to claim35, further conprising determning a

val ue of the integer N by using the determ ned value of the integer M
1037. Thewoebhodsssecording to claim 36, further conpri siPag/Bal1C/082817 ng t he
time delay r by using both determ ned val ues of the integers Mand N

-37-

wherein A¢, is a phase difference of a third delayed signal having a third

predefined frequency {,, and M; and M, are integers.

35. The method according to claim 34, further comprising using the calculated time

5 delay 7 approximation for determining a value of the integer M.

36. The method according to claim 35, further comprising determining a value of the

integer N by using the determined value of the integer M.

10 37. The method according to claim 36, further comprising calculating the time delay

7 by using both determined values of the integers M and N.



