-1- METHOD AND SYSTEM FOR PERFORMING COMPLEX SAMPLING OF SIGNALS BY USING
TWO OR MORE SAMPLING CHANNELS AND FOR CALCULATING TIME DELAYS BETWEEN
THESE CHANNELS Field of the Invention 5The present invention relates to digital signal processing.
More particuld®, 2Hé/Bt88ent invention relates to a method and system foPp&dBithi§2ebmplex
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. 10 Definitions,
Acronyms and Abbreviations Throughout this specification, the following definitions are employed:
Signal Sampling: is the process of converting a S|gqal (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 contMEIUEHIAANDS VAFIOMITOR HERKORMING i0OMEIGLS|Sacd PPARGOElex Sampling: is
a sampling. in wlighyany 19! SoRek T 3ATBIR dalSKk EXONAE R SATRIEES, (@ TRlRd channels)
that are shifted gr ' ML al o1 the above sampling is
a complex signal, CghifibiL4 NG MK ‘”w "Aw-_ RERWEEN JHESE CHANNELS 15 For example, if
a 25complex signal is denoted X(I), then X(t) -=Xr" (t) +1Xx,0,, whereln I =,11-1. It should be noted that
in actual physiga{ EE”]S signals x,,(t) and ximag,"7 (t) are both real, but are called the "real' and
"imaginary’ parlsiéfre-nf’nu'}trﬁﬁem is used to help define an operation(s) between different signals.

5  The present invention relates to digital signal processing. More particularly, 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.

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 (1) +i-x, , wherein i=+/~1. It

rca imaginary ( )

should be noted that in actual physical systems, signals X, (1) and X, ... (t) are both

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

an operation(s) between different signals.



"FET: is an acronym for Fast Fourier Transform, which is an efficient algorithm to compute Discrete
Fourier Transform (DET) and its inverse. There are many distinct FFT algorithms in the art, involving a
wide range of mathematic calculations, from simple complex-number arithmetic to group theory and
number theory! &&H&1A§3the output of S5the Fast Fourier Transform is caﬁé;a/fﬁéofﬁ? 2ﬁ?ectrum. EFT
Bin: is a single frequency component of the EFT spectrum. 10 Back2round of the Invention The
subject matter of signal sampling is widely known in the prior art. Generally, it relates to digital signal
processing and has high relevance in a variety of fields, such as communication, electronics,
medicine, electro-optics, and many others. For example, in radio communication, sampling a signal
and obtaining sufficient signal attenuation, while 15 demodulating the desired signal from radio
frequencies as close as possible to the baseband, is one of the main tasks. According to the
commonly kndA-NqistSHERISH SPAREEthEBRSERIIVHIERSS (bl KB In R #ER f information
theory, and in parpeulaisircthe dield ofsigiah Sigra) processinganidelecommuydicattohBTan analog

slgnal that has RECRLSRMPIRS gane il [pansiiiated famuhs eamiplenlbine.samplig 20 freduency
Fs exceeds 28 Samples pei secon (1%1?5 a Nyquis rate that is the minimum sampling rate required to

avoid abasingyoWhsierBrsahE HaMR g tRromiecoginarsy bril e fspa By FO2IBrm f of the

sampling rate {g:largerdhan thasigaakkandwidtbyHewsaver, the above theorem is valid when the
signal frequency range does not contain whole multiples or half-multiples of the sampling rate
(sampling frequency). It should be noted that signals that are used in many applications are, in many
cases, band lilFREBin: & prevdfifedufreguentpintenfdhedid tngsttiese signals are called bandpass
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 Kohlenbcrg proposed
the second orgreEamplidarfgieddyandnass signal (in the article titled "Exact interpolation of

band-mited fipetonst. puBllshed e ainal of ORBIPL BYSIES 950, isBis 24 2), pages

ich is’considere tobe tF]e Implest - 3- case 01%_ non-uniform sampling where two
uniform samplitlg'seuéaitdsignalintertstivednsdeohigbraley Bsmislingaitond hddhabretital minimal
sampling rate gfhwarticagshbasewidth, in-thedoranataspaveragemate, dode appleddpidependent of the

band position. In_.second order sam |H‘l , when the d%ltgr\%l between two or more sam llers IS properly
g.

5 predefined, ﬁ%ei()sfé)rﬁnéfl %Iélﬁaggnfusﬁy Pec@ﬁs?fﬁ?é%éiad(é{ nygpstlalr gﬁr%nfnsgg%ﬁ%‘ Illﬁ?el%b% |ocn) even when
the signal freqdremeir laingetooriains! vshaoke drohtipial ofhalkmigitiplesiofetiie samblindofrdguency. Fig. 1A

schematically jlusiratesaconventionalirerRalationsysHebHAR.Af secandgar-dhsampling,
according to the prior art. In Fig. 1A, the input signal X(t) (t.is a time garamet rgzopasse through two

Analog-to-DigitAPEARS) BEHTEHSrET0E AFF 288 ith T it He i inmE d0ay 2 Betiiéett them. Then,
the converted sighals:-Xib( Ieafid X M gue mpultedotsiirternpolaiomfitters s amd b2 respectively,

for performing signal interrglation.which neudes digiial i Analpaconyersion- Afterhat, the resulting

15 interpolated Signals are summed together, giving rise to the output si%'nal, Y(1), and inturn Y(t). It
should béhotdBiHetgdbomtt G eBsSHpIi @ ArndatadittBaticnS rashvaiR kR tRE'BHGE art, and this
issue is discussagiindhadifejatistac kosiexanmple), Rif\taidghaadwaltins 20 thheyasdiciertitled "The
Theory of Bandpass Sampling’ lished.in the "|IEEE Tran actio%%1 o&\Si %ll Rroces ing" journal
(volume 39, nﬁfgr:?%??? p(i)]p}i%%@gi@gﬁo et%?.esr%%xé} gf)l%ll%é esrsesnsar%r#&g o?%ané%@és signals with
respect to bandpesitioherisioe dhrsideiatiohd vésd Purasnaldrsmiivityehresenfiheacéeptable and

unacceptable samplaviaiss withspeaifio discussionhtheprastieahsatesuwhigh are non-minimum.
25
1t should be noted that signals that are used in many applications are, in many cases, band
limited to a predefined frequency interval, and thus these signals are called bandpass
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
"BExact 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



25 According to Vaughan et al., the construction of a bandpass signal from second-order samples:
depends on sampling factors and the relative delay between the uniform sampling streams. For
another example, M. Valkama et al., in the article titled "A Novel Image Rejection Architecture for
Quadrature REIFREEH$rs" published in the "IEEE Transactions on CircRftE/Ei38 8Y8&ms" 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 1/Q
(inphase/Quacirature) signal 4 processing. The phase difference between 1 and Q branches is
approximated by a relative time delay of one quarteg of.the carrier cycle. Also, Valkama et al. presents
and analyzes an analog delay processing based model, and then determines the obtainable image
rejection of the delay processing. In addition, Valkarna et al. in another article titled "Second-Order
Sampling of V¢telsdndiSigiarst spublisk ethine e o (EEHR M tkmpliemn stByragsogiemioteOReuits and
Systems” jourRal fvolurag Z2.pP1B0 1804 MayRQNd) MiseHsses anthanalyzesdhesseeand-order
sampling based digi%t}atd demodulation technique. According. to Valkama etf?gégﬁ% modest image

| S

rejection of thS Bt Ce b g SFer SHARIAY SaTe R8T STRISFOVSEPE o LKt 88modulation
performance disecfond Oddebapithge cdivetse Baktherbforexample; HorY emgpdtralisiprtiverirticle titled

"Second-Qrdey Baseddast-Rerovua.al RAdRAss.RIENalS, vhyRlishedinihar aligppl Conference

on Signal Processing Proceedings" journal (volume 1, pp. 7-10, 1998), discusses fast recovery and
frequency-diffEFER G I FedF BANTAREY SigHaT BHSEY o UedBHERsHET BAHPING!°ACEMGing to H.
Yong et al., byaspligseeqrdegrder sampling, the 15 sampling rate can be lowered to the bandwidth.
Although the spectrum of the two interleaved sampling streams are abasing, it is possible to
reconstruct the original or frequency-differencing bandpass signal. Further, it should be noted that the

conventional G8enprexcditprtiaHycBYs s 418y teaThinerprBeessiFScHEME seatierer & input signal
is bandpags insdtspiginebdistecbapracassed in ailowpasadorpu Thisnormaly requiigs two-channel

processing in guadrature channels to remove an amhiguit to wheth Si is_higher or lower
than he bandEAes SaH G AR, The DA e B ML s e S TR AT e digia
signal procesgirgdiaiel simg Wrdaprobesesed Sigmalldan, Becfiretvaiteddsigngde 8 denter ¥ @ency in 25 two

quachature chapnels, thendilteragie ramave the high frraveney mixing.pradrgisinandgafter that
digitized by a number of A/D (Analog-to-Digital) converters. According to the prjor art, Fig. 1B
schematically 7&ratEL% ggﬁ%?ﬁfé‘hdflscgﬁfﬁleiosgﬂ%iﬁé °§9’§f§‘r?fllé%f€’fh %icf#%ﬁeﬁ%tﬁﬁgsignal is
sampled in twinsamplintschalhnelisibied 0egethd5 0Ty mhilseshiftinguthe! pigageYlly, nidetyidegrees. At the
output of suchyg system, a complex signal is obtained, said signal having a real part Re [X(1)) and an
imaginary part -5 - Im{X(1)), wherein parameter 1 represents a series of discrete values. Filters 151,
1521 and 152" are used to filter the undesired frequency range (in a time domain) of input signals X(t),
X1(t) and X2'(1), tespebtivelyd 3hi5 5029 k84 disgibiagad iapproadbrioaextendingwhedréguency range

iunses non-uniform, SAMpINg: Q9N e Advaniaget oL AL 9N SAMRINg tate Wit only g mgdest increase
20 the article titled "The Theory of Bandpass Sampling" published in the "IEEE
Transactions on Signal Processing” journal (volume 39, number 2, pp. 1973-1984,
September 1991), discusses sampling of bandpass signals with respect to band position,
noise considerations, and parameter sensitivity, presenting acceptable and unacceptable
sample rates with specific discussion of the practical rates which are non-minimum.
25  According to Vaughan et al., the construction of a bandpass signal from second-order
samples depends on sampling factors and the relative delay between the uniform
sampling streams. For another example, M. Valkama et al., in the article titled "A Novel
Image Rejection Architecture for Quadrature Radio Receivers" published 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



""the number of samples. Two sets of uniform samples with slightly different sampling frequency are
used. Each set of samples is Fourier transformed independently and the frequency of the lowest
aliases determined. It is shown that knowledge of these two alias 10 frequencies permits unambiguous
determinationSPHEEHHE frequency over a range far exceeding the NyqaisUREGEIY except at a
discrete set of points. US 5,099,243 presents a technique for extending the frequency range which
employs in- phase and quacirature components of the signal coupled with non-uniform sampling to 15
gain the advantages of a high sampling rate with only a small increase in the number of samples. By
shifting the phase of the local oscillator by 90 deptes, a quadrature IF signal can he generated. 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 NyquIstfiestigenby PEH6 IHISE TS SER DO LSRR SARSRLMEhen thREd hith the
slightly differentsairiplingdite quenayofEactuset isyindependentiynaourieptransionmedadydsthe frequency
of the lowest liases Remits WIAMplAupHS AGiEmInalonf e signal liecenekaven ange far
exceeding the Nyquist frequency. 750S 5,109,188 teaches a technique for extending the frequency
range which effipie9s af ghives anvrierrsitindtvebinpuleiie ditplit herriist spide 1ol first
Analog-tosDigitsddAt)eenserighingne thedebast Sutpult heitigiswapliechyialBRIRiaedaviealto a second
A/D converter A processor receives the outputs of the tywo. A/D conver, eratiofn, the input
signal is subjesc¥e 180 4 known ¢ é\{aya%ng )ﬁ%{ Sori]é)llﬁrgﬁelaz‘v/cf) H&gy%dpgi'gégagzgg?é%% ?rr@gd
simultaneouslyisBistes saepett %is Hisl scaradesdeicamatsedppretdagicnt Henpidaias eng Aiigiitudes
calculated. Thgphase differansa petweemthe auiginghand-delayed.sigRalsdes asmealrdated, and an

approximation to the true frequency for each pe k%Pserve in the. amplitude spectrum is estimated.
et on the SERLLBEHIRTbEPRGA & H SO AL ek 0 S BFOOTES A%

tto provide &% Method and
system cthfigwmidebtodpedormscdmpiex Samplinglofdighalg by aisinghmvatsiatitiel Sansplidg channels

(Second-order(ﬁ@éppﬂm@rﬁaé@h_@émﬁa@e&a@my{g&er@tgﬂgswit%@ﬂéaakmﬂgwiqwa%g@n be equal to
the sampling frequency (or to hlr%Qer multiples of the sampling frequency). In addition, there is a need

in the art to prodiiERnethotsaAd BpsshnfoF PErfiRRhg SRl prIEBSsihgPBy E‘éfﬁglggébnd order (or
higher order) Bcsamphingretvecfsegue ey domnaitifavithowt cOnsitenmpashetheisthessigoal frequency

range containg whal r@ayggﬁigﬁnmééf;gmw%'%ﬁ of the sampling freauency.EWihes there is a

continuous need in the prior art to enable €alculating corrésponding time delays between the two or
more samplingEHARR R 8 rERtVBRdcku tatebianAdn 145 Soahn 41y St Thvertieriwo

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(1)} and an imaginary part



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. 20A system is configured to perform a
complex sampNRGOfld2igiial in a frequency-domain by means of a predefin@dmBreigrszitipling, said
system comprising: a) a sampling channel comprising: a.l. at least one analog-to-digital
converter configured to convert an analog signal to a corresponding substantially non-delayed digital
25signal; and a.2. at least one frequency-domain discrete transformation unit for transforming said
digital signal to a plurality of corresponding frequencgy-domain substantially non-delayed discrete
components; b) one or more additional sampling channels enabling to perform a
30predefined-order sampling, the predefined-order depending on a number of said one or more
additional sanipiidg] chahpels, machesd dittpreaksiampling cfidisnelcoriupsidifigrol D1, d6Rast one delay

unit configured $9-delay.anapaiodRignalax ARigReiped yaliue, aMing.Hse. jQ &:delayed.analog signal;

b.2. at least one analog-to-digital converter configured to convert said delayed analog signal to a
corresponding 413yéd il Gighsic® 14t least one frequency-domain discrete transformation unit
for transforming said delayed digital signal to a plurality of frequency-domain delayed discrete

componenys; 100&a4 1AskNG.Hala Wl contigured ig PIRYIAed. oG o Ml corresppnding

coefficients for each frequency-domain delafyed_discrete_ component; and b.5 at least one multiplication
unit configure 3 BARALIIF AR A B DTS cO R samalig coe fiEde AR \TitRsS BatsRsedrresponding
15frequency-damaimblelayedraiseseteycasiponeniagivieghise Withergndiipliedfequppaugdomain

delayed discrqlg corgggnentsaaﬁgcgtSLQ%%t one summation Lflnlt or sgténm

reque e used. samples Uricr ransiorm Irrlaé:ngnﬁglll maUIgQ{)ISe d
frequency-domaﬁw de yed discrete componerﬁs with the corresponding r quenc@-d]omaln

substantially riéttitaryyeidtaiders doneponentinesivinis sbeno that knowledge of these two alias

10 frequencies permits unambiguous determination of the signal frequency over a range far

exceeding the Nyquist frequency, except at a discrete set of points.

US 5,099,243 presents a technique for extending the frequency range which employs in-
phase and quadrature components of the signal coupled with non-uniform sampling to
15 gain the advantages of a high sampling rate with only a small increase in the number of
samples. By shifting the phase of the local oscillator by 90 degrees, a quadrature IF signal
can be generated. 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



"'200utput 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 b) gain
coefficients. According to an embodiment of the present invention, the frequency-domain
transformatioi8 A Ebifi&H transform. -8 According to still another embod%ﬁérﬂpa?ltﬁ%s%sent
invention, an inverse frequency-domain transformation is applied on the output frequency-domain
complex signal for obtaining an output time-domain complex signal. According to still another
embodiment of the present invention, the inverse frequency-domain transformation is the IFF1
(Inverse FF1). According to a further embodiment of the present invention, the system further-
comprises 10a processing unit configured to calculate a time delay between two or more sampling
channels. According to still a further embodiment of the present invention, the output frequency-
domain complEX°sigiealFss Ahie WEfMEEI g IR MRS et thit carhprak SRR St e
15predefined tregledeigscwhidh aremwbdle multiples 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 cAHHiSAsIHEN208YS nEratRed Baihpifg CREMES gdule Esnfiguredty’frotide a plurality
of frequency-dasaio substantialiyancdelyatoehsciaiplGlgaaipHaEIASHS; BNeking two or
more sampling channels (second-order sampling or higher) and enabling operating with a
signal bandwidth that can be equal to the sampling frequency (or to higher multiples of
the sampling frequency). In addition, there is a need in the art to provide a method and
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 twoe 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



h) one or more additional sampling channel modules, each additional sampling channel module
comprising at least one delay unit and at least one coefficient unit for enabling providing a plurality of
frequency-domain delayed discrete components, said plurality of frequency-domain delayed discrete
components b®iAgadapesd to a specific frequency band, wherein said syskéfIB2att#@sonfigured to
combine the delayed discrete components with the corresponding 30substantially non-delayed
discrete components, for generating an output frequency-domain complex signal. 9 - According to
another embodiment of the present invention, he coefficient unit provides coefficients for the specific
frequency band. According to still another embodiment of the present invention, a system is configured
to perform a complex sampling of a signal in a time-domain by means of a predefined-order sampling,
said system comprising: a) a sampling channel comprising: a.l. at least one analog-to-digital
converter configured to comestidn dBaralogpsigadlitoralcerragdpandingtéhe domailtisiehstantially non-

delayed digital signal; 175)Sgg§1g§mg;ﬁéqgm39%§ampling channels enabling to perform a
predefined-order sampling, the predefined-order depending on a number of said one or more

additional sampling channel8: e 46 ACAY 6 sl oWt oG CHAMEF S AP ALIYE B474: 1ot one delay
unit configured to delay an analogrsigfiatdya-dupredefned waldelagivingaisesoraldelayed analog signal;

b.2. at least one analog-to-digital cpnyerter sanfiguradita copvaitsaidielayed analog signal to a
corresponding delayed digital signal; 20and 13.3. at I€ast one compleg;glgltal filter to be applied to

said delayed digital signal for gerftafidFeapspiers mimeesediaod Leynbtienghal, giving rise to
a complex time-domain delalyed sligéadtsigrakraneh2pepatieagstabe stimmhatiantnihforreombining the

real portion of said complex time-dorqain.dgla igit .§,i9d1 alowiE | said time-domain substantially
non-delayed digital signal, givingtﬁg}é fc?lg%‘?ﬁgﬁgee%%?gl%ﬁl s?iélﬁgﬁ andthere yog%]?ﬂléegcﬁse to an
output time-domain complex sigriéiingie delaypbiiteiorapnentdsaid combined digital signal and the

imaginarygportion 30of whichy is the 1ea3ginasy fertignoft saideamplextime-gosmain.delayed digital
signal. corresponding coefficients for each frequency-domain delayed
discrete component; and

b.5. at least one multiplication unit configured to muitiply 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

FFET (Fast Fourier Transform).



- 10 -"According to still another embodiment of the present invention, the digital filter is a FIR (Finite
Impulse Response) filter. 5According to a further embodiment of the present invention, a system is
configured to perform a complex sampling of a signal in a time-domain, said system comprising: a) a
non-delayed sW@piiHg§8hnel module configured to provide a time-domal¢ SEBtHMaR non-delayed
digital signal; and h) one or more additional sampling channel modules, each additional sampling 1D
channel module comprising at least one delay unit and at least one complex digital filter unit for
enabling providing a complex time-domain delayed digital signal, wherein the real portion of said
complex time-domain delayed digital signal is furthgr 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 axcesnhpdiment ohthepraseatiryentian srasthedaliperfarmirgcomplax20sampling of
a signal in a fr%i uency-domain. b _mear(*gis of a %edefined-order s%m ling, saig method comprising: a)
providing a saMPIY CHSARBAESAAS TRRY 5081 Ro AVER R4 A0 §r’§ﬁ%ﬂ 18P EBrraEHoHding
substantially nan:talayeddigitalrsighalpandapRxtsamsform said digital signal to a plurality of
correspongling frequency-domain substantially non-delayed discrete components; ti) providing one or
more additional sampling channels enabling to perform a predefined-order sampling, the

predefined-ordS aEHEn GG b e BRI EreRi@lohs BreRBr SeiitnAr dRYRSHE ¥ RiMels, each
additional 30sampiliingaohfannelieonfibeiBAtOnverse FFT).

According to a further embodiment of the present invention, the system further comprises
10 a processing unit configured to calculate a time delay between two or more sampling

channels.

According to still a further embodiment of the present invention, the output frequency-
domain complex signal has a predefined frequency spectrum that comprises one or more
15  predefined frequencies, which are whole multiples 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 1s further configured to
combine the delaved discrete components with the corresponding
30 substantially non-delayed discrete components, for generating an

output frequency-domain complex signal.



b.1 delay an analog signal by a predefined value, giving rise to a delayed analog signal; h.2 convert
said delayed analog signal to a corresponding delayed digital signal; 5b.3 transform said delayed
digital signal to a plurality of frequency- domain delayed discrete components; b.4 provide one or more
correspondingd¥é&titigitslfor each frequency-domain delayed discrete coRgoReHt/ 3&Hh.5. multiply
said one or more corresponding coefficients with said each 10 corresponding frequency-domain
delayed discrete component, giving rise to the multiplied frequency-domain delayed discrete
components; and c¢) combining said multiplied frequency-domain delayed discrete components with
the corresponding frequency-domain substantialIy_r])o_n-delayed 15discrete 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: 20a) generating a plurality of frequency-domain substantially non-delayed discrete signal

components; bl-gaasiatingnacpikkality Ghiieiencydamain delsy et dissreirampenentss said plurality
of frequency-dct())gggin deIg&l{ef'}(ljediscr te comﬁ)or‘jearlﬁ being adapted to a specific frequency band by

cient specilie. frequency. . - .
means of one Or more correspponﬁlng Seficiétits; and c) combining the delayed discrete

components with the corresponding substantially non-delayed discrete components, for generating an

output frequency-domaip GamplsX.signdimts o AREQHEIRY RSl ANeReksMbedifeRtLef the present
invention, a method o?performing complex sampling, of a signal in a time-domain by means of a

predefined-or @8#%%?@5&?%%% & (ﬂﬁ?ﬁ‘] éﬁ]@ _ ime-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
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 ¢) 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.



"‘a) providing a sampling channel for converting an analog signal to a 5corresponding time-domain
substantially non-delayed digital signal; 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 adUrMEEZE/Mpling channels, each additional sampling chan®&liganfititEdifo: 106.1.
delay an analog signal by a predefined value, giving rise to a delayed analog signal; b."). convert said
delayed analog signal to a corresponding delayed digital signal; and b.3. generate
complex samples of said delayed digital signal giving rise 15to a complex time-domain delayed digital
signal; and c) combining the real portion of said cgq}p]ex 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
20combined digital signal and the imaginary portion of which is the imaginary portion of said complex

time-domain delayeddigital sighaler cABearding o stilhavatharembodiment.of the- rresant invention,
the method fur&mr o rré[a{is%sf%)eneralgngbthe complex time-domain delayed digital signal by using a
t efy

digital 25filter. Ee6rdir g 6 A furthé odiment 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-domajn substantially nen-delaysd digital stanal,3Qh) greriating ﬁs@&mg'%&@ﬁa@%@m” delayed
digital signal; and. c) combining the real portion of said complex time-domain delayed digital signal
with said time-BSHE SOBSIEhTAI RS detiRpatidpRESGRAIN GME TSR (9BRESHBIned digital sig,nal,
and thereby giving a risedo-@aputpatibine-dumain o plexdignal therealpartionn-admdrch is said

combined digital Signaﬁﬁgﬂnﬁ?&?}%&gﬁéﬂ%ﬁ%@% g)}fg}miggdis the imaginary portion of said complex

time-domain delayed digital signal. According to an embodiment of the present invention, a method

of calculating a tim&d&nsy behriEet ot rerisampmg crafditels tach additlanstoeending system, said

method 1@comprising:channel module comprising at least one delay unit and at least one complex
digital filter unit for enabling providing a complex time-domain delayed digital

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

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:



a) providing a first sampling channel for enabling sampling of a substantially non-delayed signal; and
b) providing one or more additional sampling channels, each sampling channel providing a predefined
delay r to said signal, giving rise to a delayed 15 signal, and then enabling sampling of said delayed
signal, whereiW8aitl pré®8fined delay r is calculated by using the relationsRipri8aid&a28id delay r and
the phase difference AO of said delayed signal. ~ According to another embodiment of the present
invention, the method further comprises 20 defining the relationship between the time delay r and the
phase difference AO by means of at least one of the following a) 2. rc f, r =-k 2N ; and
h)+Af)T=A02+2.2r:(N+M), wherein AO, is a phase_qi ference of a first delayed signal having a first
predefined 25 frequency 0, A02 is a phase difference of a second delayed signal having a second
predefined frequency 0, Al is a difference between said second and first predefined frequencies,
thereby f2 = f, + Af and NI ahd Ngkey predefilvedsigteddrs .a -prefefingi=raNf, -gieg oreling to still another
embodiment of the present invengign, dae.methad further comprises determining the approximation of
the integer M by considering that 50 < AO, < 2z- and 0 < AQ, < According to stjll another embodiment

of the present invention, the hiethdt it S5y Ll fHing the APPERIRRHGH S he integer M
by considering that Al' is predefingditAsamrding to a further embodiment of the present invention, the

method fugther comprises mggswgggj{ﬁqgg%@éﬂ%grggﬁgﬁ g?gﬂra?‘%’ f\ghggﬁ\p{)egp ﬁlg@lgﬁgg predefined

frequency fj, the second predefined frequency f2 and athird predefined frequency fi, giving rise to
frequency differences Af" = " - f, 7eER delpyed disspele FAMBPRSYRI a further embodiment of the present
invention, the method furtheb ¢opnprise sreale wakin gottie timergel ayf iy dxdmatigredensing the one or

more of the following: Ack, -AO I\ébmain delayed discrete component; and

b.5. multiply said one or more corresponding coefficients with said each
10 corresponding frequency-domain delayed discrete component,
giving rise to the multiplied {requency-domain delayed discrete

components; and
c) combining said multiplied frequency-domain delayed discrete components
with the corresponding frequency-domain substantially non-delayed
15 discrete components, giving rise (o 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

c) combining the delayed discrete components with the corresponding

substantially non-delayed discrete components, for generating an output

frequency-domain complex signal.



"-and 2z Af,"Af12 b)a933 - AO: M2 2z Af"Af,, wherein AQO, is a phase difference o_f a third_delayed ‘
signal having a third predefined frequency f, , and Mj and M2 are integers. According to s'qll a further
embodiment of the present invention, the method further comprises using the calculated time Qelay 2-
approximation Y&? el8fé##ing a value of the integer M. - 5 - Accordina to stﬁtra_ﬂwilweszembodl_ment of
the present invention, the method further comprises determining a value of the integer N b_y using the
determined value of the integer M. 5According to still a further embodiment of the present invention,
the method further comprises calculating the time delay r by using both determineql valugs of the
integers M and N. Brief Description of the Drawings, ,10In order to understanq the invention and to see
how it may be carried out in practice, various embodiments will now be des_crlbe_d, by way of
non-limiting examples only, with reference to the accompanying drawings, in which: - Fig. 1A _
schematically iflGetrdiesta g8hvenboratintérpolativhesystem iof setond oxdesdl&samplifige according to

the prior art; F@ﬂ&ﬁ@a@mﬁg@Lysiuﬁgt@t@ﬁr@gmyﬁgug)@1?4@99%194%ﬁ%@&%@&ﬁ&%ﬂiga which an
input signal is §g{p£led !{1 two sampﬁng channels, while 'shifting the phase by ninety degfées,

according to tha BHbE &It S0HERIS is a schematic illustration of complex sampling in a frequency

domain by performing secamdvotider sammpbitigy abeomeling:tocanyembodiment of t!slgd@geﬁerat invention;
25Fig. 3 issa schematic illustaliop:f & HADRIGX SRR DY F IR M REHOr TN, S3mpling
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
sampling channel configured to:
10 b.l. 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) generaling a lime-domain substantially non-delayed digital si gnal;

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



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. - 16 - It will be appreciated that for simplicity and
clarity of illust¥fidi1€le¥pnts shown in the figures have not necessarily b6/ HrwrPidsscale. For
example, the dimensions of some of the elements may be exaggerated relative to other elements for
clarity. Further, where considered appropriate, reference numerals may he repeated among the figures
to indicate 5corresponding or analogous elements. Detailed Description of the Embodiments Unless
specifically stated otherwise, as apparent from the fgllowing teachings, it is noted 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 databiepresented as:physitatiegmsichtascelenroniclayeddities. The term

“computer” should be expapsiyelyigonstiuadh{oi6oMer amskingiof glectianicidgics with.data
processing capabilities, comprising, by the way of non-limiting examples, personal computers, servers,

computing systems/units, SOhaRcktiarr GBbiReS 4B Sihrs 18 P Higtiat YRgnar 5! prfcessors
(DSPs), microcontrollers, fielghpragracimainecgatéearsgysl( FRGAS), rapplicationhspe cifiiategrated
circuits (ASICs), etc.), and apy, QIRELAIRGAIrORIC COMPULng devices- AleRidt shayigbe nated that

operations in accordance with the teachings‘ﬁereln may be performed by a computer that is specially
constructed for the desired BRAIESEREH By L GitforapistiBosd WormHstarhaisiekygrahily configured for

the desired purpose by 20means of a computer program stored in a computer readable storage

medium. Fig. 2 i3 agehematic llustration 200 of com %eén?%ﬂ?l%”r@%i”@é%ec%%i‘a%ggrﬂéﬂé‘ by
performing second-order sam?lmg, according foan embodiment o t(ﬁe present invention. According to
this embodiméEEimstitask ivar X sefiraniltegedmnah dan sioipsrceSInns 25 Brerd tetbofove the

undesireghfrequaperirange (in a time domain). Then, the filtered signal V1) is sampled by means of two

sampling channels (sy terrrg)%/ig%g(gglgs t2‘05' ?ng (,3‘5"&2,Oyiglgd&iggeglgiﬂgg ti[rgeS dxeng&ig ﬁ)etween them,
and then is converted to correspon frngb |gﬁa{f’§i§nas ylmeans of conventional converters 105'

and 105", giving rise to Xiqd-relageX 2igatigrdls respectively. After that, digital signals X1(1) and X2(1)
30are processed and gpnyeried Q.2 FeasansysdRmain.Ry means Ridhe & fast mawier

providing a predefined delay r 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.m-f-t=A¢ +2-7-N;and
by 2.7m-(f+Af)-1=Ad,+2-7-(N+M),
wherein Ag¢, is a phase difference of a first delayed signal having a first predefined
25  frequency fi, 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:



"'~ 17 - Transform), which is a conventional technique for performing a discrete Fourier transform. As a
result, discrete signals X1(Ic) and X121(k) are obtained wherein k is an index. It should be noted that
the frequency band of input analog signal X(t) is known (the frequency bandwidth is equal to the
sampling frequ&PEY 388 d therefore the phase 5 difference of each freqB€mdBWONNIETIENt Of the
delayed signal X2I(k), which is provided via delayed sampling channel 205", can be calculated.
According to an embodiment of the present invention, the frequency spectrum of delayed signal )c1(k)
is multiplied by a corresponding set of predefined phase and gain coefficients Q(k) 250, each having a
gain and phase (e.g., Q(k) =g, exp(i A49"), whergjin k is an index). Then, the spectrum of 10delayed
signal XY(k) is summed (combined) with the spectrum of signal Xii(k), giving rise to (generating) signal
Y (k) that has a spectrum being equivalent to the spectrum of a complex sig.nal, which can be also
obtained by means of conventional complex sampling#Aceatding to an embodiment of the present
invention, the desired time delay r may be 15 different fazdifferent frequency bands. Further, the time
delay r may be obtained either by providing time delay component/unit 103 (in which the time delay v
can be predefined) or by performing a phase difference (e.g., a phase shift) of a sampling frequency,
leading to a de¥ireindodeibly Broigrhofiassund B nueserthiay srer hsoreciadsBishrd gain
coefficients Q(onRbReareitiseaioig(ate appliedHa)each freguenae2dcanpeseniahsigpal X21(1c).
These phase anpd gain coefficients Q(k), provided within the corresponding coefficients data unit 250,
can be prgtsjef?%né(f? qgf (%([a%lglgfei biﬁé{’i’“y by substantially accurate measuring of the above time
delay r. It should be noted that even in a case when time delay r is a frequency-dependent component,
the conrespondigg,glias, ansh dangR<liFienia( Gan be.sll! calculated and predefined thereof
According to an embodiment of the present invention, the phase and gain coefticients are
pre-calculated°BURTY tHE Eambrago D rpREsd e isps inthp 0oteapid then evesistening thithiAltile memory
means (not showR}inahile there is a need for a coefficient for each frequency component of signal
X2I(k), aftSr applying the PFT transform. Further, for calculating the 30corresponding phase difference
Acu(k) , there is a need to provide a signal of a predefined frequency, and then calculate the
corresponding/pbasegifferenteticalk)odiwernothehe bBescdelayediand ieferencel sigaads X;(k) and
Vac), respecti ddition. it should he noted that,the power ratio between two channels (the
non-delayed C}E]ga%%ﬁlgfgo%mg%él E’ré%%“ C adﬁn%ﬁeﬁﬁeg")ﬁézca%gu ated an %\oﬁéree%;“ﬁéﬁ}éﬁn%%%%n coefficients
gk (k is an indéxywre déteriminedangretoiec Withjire tiogmonydneans (retahamdariaterusage. This 5
can be achieved. ral ways, according ta various embodiments of the present invention.
According to g%%%rﬁ%%%i?ﬁe t o?yt%g%%nsfg‘nth?ﬁ%n%o_n f?s% dg aﬁ%ﬁtﬁ/%\f{l frequencies that correspond to
the FPI fiéquency component to be calculated are provided, and then a phase difference for each
such component.is calc L for mple, that the. frequency.range is (F,, 2F,) and
the FYI Iengthg%rcﬁ,itﬁﬁéerl#]l %?ﬁeasﬁ&ggié%%ggr%?sp f iﬁ% feé%?tr]el%%% nt’oqﬁ?eﬁgﬁggﬁheeécy
components afEPPRgS=Ecultng {de kimepdelay) ©1 approxfrartioadty sb e tbeve M fretuehnidies, the phase
difference Ac.tbgdwrgn the sampling 15channels 205" and 205" is calculated. According to another
embodiment of the present inventionAg Qgrgbeliv?f frequencies are

2 1 1 .

a) 7= ; and
)T, Tarn,

A¢3 - A¢1 Mz

27-Af,  Af,

2

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

predefined frequency f,, 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 ¢ approximation for determining a value of the

integer M.



provided in intervals that are greater than the EFT bin (bin is defined as FIN, wherein N represents a
number of FUT frequency components), and then the phase difference for 20 each provided frequency
is calculated by performing interpolation for each PHI frequency component. Thus, for example, if the
frequency ran§®ig01428%% ) and N/16 frequencies are provided, then the Bet/88ipeHti@pties that
correspond to the EFT frequency components arc: f (m) =Fs+16m Fs, for rn 0,....N /16-1(2) According
to this embodiment., for each of the above N/16 frequencies, the phase difference Av between the
sampling channels 205" and 205" is calculated. After that, the phase differences for each frequency
component is calculated by performing interpolation. - 19 - of the corresponding phase difference Act
for each FPI frequency component of signal 601(;16m k < lom =15) = A O(m) + k - 6m, O(m+ 1) -
Acb(m))(3) 16 5 According to a further embodiment of the present invention, a relatively small number
of frequenciesfaxeigipyitiedih Adhbaiforrhoteememdythstercs, mventiven tvepribee Biffedences A(m)
between these fregiiencias angisleterminest dfterthat, thetime delayiscalaudaierdyrusing the

above-determineg pllﬂ\ise differences 4,(m) by means of a 10 novel method for calculating time delays
between samﬁﬁtﬁ “Channels (such as channels 205" and 205), according to an embodiment of the
present invention. The phase differences ci(m) for each FFT frequency component can be calculated

by using the follQwing equatian: inmdrediRaion (4) Wherela f isAHEAUSRC Y @Rk MRG0y, IS a

"modulo” mathematical operator. In general, when a real signal (having frequency O is received, and
the FM" (haviritf 26 &Gt ) 0rs e Engrida'y EAlCbRE Aoth RS g Sigral Wit EpYear at the
frequency speaitif 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):

Brief Description of the Drawings

10 In order to understand the invention and to see how it may be carried out in practice,
various embodiments 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=Fs (n-k)(5) wherein f is a signal frequency; Fs is a sampling frequency; N is the FFT length; n is an
25 integer; and k is a FYI bin number. Also, an additional (for example undesired) frequency
component appears in the PET bin (N-k), due to the symmetry of the conventional FFT. It should be
noted that the P8 ditfisfénce of the above - 20 - undesired frequency cA¥pOREN#AE1AN opposite
sign compared to the phase difference .4.)" of the desired frequency component that appears in the
FIT I bin k. According to an embodiment of the present invention, in order to cancel the above
undesired frequency component appearing in the FPI bin (N-k), the frequency components can be
summed (combined) by using the following equati_o% Y(K) = (k) expO(k)(6) 10wherein 492" is a
predefined phase difference of the frequency component that contributes to bin N-1(4 tIV-1<is a gain
coefficient calculated for that frequency component; X;(10 and x; (k) are corresponding frequency
components of AL Heripediang el dgeesiividisare sheictivé Niuamdivydlemenesemefiadgiency
components atihg-0utpuhef 8¥stem280.Ag Aot ath e frequapey mpestunAt traputpet signal Y(K)
is 15equiva|enthto e frequen%y sgectrumgf tEe, conventional complex sampling, It should be noted
that according 1 &1 Bbodith SRt of Re BresE i EhtERT WRERTS 8fnc|5‘rilé’>t<ys5ﬁﬂ§?ﬁg“f§ef§quired ina
time domain, thersideridversefiagueivoydomaierdramsforarapionsdsuehnashthBanverseoarier transform
(IFFT), can be&ggggm&géqg 1ha 2PiredesRey 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, BetadedBeseriptioncelddiofmhi ), as 25 described below in detail. According to this
embodiment, the eQresAROAnAImE felay.] SaRe SRIRHIRIRE BY HERORSRIOWIRG SRigtionship
between the time delay r and phase difference AO:

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, e.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), microcontroliers, 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 Xj(1) and Xp(1) signals respectively. After that, digital signals X;(1) and X,(1)

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



2'9'f, 'rT=A0, + 2. 7-1 N(7) 30 - 21- + Af) z-=+2 rt. EN + M)(8) wherein AO, is a phase difference of
a signal having frequency I::: AO2 is a phase 5difference of a signal having frequency 2, while f, =1, +
Af ; and M and N are integers. It should be noted that the above two equations have three variables:
time delay z, imegeriNe3ssd integer N.  For the bound range of values of B dBRIEN0F23He bound for
integer M can be determined 10by using the following equation, which is a result of subtracting
equation (8) from equation (7): N4 =T Af-- "'2.7r. ZIO(9) 15In such a way, the first approximation of
integer M can be determined, considering that 0< A < 2n- and 0 < AO, < 22:r, and considering that Af
is known. Further, by measuring frequency differenges Af12 and Af" between three predefined
frequencies f1, f2 and 3, such that Af" -= f, - fl and Af" = f - f,, the corresponding 20time delay T can be
calculated by dividing the above equation (9) by said frequency differences Af", and Afi, , respectively:
T A02 +M. 222 raB ¢\ MIBACRO)s a conventional technique for performing a discrete Fourier

transform. As a result, discrete signals X;'(k) and X,'(k) are obtained, wherein k is an
index. It should be noted that the frequency band of input analog signal X(t) is known (the
frequency bandwidth is equal to the sampling frequency Fs), and therefore the phase

5  difference of each frequency component of the delayed signal X,'(k), which is provided
via delayed sampling channel 205", can be calculated. According to an embodiment of

the present invention, the frequency spectrum of delayed signal X,'(k) is multiplied by a
corresponding set of predefined phase and gain coefficients Q(k) 250, each having a gain

and phase (e.g., Q(k) = g, -exp(i-Ag,), wherein k is an index). Then, the spectrum of

10 delayed signal X5'(k) is summed (combined) 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 7 may be

15  different for different frequency bands. Further, the time delay r may be obtained either
by providing time delay component/unit 103 (in which the time delay 7 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 z. 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 X5'(k), after applying the FFT transform. Further, for calculating the

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

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



“'25and wherein M1 and M2 are bounded integers. Then, as a result, the olio ng equation is obtained: 5
AO02 -Al M1 A03+ M, ' - 2)r AT,4222r Af,Af"3 (12) Thus, considering that Nit and M2 are bounded
integers, and also phase differences AO" 40" and frequency differences Al", Aft, are all known, then
the first approRithatiddSftime delay T can be determined. This time delaygpF3H A" can be 10
inserted in equation (9) for obtaining a value of M in a relatively 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 T is calcjdated in a relatively accurate manner by using the
same equations (7) and (8). 15 It should he noted that according to an embodiment of the present
invention, the range of time delays r can be selected in the foIIowingltlv}avﬁa(g/Ci It is supposed, for example,

that the frequéRes R tkTAngrestaile B st FdtartssBst] Vebh HipByaiit 18N dtbfting
frequency, andoBW is:a thandwidt by tiwhilewsBiWo Eadsnal sampling-feguengyhnEhe@aimdn dB

(Decibels) forthe desired feguiency coneeRent (e} the FET) can be pigsenied by he fallowing
equation: A(Pr+:471s-I (
index) are determined and stored within memory means (not shown) for later usage. This

5 can be achieved in several ways, according to various embodiments of the present
invention. 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 examplie, 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)=F5+—§.FS, for k=0,...N~1 (1)

For each of the above N frequencies, the phase difference Ag 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)st+—-—1;;—-Fs, for m=40,...N/16~1 (2)

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

difference Ag between the sampling channels 205" and 205" is calculated. After that, the

phase differences for each frequency component is calculated by performing interpolation



25wherein An is the phase difference of the frequency component that appears in the FF11 (k bin k,
when the frequency is frir n + - F,; and LN is the phase difference of the N frequency component that
appears in the FFT bin N-k, when the frequency is _ N - k f= n+ vN presented by: Fs . If nP,> (n -1) 1"
then the phas®QiffieRE8AR, is (Pk =2r n(14) wherein n is an integer, anBGiidB3%HEdElay, which
can he, for example, in the range determined by the following equation: 5 > 6 (2n H-1)S6 .(2n -1) (15)

-19-

of the corresponding phase difference Ag for each FFT frequency component of signal

X' (o

k—16m

T (Ag(m+1) — Ag(m)) 3)

Ap(k;16m <k < 16m+15) = Ag(m) +

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 7
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 Ag(m) for each FFT frequency component can be calculated by using the

following equation:
15 Ap=mod(2z - f-7),, 4)
wherein f'is 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
( N) )

wherein f 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 Ag,_,of the above



"It should be noted that selecting the delay r within the above range ensures that in addition to
removing the undesired frequency component (Fr bin (N-10) of the frequency spectrum, the power of
the desired frequency component (ITT bin k) will not be decreased more than 3dB (Decibels), as
shown in the &fR&0AE6wW: wherein AR and ARTA, are phase differente¥#2HHSRSAAd (N-K),
respectively. In addition, it should be noted that any other constraints can be considered, such as
ensuring that the power of the desired frequency component will not he decreased, for example, more
than 2dB (instead of 3dB), and the like. 3 is a schematic illustration of a complex sampling system
300, performing sampling in a time domain, accordjpg to another embodiment of the present invention.
According to this embodiment of the present invention, signal X2(1) passes through a digital FIR
(Finite Impulse Response) filter unit 310. This filter is a complex filter and at its output, - 74 - complex
signal sample¥r4relisBtaRIEENCT HO TP Fari ST tHePBRINAT S pREYPATEErE (RYiRBISS L i¥dtied to signal

Xf(1) that is oUAWt@@dﬁg&ﬁ@dlﬂ&@@ﬂ@y@n%eﬂimagawB@é\fﬁsir}bﬁggaI, 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 5the signal samples, after passing via the FIR filter 310, is the imaginary
part (Imnl(s))) Afdheisignabntemiuehintie complexesamplirgtisrapplieder tAcaacdingetamrembodiment

of the present invention, the FIR filter coefficients h(p).ca be&?% ined by applying an inverse Fast
Fourier tr§nsf(l)lpr(r}1/eﬂ£ﬁ TgegﬁeBWasceogﬁanégtmiB%% (I:ilennt(s}lﬁ(:) .%?F%Q:Xﬁ): %é/h?%)ql-lanhyAcei;) exP(2n
.k p) N (17) whepeisricanbeAprae cqamnsdiynuie dif&rbacaresisgetively, of the corresponding

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

10 wherein Ag@y_ is a predefined phase difference of the frequency component that
contributes to bin N-ki 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

15 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

20 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
25  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-ft=Ad+2-7-N 7
30

and



15signal passing via delayed sampling channel 305"; k and p are indices; i is ,F-J ; 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 iSco, ), which is indicated within the above expression of h( p). 20Fig. 4 is a schematic
illustration of dV&XEH28%0 for complex sampling by performing sampling BE ISP 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 1-,,T 2, between them, then operating with signal bandwidth BW =M Fs
75becomes 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 Fs. ri 5 Itis
supposed, for example, that sampling channels 205', 205", etc. are represented by index n, while n e
[1, 2M] . The output frequency bands (Band 1, Band 2, etc.) are represented by index m, while m [l,

MI. In addition, each PET bin is aumpetegrby: index ks TheNThof a signal is calculated in each
sampling channel and is represented as 5X" (k) , the output frequency spectrum is represented as(k),

and phase and gain coefficients 250" are shown as Q" (k) . Thus, according to an embodiment of the

present inventigrsdine apitputafragdensisigoalor a(kganiheisaleulaied by using the fellawing equation,
in which each at least one phase and gain coefficient Qélé)l IS mulgﬂied with its corresponding signal Xi,
S 3

(k) : 10 2 k) =EIEPK "R 1B ICAAVES RSP SUpbostl Fofexdnipfe, t1Haf ifpibf &y iéhcy F belongs
to Band h4 if integers. It should be noted that the above two equations have three variables: time delay

7, integer M and integer N.

For the bound range of values of time delay z, 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);

M:T.Af,%;éﬁ (9
27

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

0<A¢g <2r and 0 < Ag, <27, 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, - 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¢Z _A¢1 + Ml (10)
27 A, | Af,
25 and
T:A¢3~A¢l + M2 (11)

2m-Af, AL



"'F E [Fsta" (m- 1)E" Pstart ni Fs |, wherein F"ar, is a starting frequency that is defined Icmanually or
automatically according to the need of a user of system 400; and F, is a sampling frequency, while m
[1, M]. Also, the fre uency appears in the FFT bin, if one of the following two equations takes place: N
round mod(F --% ’ﬁor round mod(F, F,) -IN\F, = (N -Kk)(19) 20 Wﬁgféﬁoi&@ﬁ%ﬂﬁ -k) are
corresponding FE 11 bins N is the EFT length; and mod() is a "'modulo” mathematical operator. The
phase difference Acorm(k) of each corresponding frequency component depends on 25frequency F(k)
(of FFT bin kin Band m (m [1,1\41)) and on the sampling channel delay 77,rn , as shown in the
following equation: WO 2011/128881PCT/1132011/Q52517 - 26 - 2,7 F m(k)(20)

wherein M; and M, are bounded integers. Then, as a result, the following equation is

obtained:

5 A¢2MA¢1 + Ml — A¢3 ~A¢l + M’.Z (12)
2m-AL, | AL,  27z-Af, Al

Thus, considering that My and M, are bounded integers, and also phase differences Ag,,
Ag,, A¢, and frequency differences Af,,, Af., are all known, then the first
approximation of time delay 7 can be determined. This time delay approximation can be
10 inserted in equation (9) for obtaining a value of M in a relatively 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 7
is calculated in a relatively accurate manner by using the same equations (7) and (8).
15
1t 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 [Fyar, FsurtBW], wherein Fy, is a starling
- 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

} (13)

25  wherein Ag, is the phase difference of the frequency component that appears in the FFT

presented by the following equation:

101ogw[2sm{éﬂ%¢i&ij

bin k, when the frequency is f = (n 7-—11—;-} F,; and A@,_, is the phase difference of the

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



It should be noted that the frequency spectrum of a signal X(k) passing via each 5corresponding
sampling channel (such as sampling channels 205, 20511, 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 theéVébibeBpasding bin k of the EFT, as presented in the followiRGEBEatdI251As a result,
the corresponding matrices of signals X" (k) can be presented as follows: X, (k) X2(k) A9looe(N--k
ei.A,M C41 N-k)X(111(k)) X1(:111(N-k))

>(n-1)-F,, then the phase difference Ag, is

start

fw{ﬁ+N—k)ﬁ.H nF, > F
N

presented by:
k .
Ap, =2x n+—§ Foor (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
— > F >
10
It should be noted that selecting the delay 7 within the above range ensures that in
addition (o 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[Ang APy ]
2

10bgm(2

}>—3d}3 (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(1) passes through a digital FIR

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



“'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: - 27 - then, by further considering that the desired
frequency spectrum at the output is (k) = X(pm(Kk)))= Q(Kk) - X" (k) (i.e., the output signal is adapted to
a specific freqERY A’ pectrum), the corresponding phase and gain cBeHiEaHKIFSIK) can be
calculated by inverting the matrix P(k) and obtaining: (10 0 ti' P'(k)(24) \,00 10) Thus, for xample, if
M=2, the phase and gain coefficients Qc,(k) are equal to: Q(k) =1 00 0'i 11-1(k)(25) For another
example, if M=3, then the phase and gain coefficients Q:,(k) are equal to: 110000 0' QZ(k)-="0010
U 0 P-(k)(26) 0 0 0 0 1 0 15According to an embodjment 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 AeBTREUPStahtramplsqEaPhitaedeldyrs et drEeAMpIE R DWRRS sttt dfBbtiments of the
invention have iieen.describedby way ofillustiabiomedt with beapparentthasthe mgentior can be put

into practice 'tr]t -madifications, variations.and adaptations, and with the use of numerous
equivalents ovﬁﬁ Se’c&ggt%/] n%blﬁ%%%slstr%afeglré) %rvtltﬁllcntg e81§8§pet00¥9§ec§6%scgﬁfﬁge i%awgné‘?t,lswithout

departing fromerhkedpiit Bfthddnbantion be dxbeedingiiescopachftiie Egirmgginary part of
5  the signal samples, after passing via the FIR filter 310, is the imaginary part (Im{¥(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):

N-1

1 . k-
h(p):&—ng~e)q3(1~Agak)-e7q3(27z-1—N—p) a7

k=0

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  Pig. 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

7,75, ...,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 1is less or equal to the sampling
frequency: BW < F_.



MCSLIP PCT/D12011/052517 20V565-8 Claims 1. A system configured to perform a complex
sampling of a signal transformed to a frequency-domain by means of a 2M-order sampling, wherein
the signal bandwidth is included into [Fsgan, M being an integer, being a starting frequency defined
‘manually or a¥¥émagtice§sand Fs being a sampling frequency of the samphéd/Eaid €88 comprising:
a) a sampling channel comprising: . at least one analog-to-digital converter configured to convert
an 10analog signal to a corresponding substantially non-delayed digital 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 ,plflayed discrete components; 15b) 2M-1 additional
sampling channels enabling to perform the 2M-ordér sampling, each additional sampling channel
comprising: b.l. at least one delay unit configured to delay an analog signal by a predefined value,
giving rise to ddelayrsdaloy signple. b1t atteristeoramell dgto WiFitalconverrerseonfigured to

convert said 2Qgdelayed,analqg signah IOI%&QM%%PQMMQGMQQ digifalisignak 6.3..af Igast one
frequency-domain discrete transformation unit for transforming said delayed dlgltal signal to a plurality

of frequency- dANTaTHI e Y dfelistretdidoripotetts; In addition, cgsly FE | disiomendatedumit configured
to provide one;qrmerer236araspanding caefiisients feneash fraquenry-damain delayad discrete

component and for each output frequency band defined by
5 X,(k), the output frequency spectrum is 1epresented as Y, (k), and phase and gain

coefficients 250" are shown as Q] (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 Qg (k) is multiplied with
its corresponding signal X, (k) :

10

2M
Y, (k)= > Qh(k) X, (k) (18)

n=l

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

F e[F,,, +(m-DF,, F ., +m-F ], wherein F_, is a starting frequency that is defined
15 manually or automatically according to the need of a user of system 400; and F_ is a
sampling frequency, while me[1,M]. Also, the frequency appears in the FF'T bin, if one

of the following two equations takes place:

round[mod(F,FS )—gij =k or round(mod(F, E) g—] =(N-k) (19)

8 8

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 Ag. (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:

n



“[Fstnt -1-(m-1)F" Fmrt+mFs], m E [I, M]; and b.5. at least one multiplication unit configured to multiply
said one or more con-esponding coefficients with said each corresponding 30frequency-domain
delayed discrete component, giving rise to the multiplied frequency-domain delayed discrete
components; wckoMMGEBRSPCT/11120 11/052517 209505-6 - 29 - ) at leastTRREMMTATION unit for
summing said multiplied frequency-domain delayed discrete components with the corresponding
frequency-domain substantially non-delayed discrete components, giving rise to an output
frequency-domain complex signal; 5wherein: the output frequency-domain signal Yin is defined for a
corresponding output frequency band m, by Y" (k) 2i' Q(k) X "(k), 'ta o X(Ic) corresponding to the
frequency-domain discrete components from the A npling channels; 100 Q"(k) = [11-1(k-)f2,-".1 being
the coefficients for each frequency-domain delayed discrete component and for each output frequency
band; 1500

Aplky=2n-F"(k) 1, 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) = Z[X(Fm(k)) et L X (RN — k) e AN (21)

m=1

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

X, | [ e g emedeon) (O X(E ()

X, (k) A ) s : X' (F{(N-K))
N A 2 : (22)
| X (R) || oo 5 : L OX(PM (k)
L Xons x) ei-A;oéw () e—m(p;M (N-K) e-m@g‘M (N-k) kX* (F M (N —k))

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:

emq»,‘ (k) e-i-A;nf N-ky e—m@M (N-k)
ei'A"’é o : . :
P(k) = : E K 5 (23)
40 (1) : : :
el K e (k) e iAok (N-K)

20



0 0 P(K).- A(k) number Fm(k) relation number F" (N - ei,Aq (1)e-i 44(N-4)c-baer (,v-k) e (.6elm (k) -
(N(11-k) is the phase difference between the signal n and the non-delayed channel for incoming being
a frequency that belongs to band number IV mod(I'm (k).F.,) - =lc, N being an integer of bins of the
frequency doreirediseressttransformation; k) being a frequency that belonpstasenchinstiiie delayed
channel frequency Ern (k); in and satisfies the corresponding to a and number in and satisfies

-7 -

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

2M
'ﬁn(k):X(Fm(k))):ZQ;(k)-Xn(k) (i.e., the output signal Y (k) is adapted to a

o=l
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 OW :
Qiky=| i . . . 1 LPTHK) 24)
o0 - 1 0
Thus, for example, if M=2, the phase and gain coefficients Q] (k) are equal to:
1 000
10 (k)= Pk 25
Q. (k) (O 0 1 O} (k) (25)

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

(1 0000 OW
Qik)=0 0 1 0 0 0Pk (26)
Lo 0001 0

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 t, 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



the relation mod(Fm(N-k), Ic) - F, '70 2. The system according to claim 1, wherein the
frequency-domain transformation is a Fourier transform. 253. The system according to clainy2stp
wherein the Fourier transform is the FFT (Fast Fourier Transform). MC S 1. L P PCT/1132011/052617-

. 30 - 21195G 5-6 4. 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. 5 5. The system According to claim 4, wherein the inverse

+ frequency-domain transformation is the 1FFT (Inverse Fr 1). 106. The system according to claim 1,
wherein the %‘éﬁ@?@(fﬁ@h&y-domain complex signat®as a predefined frequency spectrum that
comprises one or more predefined frequencies, which are whole multiples andior half-multiples of a
sampling freq&?ﬁnc % according to which the analog signal is sampled. 157, The system according to
claim 1, wherern%%s equal to 1 and the output frequency-domain signal is a complex signal. 8. A

system configured to RELREM, - ARRIPYSARING, Al AN iHES AN RGNS o 2
second-order sampling, said system comprising: a} a sampling thafinel comprising:
frequency-domain by means of z 2M-order sampling, wherein the signal
5 bandwidth is included into [Fyar, FuartMF,], M being an integer, Fyu: being a
starting frequency defined manually or automatically and F, being a sampling
frequency of the sampling, said system comprising:
a) a sampling chanpel comprising:
a.l. at least one analog-to-digital converter configured to convert an
10 analog signal to a corresponding suﬁstantially non-delayed digital
signal; and
a.2. at least one frequency~domaih discrete transformation unit for
transforming said digita] signal to a plurality of corresponding
frequency-domain substantially non-delayed discrete components;
15 by 2M-1 additional saﬁxpiing channels enabling to perform the 2M-order
sampling, each additional 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
20 delayed analog signal to a corresponding delayed digital signal;
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 confipured to provide one or more
25 corresponding coefficients for each frequency-domain delayed
‘ discrete component and for each output frequency band defined by
Fart +(m-1)F, FaetmFsl, m e [1, M]; and
b.5. at least one muitiplication onit configured to multiply said one or
more cormresponding coefficients with said each .corresponding
30 frequency-domain delayed discrete component, giving rise to the

multiplied frequency-domain delayed discrete components; and



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; 6) one additional sampling ch

enabling to perform a second-order 25sampling, ;the additional sampling channel comprising: b.[; aI
“*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; 30and MCSLLP
PCllll120111,(3%3;[71;09156543 31 - 6.3. at least one complex digital filter to he applied to said
delayed digital :&gﬂaEfor g"e"'neratlng complex sample’8f said delayed digital signal, giving rise to a
complex time-domain delayed digital signal; and 5c) at least one summation unit for comblnlng the real

portion of said complex Ué‘jlea@%h@tndi%'aé(ﬁ&ﬁﬂgrﬁ|E%§?%§'%?A,ﬁ§gga AAH'[ %Wll omain
nal, an

substantially non-delayed dlaltéﬂ slgnal glvmg rise to a combined hli%lta sig t e?e%y ﬁlvmg a
rise to an output time-domaif CHHIb X BTGh SIS tHEer SUPBBREBIS Srithnian sersespradingifiedugitizal signal

and the imaginary 10port|on@ﬁmﬁnckui&ﬂa&wﬂmgwyi@%ﬂlqmgﬁﬁa&ﬁgmglgg inadomain delayed
digital signal; wherein the cogy [)QA f|It risaFIR f lter anq the FIR filter coefficients h(p) are

given by: h<P)=gk exp(i Ack) xp Omam the %IP ?’6& gain and phase difference respectively
of the corréspo‘ﬁ Bal passing via the delayed sampllng channel. 9. A method of performing

complex Sampling.of &siangh RSIAUMSOIR AT AN, IR MRHLEY FFA"S,9L8,2Nkgrder sampling.

wherein the signal
frequency band m, by ¥, (k) = zg;; k)- X, 5,

nt

o Xa(k) comresponding to the frequency-domain discrete components from
the sampling channels;

10 o Q”;,?(k) = [P (k)'2m1 being the coefficients for each frequency-domain
delayed discrete component and for each output frequency band;
[ grovltsy e o OR )
RO
o Py=| ;
et-zm&,.,..(k) : ‘ :
L ebwiu(k) e~f-a¢;,,(w~m-) . e~y-w§§, (N-k) )

o) A(omn(k) is the phase difference between the signal in the delayed channel
number n and the non-delayed channel for incoming frequency F™(k);

15 o F"(k) being a frequency that belongs 1o band number m and satisfies the

H AL N . .
relation mod(F" (k),F, ) = f, N being an integer corresponding to a

&
number of bins of the frequency domain discrete transformation; and

o F7(N-~k) being a frequency that belongs to band number m and satisfies

the relation mod(F" (N ~k),F.) }é{ ={N-k).

&

20
2. The system according to claim |, wherein the frequency-domain transformation is
a Fourier transform.
25 3. The system according to claim 2, wherein the Fourier transform is the FFT (Fast

Fourier Transform),



20 bandwidth belongs to [Fp" F5rt-44181, M being an integer, Fast, being a starting frequd?@gh%%ﬁned
manually or automatically and F, being a sampling frequency of the sampling, said metho Ising:
a) providing a sampling channel configured to: - al. convert an analog signal to a
corresponding substantially non-25delayed digital signal; and a'. transform said digital signal to a
plurality of corresponding frequency-domain substantially non-delayed discrete components; b)
providing 2M-1 additional sampling channels enabling to perform a 2M-order sampling, each additional
sampling Cha%@i&&@%ﬂﬂﬁd to: MCSI-LP PCT/13320111062617 209565-8 - 32 - b.1, delay an
analog signal sysespredefined value, giving rise to a agl“ayed analog signal; b.2. convert said delayed
analog signal to n corresponding delayed digiml signal; 5hi. transform said delayed digital signal to a
plurality of frequency- domain delayed discrete components; b.4. provide one or more corresponding
coefficients for egch.frequency-domain. delayed discrete component and for each output frequency
band defined by ?ﬁis.+ r%ﬁEq’“ st%cf?ﬁl:?r#g,\]%n IE_‘}TmV?]’, a %Er%?b%]. s &%K‘S’ﬁ giomaie
corresponding coeffigiesterwitiosaidl epehedomredpondimytiréquency-domaim detpjed digubter

component, giving rigg: e ieamulipliedfeausnay Aameinsalayed discrete components; and
c) combining said multiplied frequency-domain delayed discrete components 15vvith the

correspornding frequency-domain substantially non-delayed discrete components, giving rise to an
output frequencysdotainsgsmpleaccording to claim 4, wherein the inverse frequency-domain

transformation is the IFFT (inverse FFT).

10 6. 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 o sampling

frequency, according to which the analog signal is sampled.

15 7. The system according to claim 1, wherein M is equal to 1 and the output

frequency-domain signal is a complex signal.

8. A system configured to perform a complex sampling of a signal in a time-domain
by means of a second-order sampling, said system comprising:
20 ' a) asampling channel comprising:
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 additional sampling channel enabling to perform 2 second-order
25 sampling, , the additional sampling channel comprising;
b.l. at least one delay unit configured to delay an analog signal by a
predefined value, giving rise to a delayed analog signai;
b.2. at least one analog-to-digital converter configured to convert said
delayed analog signal to a corresponding delaycd digital signal;
30 and '



70frequency bands by Yff,(k).0;(k) X "(k), X(k) corresponding to the frequency-domain discrét6SLLP
components from the sampling channels; Qn(k) = [fri(k)in2.4 being the coefficients for each

' frequency-domain delayed discrete component mid for each output frequency band;
PCT/1B20111032517 209565-8 - 33 - 5 A9rn"(k) is the phase difference between the signal in the

. delayed channel number n and the non-delayed channel for incoming frequency Fr' (k). (k) being a
frequency that belongs to band number m and satisfigs the relation mod(r (k),Fs)-- = k, N being an
integer corresﬁ%ﬁég’fgﬁ%{’ﬁ, number of bins of the fédquency domain discrete transformation; and (N
- k) being a frequency that belongs to band number m and satisfies

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

5 c) at least one suramation unit for combining the real portion of said compiex -
time-domain delayed and filtered 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

10 portion of which is the imaginary portion of said complex time-domain
delayed digital signal;
wherem the complex digital filter is a FIR filter and the FIR filter cosfficients h(p) are
given by:

1 & : k-
Hp)= -i“gk exp(i-Ap,)-exp(2m i L)
Nlml) N

vy
in

giand  Ag, being gain and phase difference respectively of the corresponding

signal passing via the delayed sampling channel.

9. A method of performing complex sampling of a signa}vtransformed to a
frequency-domain by means of a 2M-order sampling, wherein the signal
20 bandwidth belongs 10 [Fspn, FaurtMF ], M being an integet, Fy. being a starting
frequency defined manually or automatically and F; being a sampling frequency

of the sampling, said method comprising:

a) providing a sampling channel configured to:

a.l. convert an analog signal to a corresponding substantially non-

25 delayed digital signal; and
a.2. transform said digital signal to a plurality of corresponding

frequency-domain substantially non-delayed discrete components;

b) providing 2M-1 additional sampling channels enabling to perform a 2M-

order sampiing, each additional sampling channe! configured to:



. the relation mod (F (N - k), Fr) -IV = (N k). Fs  10. The method according to claim 9, further
comprising obtaining an output time-10domain complex signal by applying an inverse frequed€sLLP

,transform on the output frequency-domain complex signal. 11. A method of performing complex
sampling of a signal in a time-domain by means of a second-order sampling, said method comprising:
15a) providing a sampling channel for converting an analog signal to a corresponding time-domain

» Substantially non-delayed digital signal; b) providing one additional sampling channels enabling to
perform a secorgrigassampling” the additional sagpling channel configured to: b.l.
delay an anald§®&ighal by a predefined value, giving rise to a 20delayed analog signal; b.2. convert
said delayed analog signal to a corresponding delayed digital signal; and b.3. generate complex
samples of said delayed digibal sigfiay, eivinglagesienalchin slexaisingbrialive delaje digital signal; and
¢) combining the real portion of sz@jggg@m%éig;lgﬁggmain delayed and filtered 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 o&rﬁut‘i?%@%&%ﬁﬁ%%ﬂlé’?@%él?% (8af pOHHE S fﬁcﬁ‘%@)sf‘éid
combined digital signal and the insggjinbrigypdytion of which is the 30imaginary portion of said complex

time-domajn delayed digital %'gn%lans%%vgig%ejré?éc? %%g%tglogggg'?o_ g A}:’Jl_urality of frequency~
domain delayed discrete components;

b.4. provide one or more corresponding coefficients for each frequency-
domain delayed discrete component and for each output frequency
band defined by [Faan Hm-DF, FeanrtmFy), m & [1, M); and

10 b.5. multiply said one or more corresponding coefficients with said each
corresponding  frequency-domain delayed discrete component,
giving risc to the muitiplied frequency-domain delayed discrete
components; and

c) combining said multiplied frequency-domain delayed discrets components
I3 with the corresponding frequency-domain substantially non-delayed
discrete components, giving rise to an output frequency-domain complex
signal;
wherein:
- the output frequency-domain signal Yo, is defined for a corresponding output

W
20 frequency bands by ¥, (k)= 0Or (k) X, (k),

nel
o Xafk) corresponding to the frequency-domain discrete components from
the sampling channels;
o (k) = P ot being the coefficients for each frequency-domain

delayed discrete compunent and for each output frequency band;

[ grodlthy  piaddneny L eraef e )
ei-wkk)
25 o Plk)= ; 3
ei'Aq;}M_,(lt} : ) :
\ el bty vk (N-k) bl (V)



[ igital filter i [ [ ici h(p) are given by: /c
wherein the complex digital filter is a FIR filter and the FIR_flIter c_oeff|C|ents _ }
1:.1(P)=7,7exP(i 21,) exP(24T; 2vk.o gA. and A9A belr!g gain and phase difference respéiiviely/
of the corresponding signal 5passing via the delayed sampling channel.
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o A@"(k) is the phase difference between the signal in the delayed channel
number n and the non-delayed channel for incoming frequency 77 (k).
o F7(k) being a frequency that belongs to band number m and satisfies the

relation mod(£” (%), F,) g— =k , N being an integer corresponding to a
number of bins of the frequency domain discrete transformation; and
o F"(N-F) being a frequency that belongs to band number m and satisfies

the relation mod(F" (N k), F.) % =(N~k).

s

10. The method according to claim 9, further comprising obtaining an output time-
domain complex signal by applying an inverse frequency transform on the output

frequency-domain complex signal.

11. A method of performing complex sampling of a signal in a time-domain by means
of a second-order sampling, said method comprising:
a) providing a sampling channel for converting an analog signal to a
corresponding time-domain substantially non-detayed digital signal;
b) providing one additional sampling channels enabling to perform a second-
order sampling, , the additional sampling channet 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
digital signal; and
b.3. generate complex samples of said delayed digital signal, giving rise
to a complex time-domain delayed digital signal: and
¢) combining the real portion of said complex time-domain delayed and
filtered digital signal with said time-domain substantially non-delayed
digital signal, giving rise to a combined digital si gnal, 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

imaginary portion of said complex time-domain delayed digital signal;
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wherein the complex digital filter is a FIR filter and the FIR filter coefficients h(p) are
given by:

, ] ) . . kep .
MP}"“‘“ZS‘& exXp(i-Ag ) explr - —t0) 5
Ni= N

g.and  Ag, being gain and phase difference respectively of the corresponding signal

passing via the delayed sampling channel.



