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[0003] In many el ectronic applications, signals are
represented and proc8&ESdrrdd giPPAICKXTIGNSI t al words, or
sanpl es, represent the value of the signal at a
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sorgera$ of Whish mepnespotagd leann haveerwocener gy above hal f
the sanple rate; the frequency equal to half the
sanple rate is called the Nyqui st frequency. [0004]

Digital sanple rate E%ﬁxféﬁi }ﬁv»ﬁﬁgokp many types

of digital systens. I exanple, au signals, such

as m ght be generated in making recordi ngs of nusic,
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equi pnent used to process and record the signals wll

H%ﬁ%ﬁé%%%@ﬁlgg@ fgglté& Rignalara fg%hf»ﬁmph@g W%‘gm?ewesﬁse%%ﬂon of the
: vaiddal ] 2 y that each piece of

SrhEF [ehi s1éntal At &E&ﬁkgﬁﬁgﬁé $46.

equi prrent accept a [ “signal sanpled at a first
rate and then convert it to a digital signal with a

second sanpl i ng BetEXGRIMEDOIOEEHESINVENTIONY cour se,
the information content of the signal nust not be
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units of Hertz (Hz) representing the reciprocal of the sample interval time period. The
signal thus represented can have no energy above half the sample rate; the frequency
equal to half the sample rate is called the Nyquist frequency.

[0004] Digital sample rate conversion is used in many types of digital systems. For
example, audio signals, such as might be generated in making recordings of music, are
often processed digitally. The various pieces of equipment used to process and record the
signals will not always operate at the same sampling frequency. As aresult, it is often
necessary that each piece of equipment accept a digital signal sampled at a first rate and
then convert it to a digital signal with a second sampling rate before processing it. Of

course, the information content of the signal must not be appreciably changed by the

sample rate conversion or the sound quality of the signal will be degraded.



sanples fromthe first signal. The output waveform
t hus has fewer sanples per second and therefore has a
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met in the output signal, it is an accurate
representation of the same signal as the input. Thi
process is referred to generally as "decimation." |
is limted, though, to situations in which the
sanpling rate of the input is an integer nultiple of
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satisfies the Nyquist rate. Additionally, the interpolation factor / cannot be made
arbitrarily large, because the required complexity of the interpolation filter increases as /
gets larger (e.g., more taps). Moreover, it is presumed that at least one of the different
clocks is essentially identical to the system clock (i.e., DSP clock), or at least related to it
in a straightforward manner, such as by a factor of 2. Maintaining consistency between
the different sample rate clocks in such situations places a burden on the accuracy and

complexity of the hardware of the timing system.



in a straightforward manner, such as by a factor of 2.
Mai nt ai ni ng consi stency between the different sanple
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accuracy and conplexity of the hardware of the timng
system SUMVARY OF THE | NVENTI ON [ 0008] An ability to
process data accurately in a three clock system all ows
for sinplification of the requirenents for real anal og
clock generation by adding conplexity to the digital
si gnal processing. gljNRRET B THEMNCENGISN N anal og
conplexity are desirable because they lead to
increased systemreliability, greater flexibility of
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hu@lonyAlvRy QOERRH LhRec? A MRHRINIAL She JyBRHE aﬁ@bf’bc@?s@@ﬁ@s@rlbed herein
according to an input sanple clock’i's received.

sldow éorisneh eernputatianf ofghe mmrpuatlgafaptoe tcw@@kwahfuﬂmn |dﬁ1g rates that

%rg%m ﬁe? agqge? ]t)ﬁﬁag) atF eg%laﬂ ls%t g%éeg %%E?c?nq%}ns an arbltrary time delay
egﬂEﬁap@n&munﬁe@m@udﬁgﬁﬂn1ned bet ween each of the input
and out put sanple clocks and a processor clock. Each
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determined between each of the input and output sample clocks and a processor clock.
Each of the input and output clocks are independent from the processor clock. An
interpolation factor is determined as a function of the input sample clock, the output
sample clock, and the processor clock. Output data is generated as a function of the input
data and the interpolation factor, wherein the output data corresponds to the input data
sampled according to the output sample clock.
[0011] Another embodiment of the invention relates to a system for converting sampled
data from a first data rate to a second data rate. This includes a rate converter for
receiving input data sampled according to an input sample clock and configured to

produce output data indicative of the input data sampled according to an output sample

clock. The rate converter operates at a processing clock rate that is independent from
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data and the interpolation factor, wherein the out put
data corresponds to the i nput data sanpl ed accordi ng
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of the invention relates to a systemfor converting
sanpled data froma first data rate to a second data
rate. This includes a rate converter for receiving
i nput data sanpl ed according to an input sanple clock
and configured to produce output data indicative of
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[0013] FIG. 1 is a block diagram illustrating a digitizer combined with an embodiment
of a sample rate converter.

[0014] FIG. 2 is a block diagram illustrating in more detail an embodiment of an
accumulator as may be used in a sample rate converter.

[0015] FIG. 3 is a timing diagram illustrating a relationship between different clock
signals within an embodiment of a sample rate converter.

[0016] FIG. 4 is a schematic diagram illustrating an embodiment of a format of an
interpolation factor.

[0017] FIG. 5 is a flow diagram illustrating an embodiment of a process for

accomplishing sample rate conversion.



of a sanple rate converter. [0014] FIG 2 is a block
diagramillustrating in nore detail an enbodi nent of
wa@rooaoceul at or as may be used in a sanpl e ratBCT/US2008/083619

converter. [0015] FIG 3 is a timng diagram
illustrating a relationship between different clock
signals within an enbodi nent of a sanple rate

converter. [0016] FIG 4 is a schematic diagram
illustrating an enbodi rent of a format of an
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ustrating an enbodi nent of a digitizing sanple rate
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[0025] FIG. 13 is a block diagram illustrating an alternative embodiment of a calculator

for determining an interpolation factor.
DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

[0026] Systems and processes for converting data at one sample rate to data at a second
sample rate are described herein. In the prior art, implementations of sample rate
conversion systems employ a digital signal processing clock that is equal to, or directly
related to, as in an integer multiple of, the output sample rate. Beneficially, in the system
and techniques described herein allow for a system processing clock having non-trivial
M/N relationship to the output sample rate. For example, M and N can be very large
integers. In at least some embodiments, a programmable time delay (having arbitrary
range and resolution) can also be applied to the output signal.

[0027] In general, the techniques described herein can be applied to any real-time
system having fixed converter frequencies, variable (or even fixed, but different) signal

data rates. Use of the term converters, generally includes analog-to-digital converters



DETAI LED DESCRI PTI ON OF THE PREFERRED EMBODI MENTS

[ 0026] Systens and processes for converting data at
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descri bed herein. In the prior art, inplenentations of
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[0029] Operation of the re-sampler is essentially transparent to the user so that the re-
sampler instrument behaves as if it contained a conventional arbitrary waveform
generator and digitizer with the converters operating at one of the input or output clock
rates. Thus, the re-sampler knows nothing of special events, such as a start command,
user clock reset commands, and the like, sample sizes, or signal content other than
bandwidth restrictions. All errors introduced by the re-sampling process will be below
the spurious free dynamic range specification. The re-sampler is fairly flexible in terms

of input and output frequencies; the re-sampling ratios are driven by an external virtual

clock generator which could be customized for different clocking scenarios.



i nterpol ation factor based on rel ationshi ps anong the

three different clocks: converter clock; user clock;
warwIsyeem or DSP cl ock. The interpol ati on fRCI/U82008083619

used by an interpolation filter. Exenplary

interpolator filters include a pol yphase,

finitei npul se- response (FIR) filter and |inear

i nterpol ator on the source, and a conbi nation of a

poI yphase FIR filter, linear interpolator, and
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Yet another value that can be pre-loaded into the accumulator 104 is a period of the
processor clock, Tpsp (or processor clock frequency, Fpsp).

[0032] The accumulator 104 processes one or more of the pre-loaded values at the
processor clock rate (DSP CLK) to produce several output values. Primarily, the output
values include fractional values indicative of a relationship between the different clock
domains. One such fractional value FRACgs; is obtained from a relationship of the input
sample clock to the processor clock. Another such fractional value FRACgso is obtained

from a relationship of the output sample clock to the processor clock. One or more of the



of the output sanple cycle is illustrated as TRSO -

The two clock domains are, for all practical purposes
warmehetoed. In reality, they may vary by a nonPCHUSLHes/083619

ratio of two very |arge nunbers. An inportant

advant age offered by the present invention is that the

rate converter 102 is operating according to yet

anot her process clock, referred to herein as a third

clock domain, referred to as a system or DSP cl ock
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su value i s representative..of the output sa .
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b eheexcaiahiator 11 0d gunidd ehicsclk e tHegirb@dsd@icldcReT)ispput
sangle rate TRSI (or input_ sanple frequency, F RSl ) .
1983hndhaerepalatien fastar neagdilp er pir@ut Podeertydsttee eyaut values
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Tdeer pdcamovhabomokOef the cceissdsalocse Tire inerlafontfheor module 106

pre-| oaded val ues ati;Fe,processor clock rate &ﬁBP
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a relationship between the different clock donains.

dtepslatin facte Niaslukd 10paind e1s¢sRAG VREIC th scamdishéd: dasued sample rate
relationship of the input sanple clock to the
PYBEE Ebr ¢l ock. Another such fractional value FRAC

Rﬁ@ﬂ S 1PN SBbdimentks ahé altabbrRishFRRmddie 4 M8 receives a delay
npl e clock to the processor clock. One or nore of

iepeliodrand Theddenedluoean ieeprpyriged byuadgsaie putodes ot lew

TR FRS O, FR s he i ded S
betn e i ey AR 93N, Bh i 1R fig arbiarily
asley thel catput spnmpled diggalFviBStesport tolIREpas bl pditighi#ll T®S maximum

In some enbodi nents, the accunul ator 104 al so receives
erlay Biat pasy ke acgemmogdatasl by aperlzable gyrers svil slepsidet fegst to some

L 05 R 00 e 00 RS T T
val bmi&clﬁ%ﬁo%bommﬁ%@lsRMdayEd Ralues, a$ RSOribedror more detail below.
ngg ggl’boldlrt]ne%?s, t eedgggldé e fo%k-a Qe?d Butte? %gm B lclg[gr%ligg({a based on the
longest anticipated delay. Longer delays require deeper look-ahead buffers.
[0035] Referring to FIG. 2, an exemplary embodiment of an accumulator 150 according
to the present invention, such as the accumulator 104 shown in FIG. 1, includes an
accumulating register 152. The accumulating register 152 stores a value N that is
incremented with each processor clock cycle. The value of N can be a binary integer that
is incremented by one after each processor clock cycle. The value of N may be reset to
zero or another value upon receipt of a reset signal RESET at a reset input. The

accumulator 150 also includes registers for storing various values, such as a processor



by the accunul ator 104 during each cycle of the
processor clock, TDsp. [0033] The interpolation factor
WOorwales02dr circuit 106 receives the output vaP@EES2008/083619
FRACRSI, FRACRSO FRSI, TRSO fromthe accunul ator 104
and derives an interpolation factor p fromone or nore
of the received values. The interpol ation factor
nodul e 106 can al so process one or nore of the inputs
to generate an output according to the processor
Féﬁ%@é% 154 PSR orind By dIRL ﬁld&%ﬂV@BftﬁE Ipﬂ&@ss%? ERLEY g&d@ﬁbm an input
terpolation factor/? fromthe interpolati factor
nlvdlu HlemadipGegstar U¥er slorisg aaklue mdcaveoffid isputtshmple period Trsy,
|re e, rate conv [ 0034]. I n so
ek e e BRI TR G oo iAo iy Qo
§a§ﬂ1ﬁé p&SoBTAE! e LN oMBE BRumT-e: g\feglst&h%ﬂeﬁﬂdaﬁe ¥Rlct8or clock

can be provided by a user to introduce a skew between

pereoddiist eiedpd tacd mekipdionmbethidat mhkipties thy velieswgethar @ndsséores the
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daltay ﬂrkt&hodiﬂ@ afiBnREE @fmsegbat e@hams gélhérﬂﬁﬂth ﬂlaszRg vams tsﬁﬁ@d in the
will depend at | east to sone extent upon provisions_ of

et %18?1% fuMarcEHoHomehe, reqﬂétrofé&eaﬁﬁr godglojopetatian a4 Crsr,
Ha{tfo%l &9{101‘? 6t hd ‘f‘%ﬂ)d&qhé By @eAR %&(ET ﬁdl%hlﬁﬁﬁgvalue FRACgs
etal n suc

ues described in nore
ansoocd nEa’lt mputtﬂhﬂseddifﬁahsnoé refghseer| 166k smemty ﬁwfsft(ﬁed paigedser time

VOHG AR SIBHCA7G 1§ Bafron PR B MBS BRAGEO T A e with the Tiso
003 &Lreﬁ% e bt ckld®mah redfiid 9@*1‘95 YesGITBP G RERnd Hodulo

an accumul ator 150 according to the present invention,
eMﬂMMHQSEW@CéﬁgaﬁmmummmpQ@wngﬁdwnanmoFmemNQVamnsﬂw@aéTkm

Tl RSRLRY b k4GP &Pl O SR en St gt %

Eﬂ)‘?ﬁh] PIPERESQhbsdiRetts CofCih Gersd BEthY dhlue s@fed¥n@@dinB8t Aock domain
nary integer that is incremented by one after each

prettadS6is @p@ékn ey gipyt clypledempindregpengyregistoel HlesEmilady, in some
éﬁé%ill&re t%nan ﬁegrsg %lﬁg tgpe%ﬁnt ecc?dﬁ}ﬁlﬁ L ck%og}‘%%elte Pstegri% 1s stored in
ut 1“at°or aPSo

a reset

hmohtptiedodkedinsdie ﬁ‘éqlﬁeﬁhby 8Nty 2V @ricQitSnota bﬂ&ﬁ:,st(ﬁrb&fbg&&r values
a processorreglster 154 for storing a. value .indicativ
6f4the [frHerssion: Eroe Rl foptartessio tha mipRplatior fasta module 106

&an:lg pIEltqg% gf#pgll'}zgil\%%rtl{tfg) rﬁ%%lr follBvAuddr forkBHeq & J[h\éqntgltpolatlon
factor module 106: FRACrs;, FRACgso, Frsi, and Trso.

[0037] A timing diagram illustrating an exemplary relationship between different
timing signals according to the present invention is illustrated in FIG. 3. The diagram
shows a possible relationship between the three clocks of interest (although the process
described applies to arbitrary relationships between the clocks). In particular, a portion
of a processor clock 200, sometimes referred to as a DSP clock, is illustrated having a
period Tpsp. Just below the DSP clock, an overlapping portion of an input sample clock
202, sometimes referred to as a re-sampler in clock, is illustrated having a period Tgs;.

Finally, an overlapping portion of an output sample clock 204, sometimes referred to as a

re-sampler out clock, is illustrated at the bottom of the figure having a period Txso.



and an out put clock domain register 158 for storing a

val ue indicative of the output sanple period TRSO The
wo 200086500F t he accunul ati ng regi ster 152 and tP@I/US2008/083619

processor clock period TDSP are fed to a nmultiplier

160 that nultiplies the values together and stores the

resulting value TN in a processor tine register 162.

The stored processor tine value TNis fed to a first

nmodul o arithmetic processor 164a together with the

E(ﬁﬁb] Vah U@ RSACOERE id (el REIdBRIL (he HREKmERTRIIT e 9h %@/&ﬁ to the next

The result of the first nodul o operation is
88tk cyrld, maoppanadlio presidoa, ofhich by sané comfentidres rleﬁms to the time

ues nd TRSI. The r sul ting v
RAHETora o otk nid R Pt B TS Nap g art Brovidea
witRirbpetito thOSB R bRIMRATRNPA clocRBen@htdscliom, HeddrfRd in more
fed to a second nodul o arithmetic processor 164b

ﬂ@glébhlew witup, AReCFRShe/taneg &ost @f@e@mmertlh eloskiepent looking
d t%qgal 3. t W d§ ?('._EI_A\;&%S rﬁﬂ}ri eﬁl% (‘(‘Iis T%lh%meef%om 91 re- -sampler

O opera ron 1S frrac portion o

blﬁl&l(ﬁc@dd\/@nﬂf)olhhg fdrward/taltu@ﬁextmfwdckT&‘éﬁl The
resulting value FRAC RSO is stored in an out put

08Pk bhtung epbadimentsghe iftgpaiation fcky walcalyon meéhksl 06 (FIG. 1)
g:ﬂcﬁlgt\ég {h%qnt%;po'iﬁ%géﬁ%t ﬁB&rtggF*Rﬂ C{Rsr} %allug BH ectjog%é'ter clock (re-

omal n register $fstored 1n ah
ﬁan&;ﬂetanplyt, 7Rl stdethe MCR@ ofithandey ,clolckl (Reslmlpler output, T, Rso). The
enbodi ne @Hél an_ i se val ue stored in the output
Eﬁ%ERmH Cﬁ“ﬂ%@?%@ Y158 is stored in an output clock
domai n frequency register 172. One or nore of the
stored register values FRAC RSI, FRAC RSO FRSI, FRSO
can be forwarded to the inperBolZki on factor nodul e (1)
106 (FIG 1). In the illustrative enbodi nent, four
val ues are forwarded to the interpolation factor
[0odu] e 73 @6dervBAERHI the FRACRARIesfFS! . and TRSO. [0037] A
timng diagramillustrating an exenplary rel ationship
between different timng signals accordlng to the
present invention i | ust Rl . The
di agram shows a po§§|b ﬁmre a |§ﬂ§h|p g%?ﬁeen t he 2)
three cl ocks of i nterest (although the process
described applies tq arbitrary relationshi ps betwe
0041t a%k%l)be qhserysd {ropthg FelatiyepsrangegRe ol glogk ékge%@ ehlustrated in
#? < 200, sonetimes referred to as DSP clock, is

ustrated having a period TDSP- Just belom1the DSP

faod2k, Taavauenol appe ngerpolatiowfactlr, @n bieretivedsfromlthe ol-@edpler input

and re-sampler output time accumulator FRACgsy and FRACgso values:

1., — F + F +7T
p= RSO rac peo racpg DELAY 3)

9
T, RST

[0043] in which Tpg4yis an arbitrary delay that may be introduced according to an
intended application;

Fracyg, =T, @ Ty, ; and 4)

Fracpyg =T, @ Ty, . )
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202, sonmetines referred to as a re-sanpler in clock,
is illustrated having a period TRSI. Finally, an
W@®@pleipi ng portion of an output sanpl e cl ockPQDYS2008/083619
sonetines referred to as a re-sanpler out clock, is
illustrated at the bottomof the figure having a
period TRSO [0038] The FRAC termis used to describe
the time nmeasured from an event to the next clock
cycle, as opposed to a "residual,"” which by sone

f t ;
i OCE YENtho Qy%nﬁc‘ﬁ & rréfe?soto themblifi® #Qﬁﬁr” % EQM@% Qb LOM Asion

cycle to the next event. es are
pbrsmm dedinigehportispetp it mtdqbteteﬁ)ﬁﬁ’ an htqu datb i aikrehdad, modtie
enerat ar. secti,on, descri etajl
ﬁa?t fmﬂ%n ISERKEPTRiES af Eletmaetmtwe thtp s %me@g ERHpFack gygle of the
EhrRGI oﬁtéﬁf‘élo&l@@%‘lé" A SRBBdithchOoft dﬂQnﬁﬁiGlat%Ffa&bP@f@ is illustrated in

event imlarl FRAC RSO is the tinme from a
FEG. s‘karfﬁleemtemﬂlatwncf@ktoe%mwmay ookideg rfuprbsa ptipasgianakdigisxte.g., bits

Rty Syt ey e ol B8y BRORT T2 M a e Bongportion 214,

Scplafultd BB e radbepdift Bsp athatfiefodAebaioh 2 11 0@ Mt itR rfoRAeRIhctor 210
val ue of the converter clock (resampler input, TRSI),

BritrthersubiRdekaty 6h uppes (Tasipnal perion(216. wakwdingrthomopsgignificant

Tt ), RO 9 054 ] P o
P10, xd = IFRSDractiORACRED 21 8FRALRSDIZ) th¢ Bks El@ﬁ)ﬁ]]:]lntq&smaﬂal digits
gle obse arrang?rrent

h I
PYRPLE ) Pl &ﬁsff%?lt&k %P%S’P?Qtél“\g%the[l [i:53) attﬂaleface;alr %Jé) oﬂy particular
hiGbd e %Bﬁﬂl)ﬁatl 'd%tsftﬁ?git%y d%lﬂgfrﬁ% L%t%ﬁ '8%{ ﬁg?ﬁd'eﬁ %f)llﬂzeatlon In some

re-sanpler input-and’re-sa
ambodmieatsosrucE RA(DORShOtanduﬁRg\@ lﬁﬁolhbaﬂ beffer, theRBCEer poagon 212 is
rrac RSI + 1DELAY P - t > \P) RSI [0043] in
181’11“ PAYISPLAPEISt 4 %ry del ay that may be introduced

fas| dihg sdrpldfate conversion system employing a polyphase filter and linear
interpolator the interpolation factor 210 is implemented as a binary number, in which the
upper bits 216 of the fractional portion of p 214 are interpreted as the polyphase sub-filter
number, and the lower bits 218 of the fractional portion of p 214 are interpreted as the
linear interpolation factor. The integer portion 212, when present, can be interpreted as a
look ahead value. For an exemplary value of p having 24 bits accuracy, the integer
portion 212 can include 3 bits, the most significant fractional portion 216 can include

9 bits, and the least significant fractional portion 218 can include 12 bits.

[0046] Referring to FIG. 5, a flow diagram is shown illustrating an exemplary process
220 for accomplishing sample rate converter according to the present invention. In a first
step 222, sampled input data at an input sample data rate Trg; is received. In a next step
224, a value related to a user output sample rate 7zso 1s received. In some embodiments,
this value can be programmed by a user. At step 226, phase relationships are determined
between each of the input and output sample rates or domains and a processor clock or
domain. These phase relationships can be represented as the fractional values described

above with respect to FIG. 3, FRACgs;, FRACrso. In a subsequent step 228, an
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i ntended application; Frac RSO = TN (r) TRSO ; and (4)

Frac RSI = TN (r) TRSI . (5)[0044] The synbol q refers
W@ 009kesoebdul o operator. In a sanple rate convRCHUSIV08/083619

system the integer portion ofp is interpreted as an

I nput data | ook ahead, and the fractional portion is

interpreted as the penetration into the current input

cl ock cycle of the current output clock cycle. An

enbodi nent of an interpolation factor 210 is

iﬂtérH§1taﬁ§ﬁ Pdgtdr[z’y if H&ernﬁnecﬂ_ REmitht @ét@l%lﬁ&d s ?élﬁtﬁfnsl%%QFRA Chsi,

may | ncl ude a" nunber of positional digits (e Its

F 8 Casdoinddhy inpytstleck damaiaagédutpot dlodd dubeain nalagETRsz, T, RSO Once

i 21 f ti ti 214
Bbep I iesptaton pel o $irat BE e it bt s ool 1 Eoherate
Ll bb@pRCLsA inaRafACH Qe BB Ll bn@e SibSlbdioARGoutput sample

i nto an upper fractional portion 216, including the
@ﬁﬂ@ﬂglgnlflcant positional digits (e.g., upper bits)

ﬁf04t7ge ﬁea’cullgdﬁ)gﬁal(}.g {)loggI 214an9 gf tnhe(:“xe ptlae { 8%@% iéﬁp 1s illustrated

I ona

tdrcletédtnii@ng Heinte@pSatsorgft ok, Q;aéﬁ aBs hﬁtbt@ﬁﬁhoﬁl if@kdrSmodule 106
Elomer bits%ﬁpf the fractional portion 214 of the
e d pol b in ql%reqnoﬁactznelrcw\?é‘%a‘ﬂtld@m AgN MY psEr2Z4gfinverting a sign

6P» fgﬁtgﬂﬁ'}c))utq}a iSiiBYsd, %cﬁceﬁiﬁg o ﬂ{eq@b‘ﬁ@]gso Vgiﬂe ' Eﬁ)gﬁggﬁl of the

app iccat | one ertbodi nent's, suc ose
Bige liniditng242 Wwodk dapeadipou fifcematurt Imewih'n:&letg@mgp:taﬂrdalta)m sﬂﬁé’d. The
i.s not includ

t t 0045] In a . .
%}gﬁﬂp\@ﬁﬁg@&l@ﬁ%@?@%@@@frgﬁ@% %;f{%h%[ f@&?%qﬁla‘g%ﬁ digital
]iﬂglu{ @eﬂuéarg ak1 RE ?ﬁdléﬁfv@ roP@’IRﬂt%] aﬁ@ BightAf BpRQladld O Hrso, 1ndr11catlve of

ct or is i'nplenented as a binary nunber, im
fh@lmppembbwt§uﬂnﬁﬂbésmhewf%ﬁbﬂmmmaﬂﬂp@munmnmuépf2m4wnnwr244

are |nter ret d, as Vi fllter

Brel B EGEE o5 S BRRIRRE 5 Hokim b gairR insireuit 240
244 iRNRick ALRNIFIRE 2d6 atuliffink HREAGitAIN G H RRliddtiveRdf the value Tx with
factor. The integer portion 212, when present, can be

R dtgeﬁabméufe‘callaeszﬁr$lomkl}cahé@@if Kl Ua some ﬁn@ﬁd@a@@ﬁﬁp therigterpolation
%%B)lil %1r8ulp 2£t? 1118[1]1%%3 %’ Icl&é%e? %ﬁge%ﬁ{s)gﬁ%g}nglﬁﬂlér?élﬁg & uRRE EhBldiments

can I n

fhrea ct oRalue pauld BreBkbedBynthenalusd, WwHith 8 thaindetsbof i f rsi as
| east S|g$|f|cant fractiopal portion 218 can. include

vy ind G hd48he rdre PPy ﬂm reultiplie(dividsy) iithg H&@fp@léﬂon
ﬁkgwgilllustratlng an exenpl ary process

[0048] Tllustrated in FIG. 7 are schematic representation of exemplary registers used in
the interpolation factor circuit of FIG. 6. In some embodiments, the p ratio calculation
has a 40 bit input resulting from the 7, calculation, shown here with 15 integer bits and
25 fractional bits. The p-ratio calculation also has a 40 bit input from the Fgss value, of
which 2 bits are integer, and 38 bits are fractional. A 25 bit accurate multiplication can
be performed from these two 40 bit inputs, as shown. A hardware multiplier block,
commercially available from Altera Corp., of San Jose, CA, provides a 36 bit accurate
multiplication, which is sufficient for this purpose.

[0049] Referring to FIG. §, a block diagram of an exemplary embodiment of a rate-

converting digitizer 300 is shown. The rate-converting digitizer 300 includes a look-
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220 for acconplishing sanple rate converter according

to the present invention. In a first step 222, sanpled
WO ppaoe®at a at an i nput sanple data rate TRSI PGI/US2008/083619

received. In a next step 224, a value related to a

user output sanple rate TRSOis received. In sone

enbodi nents, this value can be programmed by a user.

At step 226, phase rel ationships are determ ned

bet ween each of the input and output sanple rates or

ARARINALANS BcAUREERTASafibRE Hall AOBHD: JRASS:0RNRREI0ok ahead

relationshi ps can epresented —as the fracti onal

bafifere’d? dededdsvad onboveowputh colqﬁgbtotome@r Flo@ d@jtal filters. For
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S G B Rt FBrPdr oo 2 S MBGRE B Fopelyplgse flter 304 and a
gRbRd FutpeCoRNRHE (Tl §0d. ORI P $hHRAERI4, 3HRACRRE anéhpective input

the input clock donmain and output clock domain val ues
frrs) the TRE@hc@hbe a0 ﬁétﬁr oumts. ane wppotoat linsar Migspepator 308, that

gl%wcf)eg %u‘&)ujt‘& a eséi'ln%c‘[ 1111 1§1t Sl% rﬁsﬁoﬁs% égﬁ{ﬁr 3 rPSaTss f&lter In some

ataln |ca

éltﬂb@dlflﬁnféap"ﬁih@ﬂs dfahé - %ﬁv{étﬂn Sdigmlz@ mﬁta@e subk@ntidlB0duplicated
Referring to FIG 6, a block diagram of an exenplary

farping more4han enq patlyspeintscpraic Meh-deasancy @n@ww -frequency paths,
!r:r%ﬁﬁ{ng&%(ggj' \?}E}ieéﬁ% ?ﬁeraltﬁ‘% rﬁﬁet&t‘ge Iﬂatn%@g (R SR Jaﬁfsta% provided

|nterpol 1 on ctor circult
@0 shavel)yal emlteplsicg or dthuiesutiteble 2di2ctionvdvidengusedso geleafanmng the

e S M N AL AT
vard d b9pR8 ﬁbgthu agﬁtahhﬁw%agﬁng ﬂle\m'e %néé}ﬁoﬁ! bﬂic%?slmgd ata

Is stofed. "The sign-inverted digital input value
[qosab Ado 1(16152@@1?\13@)1 1mtsrpbtaelnn dantdyi qabglaion madiugyi 318 The

IRSPD Al HEiok ORTaisE moupEs BriakeS o S QD iyes from one or
ﬁfé@dtd&ﬁﬁmb‘é&@ hl(ﬁ%hé\b‘? SUHANBY i A48 @hﬁgm] inki€@utiQY P ER A Crsy;
val ue of the summer 244 is a dig word indicative

offrachisoral:0k lmckca(tllvp Gf FBYCrith qum BOgY adicatve elctror and i 1 rso
ﬁ%r(?]d ndlc%é ng el—ﬁolgtﬂo‘{lfj %a{%LoP lcélg lagon].ml&ful%: Qb %%onvgdes an

|ca

dit@pblahon fotdlr p\aalan ®uiput, rcslculaidaldircﬁﬁthe\/xem@ﬁs fripti vahhem Any
sone enbodi nents, the interpolation factor circuit
PeraplgHi&s o lathi fynelian anile ErercoFveFtNg GHFLE cpMER fropyhe fqehthat the

H gf‘z\%g ?gg%ﬁdﬁg@iﬁ $e tdﬁﬁ:réﬂtj dén ﬁ%{fgﬁgégﬁg ]Qﬁi)ch/e I fo%@&ﬁlgod?ﬁ‘lents, at
Balastwrpdrimoﬂ:d)iGhe illﬁierpfﬂaaoml &lcue immaltto ftheolonk hleaéamsl’l):ufﬁigli 02 tthe

%gll E)/Illa%g rfﬁter ? 04, q? c\eli]ta ?J'h% g@é and the linear interpolator 308. The
interpolation factor p represents the position of the output sample, or user, clock relative
to the input sample, or converter (e.g., ADC) clock cycle. The upper bits of the fractional
portion of the interpolation factor p can be used to select from among the polyphase and
delta filter set 304, 306. The lower bits of the fractional portion of the interpolation
factor p can be used to scale the linear interpolator 308. In the rate-converting digitizer
300, the integer portion of p is interpreted as data look ahead. Thus, an integer portion of
the interpolation factor p is forwarded to the look ahead buffer 302, a first fractional

portion, the most significant bits, of a fractional portion of the interpolation factor are
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factor p . [0048] Illustrated in FIG 7 are schematic
representati on of exenplary registers used in the

WO pdoeogokati on factor circuit of FIG 6. |n soP@I/US2008/083619
enbodi nents, the/? ratio calculation has a 40 bit
input resulting fromthe Tx cal cul ati on, shown here
wth 15 integer bits and 25 fractional bits.
The/ >ratio cal culation also has a 40 bit input from
the FRSI value, of which 2 bits are integer, and 38
Riutte%l Btk é(ﬂ?;r?r{a's@&?d delfd fﬁé:r@z d4.86¢ %afa%ewﬂdtﬂéahbﬁﬁtpbﬁfbn the
can be perf fromthese two 40 I nputs, as
EhspwignifAicanabithelrtbe frattianpl patiombbidk ,mtelq»ntaupn ifzdtéryare routed to the
Evalugble frﬁggAltera Corp., of San Jose, CA, provides

PiPOlt¥ 08t e multiplication, which is sufficient

fows1f hiagl qat RASEard GO atdReS R eFinB Wi diAzdr1360 B bairRhie&Knted in a
di agram of an exenpl ary enbodi nent of a rateconverting

trigrnrpgremnzbte gate e PGﬁm)elsrrm@glé% mg@altprﬁgesang (PP P ktechniques
EIQOOWI { d:ilﬁ s%qlf‘ed iR aaI}F a(gn gre %gh C ase erI IRy {he éielta filter
qe CONVerter éP [ ook ahea

b@tf her ar@Qﬁherﬁﬂiewj eschQRe 16%-iR¢, Or @nﬁaumngzmmlc@ﬂ bt Qigdakfilters.
or more digital filters. For exanple, the | ook ahead

Barigial GHers; they tges leastrin past deﬂp@e&hy filépr gopiciggttasuch filter
Eééf Sé?é gﬁn ﬁ{get?rnﬁﬁ&geg% nglﬁ%%tste{nﬂaﬁl ({egghﬁ)ra{c'tlcesefor ﬁgs(?gnmg

ers recel ves espect
digpal filfaro n]FcbrI’eaainplmkchxetgd)hbw‘ filexr 380 Ras Fo tape and‘)ﬁllmphaSe sets which

l ' t i '
U2 e8e Bewbr raetiu oo Haoh bl sssBnge & or soring
{Hélf@er LOWiBRSS if plolRied. THe SQTRCcieARAGhL n}tl% layRfk Eétplﬂegopnmmed

he rate-converting digitizer 300 are substantla
duphkecme@(ﬂ aﬁa:lahiengemmyeblmkan Tope Ipanht:y tdorkis val be treated in the

PR o RO AU SRS P8 B gt

héwed epapaichs are provided (not shovvn), a mul tipl exer
or other suitable selection device is used to sel ect

952 The rate-towrcating pattiaer 300rconperts datbamrisintos sampleyatg A/D
gorl %ﬁ&l l%bm?an to?% W%lpeg%&g J&%@%e ﬁltg’rei Oqgfeh}e%ir %ﬁ&%gﬁtor 308,

pideRS8ANE FIRODED]. Phsicomyehddperaiisn aﬂpcblpplewﬁltats' loear
factor cal cul ation nodul.e 312. The interpol ati

miRpelatoss RRd Het matin grbthufikers ipwelb kegw é%thp%ﬁkﬂll%idﬂtthe art. See, for
Q%a%véﬁ Cﬁﬁg{ %ngfo?fjﬂ}rzg&gzﬁ? gfzg@ g‘?%ﬁ%‘i C i g) ‘”bz i ?Off:ﬁ&l&s and D. K.
RBhplakis, 2™ ed., 1992, incorporated herein by reference in its entirety.

[0053] The look ahead pipeline 302, when provided, accommodates interpolation factor
values greater than one. In some embodiments, the look ahead pipeline 302 simply stores
one or more extra samples in a polyphase filter input delay line, and thus gives the option
of looking into the “future” by one or more samples, when necessary. The integer part of
the interpolation factor drives a multiplexer to select the appropriate data set.

[0054] The linear interpolator can be implemented by determining (e.g., calculating)
the current polyphase filter output, and the output for one coefficient set into the future,
and then calculating an average of these two values, weighed by the fine interpolation

factor. In order to conserve multiplier resources, this function can be implemented as a
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ijracjrso [32:0], indicative of FRA CRSO, ij_ rs
[39:0], indicative of FRsf, and i _t _rso [32:0],

WO ppoetoeve O TRSO- The interpol ation factor PCT/US2008/083619
cal cul ati on nodul e 312 provi des an interpolation
factor/? as an output, calculated fromthe various
i nput val ues. Any conplexity of this function on the
rate-converting circuit conmes fromthe fact that the
digitizer DSP clock can be different fromthe
ganVIREd- 806 ClsQRkwn! th ﬁ%ﬁé@&gﬁfﬁr{f@ diffikerlc8 88twen coefficient sets

portion of the interpolation factor is routed to the
Isqui-caloelattdbigbdleng BoRsmalhdifivoingphalse thait karebe BGd]edtvhigh a small

delta filter 306, .and t i near interpolator 308. The
m&@tﬁlﬁaraéleqréwnfaaféléléﬁw Hipliticent s the posi tion of the
rt InS3fRlcthbo@ImdHie ran ni?ﬂu@ Giald chfélgﬁdl\lﬁﬁisﬂbiﬂ'&lehﬁﬂﬂé&%y an analog
or converter cl ock cycle

. Th
@rppéhasm& félteclst(nqtrsbovvnhe‘ts ﬁ@‘ﬁ%ﬂ c@uirainben gie atnhl@g filtering stop band is

LAt SIRARAULAM ARS LB orifikaf SRR LRyl e el Lffimating FIR

ktopBhandi I&l&h@fcaiehﬁatfﬂeilﬁéﬂl@ﬂﬁd)ul@ ®e Ekawﬂly@f/ﬂ Ihsaqulst
i nterpol ation factor p can_be used to _scale the |inear

10956} p oy meoronzpging sputch eonlagution 8y ilgiraipgin ke d. A source
?c%%fgu}#ﬁn é%ﬁﬁggmﬂg o 8bh {Vﬁlchlﬁtlbﬁlr ?J ?chﬁgrtﬂlﬁ SBEe8 300 takes

n I nteger portion o
hger dagaoh at anok,.f eatd aud ﬁrod&ceﬁ detaat d@chdiitatibh eodroeg k)r abeater rate.

ffer 30 aflrst fractional portion, the no
? FJ Hhepncadtimpiquentagion ?fl}ﬁasewcaﬁaﬁaraalﬁf g TGHAT i dhat ofthe rate-

b&Hv%ftH%! cﬁ%ﬂu%} jO@XFR‘E 82“%9 Wt B&t ifed Hﬁupcﬁf%l%@ése F&RH the number

delta ers and a second fractional
pofiltérdaps medifenshe Bltgrdotiicamt viluesmay diffee; dnddlet faohthht the re-

ortion of the interpolation facto to th
PRt DGy sin B8R 16 1 tfngf oo P ogiOpld G e
%s 4137 Fab)e-10ReN¥e tiffadehcdisBhp1i 78 the3AR-&dNeig source architecture in
| emented in a field-progranmabl e gate array (FPGA

th@t thg tetierpotagion Sacierat Isprroceiys Wnlge(lgsp art eiech he-g e kdown
L 5‘7 :1)2% teh%é %‘%ﬁﬁ%{}ﬁw@ﬁgﬁ%g \fa IFet zg?sre ff%rta %e%l is received,

Diditﬁflvé of fisef 8ata stwalke AS,,.aThOusep asta mayrbeaBtdivel 1h&Sb<Blgahead
filter_ can be di gltal filters.. As di gutal filters
phelnca4?. at iluglgaed | hhyaurceoniisedtin 349 flejncludes a polyphase filter

§@4§f fdeft!l E15346sﬁgﬁe£r 111%%012&6\?18' Gh I R atdh factor ]g%lcr:ulatlon

det'erm ne accor to'sta ESI gn practices
dediulgriisAgsiohilgt toahe ﬁnr:iﬁgemnt deacritedaplein khaopad Fithas 6Since the

T3 DSBS B Bk Cleos pion v
phRantaenssialc! M3 1B ubfdr a9l W& Dits of the interpolation factor are
distributed to the filter bank 344, 346 and the linear interpolator 348 as also described
above in relation to FIG. 8. A re-sampled output digital signal is available at an output of
the linear interpolator 348, referred to herein as o _converter data [23:0].

[0058] A schematic diagram of an exemplary embodiment of a interpolation factor
calculation module 360 is illustrated in FIG. 10. The module 360 includes input and
output accumulators 362a, 362b, a three-input adder 364, and a divider 366. The module

360 receives separate digital input values indicative of the input sample period Txs; and
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the filter coefficients is provided. The coefficient

menory 318 | ayout can be optimzed to make use of
wW@@oedoke nmenory bl ocks. These nenory bl ocks RET/US1968/083619

treated in the FPGA design as read-only nenory (ROM,

so there will be no explicit control circuitry needed

to load them [0052] The rate-converting digitizer 300

converts data froma fixed sanple rate A/ D converter

by nmeans of a M N interpolating polyphase filter 304,

{HeRR A ut s&th yﬁ@ %@h@d ?;Esogqgeseasﬁﬁil %ﬁﬁt\f’aﬂl@s 511:5 Thekd &ﬁrb% stored in

The t'heor operation of 8 phase ers, |inear

Kmp@nmokayﬁms36&nd6&@cihamwﬁ@eBbRaﬁDHMEngsashgﬁmthhnwhann@

th ki | S Chapt... . .
bine T B PSR 2880 gr  She SPGhiamnd: BELECTigS imyCRs i limitinto
ﬂie imhRakédmandr Bs2aK Thvhoahalher 380dis @lﬂ:reméiﬁgd?accordmg to the

i ncorporated herein by reference in its entirety.

P@@%]ngﬂll@kl %mk Elrfﬁelaﬁutmcs@mma@r 3022 ccmetﬁew G9¢tipaal output
M%ET}’D 1‘8V1 g 1P seaglp 1%‘['8‘[(9 A tﬁﬁsg (I‘[ﬁput Q}J%ﬁ gergl%ﬁa"s?mllér ghe output

one SONE pi peline

Sdnipib yserscscor,@g iDIRBuIHs alTBhi€ i tHeusRNBL@SItoA3 XY, YIHRas€ut
filter | ut delay line, and thus |ves t he Oftlon of
PGSERY 28 i #eo meganggnged aggorgie tg f‘nﬁﬁoée%lélﬁﬁ Q& Toghelhe output

?cecﬁﬁﬁﬁf% y362yésnfpﬂ{egg%f cBad o ?%u{s }é’ AL ey, e 1%9 d?ﬁé@ Bs an ?utput toa

act or rrves a nu exer opri
dﬁbad sput of tA05dder Bhé. 1Ihd§1 s&ond ntpat @Kﬁhahdxier cah 1sbﬂgn invert by

Iene ed by determnin e. cal cul ati th
mamsqwswﬁﬂ thase ﬁlflﬁ'%rn tgla §6uf?ﬁerea)ﬁ dURtrstipg t lﬁR/#(gw value from
Qﬁ@te@%ﬁfeﬁ kh ehe ﬁ‘gﬂlt ko T Esjaffs fn gﬁtuﬂhﬁ) a '@1@‘3 1ﬁ r(‘)f the adderb?il 64, such

cal cul ating an average of these two val ues, wei ghed
thaethtiomgpuit nf e pddia*t%é meffresntsrthe valuofd&rIG 6) cblrﬁ@ewwmbodlments

(R ol Bl o3 A58 el iy HRE e i TR it 306

trheinuf Y AuE NGEchHR 1152‘[@ %fsfab(ﬁided'i%s&eihﬁuﬂ of the divider circuit 366,
pre-cal cul ated, resu g in a small difference val ue
A

susattha an obtpuha#s @ﬂthmdn\h catigrdt QuetAnt Faprgsemts thetinterpolation
EQ a full size nmultiplier. [0055] In sone

oglnents an input analog signal is first band
[0(]59} edIbyl 188 aatiddngicaliddradlill@siatigy b bieﬁaﬁplﬁﬂyﬁn‘tﬁ)hﬁmﬁ of an
A design constraint on the analog filtering stop b

pecuppdatorAl9s stapledpr Githss oafhe aawna%la@r@mas @t §|¥6w1 Qj pA first
chcluﬁ{ﬂla%&%d@' faétrec%?\%% W?L% 'agg 11@11%&%? 02918/ BSP S altﬂn&l%in%ntmg value.

case that frequ ncy wou e exact
The input values are processed according to the schematlc 111ustrat10n yleldmg the value

FRACRs;. Similarly, a second accumulator 400 (362b) receives Trso as a limit value and
Tpsp as an incrementing value. The input values are processed according to the

schematic illustration, yielding the value FRACgso.
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[ 0056] A rate-converting source configuration 340 is
illustrated in FIG 9. A source configuration refers

WQ 200946302 conversi on in which the rate-conver¢T{s2008/083619

source 300 takes user data in at an Fuser rate and
produces data at a nodul ati on source, or converter
rate. The theory and inplenentati on of the source
re-sanpler are simlar to that of the rateconverting
digitizer 300 (FIG 8), with at |least three main
fiokher g96ies. First, the nunber of filter taps may
differ; the filter coefficient values may differ; and
the fact tkat the|resanpl er outbdmitibr equency can be an

I Nt e0EF sUb-mui tT pre of the DSP clock rate (e.gJ., FDSP
= N FRSO . The I ast difference sinplifies the
rat et converting sa&F&auéyéﬂﬁEe /€ H that the

i nteppolation factor/?2 s a positive value less than
one, | L8°, 0<p < 1F[B057] In the exenpl ary
enbodi_frantsi di gi t allim¢dilotieheilastS clodkas te f23utMISP klvck

[ SCCTTREL o Mo o Y e Rom RHst KSR o delont B lock The
user|data may be received in a look ahead pipeline
342, | a&skePl ust r at el The source configuration 340 pl so

I ncl iesk aulghdrnase; Ji [ Fer 4 dekta fifTter 34p, a
l i near iﬁtgrpélatJr?g%%Fﬁﬁha§§ﬁ*F§W€W $Iation fact pr

desct oo Rhove i b VR 4t on PB ¢re * B Sl eeoihe

interpolration factor is 1ess than one, there is no
need to forward any integer portion to the | ook ahead
H06¢] i Age Bd@polihen (gopep @ndelcompntelite 81 bit acdveacy (to the right of the
[nterpolati.on factor, are_distrihuted to the filter
bl T vifig h il el f OB or 348 as al so
descri bed above in relation to FIG 8. A re-sanpled
output digital signal is available at an output of the
l'i near interpol ator 3487k effovrgdttioahgrein as 6
o_converter data [2370] [ 0058} A schematic di agram of (6)
an exenpl ary enbodi nent of a inferpolation factor
calcul ation nodule 360 is illustrated in FIG 10. The
nodul e 360 i ncl udes input and output accumrul ators
HWs3| Te2poida dikideepempen. thiauersgell xsatii by nie-¢rlgelpted.
366. The nodul e 360 recei ves separate digital input
val ues indicative of the input sanple period TRSI
andt he out put sa e (per L@ ad RSOFrd F | e period 7
val ues TRSI, TRSgp%aé %% stoﬁgg in ?%?Seéfyse ")
regi sters 368a, 368b. The nodul e 360 al so receives a
' i nput .indicative of the system (i,e.

di git al : ., DSP)
Lqﬂg_ék_ o lications Whepthe S35 o IR pastowtRal frqauendigitovgia large
fanbk,The it Qation factor calculation accuracy can be preserved by appropriate

binary scaling of the interpolation factor factors, as shown in FIG. 13. The

[0064] In some embodiments, an integer relationship between the DSP clock and the
re-sampler output frequency (Fpsp = N Frso) leads to simplifications to the interpolation
factor calculation. For the source, it is assurable that 0 < p <1, thus there is no need for
a look ahead pipeline.

[0065] In the following example, a user generates a 40 MHz BW signal sampled at
200 MHz. The user data is zero padded to bring the sample rate to 102 GHz (512 x
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t he i nput accunul ator 362a. The accunul ator 362a is

i ncrenmented according to the processing clock TDSP -
wab@foeioetr accumul at or 362a conputes a fracti oP@l/US2008/083619

out put FRAC RSI , providing it as an output to a first

i nput of the adder 364. Simlarly, the output sanple

period TRSOis input as a limt into the output

accumul ator 362b. The out put accumnul ator 362b is al so

i ncrenented according to the processing clock TDSP -

ﬂj@l\/ﬂﬁt)p he 266 N le ?h@gﬁnéét%mta%t%n@atéd %‘F{hiegﬁgjphase FIR filter.
out put "FRAC RSO, providing it as an output t

$beogoaliingppliedfo theeonduter witeh conhenssmootedhal fiputings (4Xe
adder 364_.js sign-invert. b echni qu wn to those

STPpIaion FltEiel TR LI 0T Sk T igh iR e converted
WA B of Wi Berd @ @t Mo REEinSUMY) r&&Rnkd) Hljﬂstl%,athé' Bnal 5w PSass filter
input Tnto a third input of the adder 364, such tha

tameoveithsponpdrter e stfuplingdewgeepr esent s the val ue Tx
E{E’Iﬁa S %1% r'nergell}?nclséﬁ?ghegs%%%?e's I{It’?ené I%\’\I/Ie grﬁsgg G aNares f8, E[)I?eelglaegrd ﬁ{erpolator

erm nal

g0/ im@Riplies thewutpud 66the taRa FiRELI0OMAI e 1oMRDIbite dNtHe ineaput
into a _second divisor input of the divider circuit

@ polatiehiactos(c. anlaier bils 2V&shpavion Rlige4ti Thegaempiarg di-bit lincar
. . H f X .
PiSbRCly RERTTARRL BobR, | LROROLSLLSI, LR coupu or e

Exempiterpylaeiri3odiismglit sbifted faracd gnredterdetl) OO pusibet @lilis, ¢.g., 7
L Pl e eSS S B2 et Syt e wre
§dadtup/) HE sARdarhDRR (8,22 By aME&EIEN) BoMAdEs stdiRE in ROM 318b.
I nput "val ues are proceSsed according to the schematic

Th¢ ostpniadatoal, thisibédaki im thenhrd dedhtorthe FIRAG HShe mafdi prilyrvabgy/filter 304.

FRoR7E B G S s A0 R e SRR g TS ek s mode. When
tHIMybadsdhdRSs 83t Lat PEREL SERANALIGRIGINES th® sdriile S48 EsMleHEr
illustration, yielding the value FRAC RSO -[0060]

nabidengipolyisa ndrdvsimatingrdBI ool byaetsed/ Datg sntotsethe re-sampler at
BRI R et B BB e D AR RRS o sampe
plcedsingt IThis mbde Pric®lles er acdsSOtotthe LGRAIDPsamilés). I8Sh access
would be useful if the user were to perform an FFT on the captured data, the user would
see frequency content up to converter Nyquist (F4p/2). Bypass mode also allows the
user to employ the data rate converter in an under sampling manner, provided that the
analog front-end allows this situation. A tone at the ADC input greater than converter
Nyquist is aliased back into the band between DC and F /2. At this point, the data rate
converter in bypass mode will not perform any processing on this captured data.

[0068] In some embodiments, the re-sampler low frequency input pipeline, data look
ahead, delta filter, linear interpolation, and polyphase filter are implemented with a multi-
cycle state machine. For example, one a multi-cycle state machine utilizes one 36 x 36
bit multiplier through which all of the signals can be processed. Such hardware
efficiency is possible because the required output data rate is much slower than the FPGA

DSP clock rate.
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[0062] To avoid a divide operation, the inverse of

TRSI can be pre-calculated. P = TRSO ~ RSO +F RSI ) (F
WRB109)6307) [ 0063] I n applications where the raPQgEUS$008/083619

i nput and out put frequencies cover a |large range, the

I nterpol ation factor cal cul ati on accuracy can be

preserved by appropriate binary scaling of the

interpol ation factor factors, as shown in FIG 13. The

[0064] In sonme enbodi nents, an integer relationship

Fﬁ% eﬁefeli‘ﬁnr_%%a: 1€, q’Q Ky lﬁe& Hllagraﬁ?ﬂl‘ﬁ?t@ raan‘l’tEHl'ﬁl{we embodiment of

equency to sinplifications to
arh @cquntu@;tqzxtﬂndtmt@rpoﬂzamn@;alcukatwLspllratmt 600. Fhrrpltalse agoorudaor 600

l‘%ﬁps aalb {ggeaoé; %%qa © Ct)%\(?tgfg?apt heﬁ‘% %1112}1 ml}re? q:ks and the

RXATRIpRasca bHﬁ)@ren GRRCERERS Bhidbaf¥tdad Béd\étw&ﬁlﬁke P86HR1a€6n can be
at 200 MHz. The user data is zero ) to bring the
Fﬁ,ﬁz to

gspaplyes &aatpée tage A ez 005340 FXG 0% TFeaveote vspt’s signals
?&\%leﬁa thre Sver{T? gler%k AL F%cfé %%I%gl*ﬂgy Tilh?e-g)a ﬁi@r ; %{d consists of

iTter e stgnal I's ap e COI’]VGI‘

e®fpai da pfpeluliﬁ ®fth adokfachuad 3027882, (ﬂp@lypmwlﬂnoﬁaéﬂ 304, 344, and a
filter. The mte}f&n(l ated signal, now at a 533 MHz
B&% lnzc_terﬂvala@r 308 Vit B d 1609 nrkicgg-sampler 349 e 8 sewge ghannel

FE é e '92 te?keé dﬁ‘tﬁ {4 £3R9ARA: uséﬂ‘a{el ahd &ﬁ:lcgg]@c{té) gut a?‘ﬁ'ff?;@gf Tonverter

fovVes the converter rate
[d0O6Ble tersample3600e atoapmlt'ﬁeclmam:ll(egr al(é 8:)ctmk/ae rdhmrmahmﬁmd

in FIG 8, the |I}t}): i nterpol a or qj;’%&)8 nultiplies the
BRIV UIET 81 fFor8 thfef A hCamV PR ANS 9 a P e VigTYal ugr rate.
fdv9o] i ﬁﬁ@ﬁcdu%ﬁit@@éaﬂtdugﬁf 1%%5&51& St datLL %@b@ wéd8he DSP

shown in 4). The ex lary 14-Dbit
tlotler bol eacam@h: fhect @:an hea(hgegr 3 m(pm da0a pq_l)lts quahﬁfbdefor every DSP

Py DO e BB T Supnl fha BifR el ik Y ey R I dngle i

BCuphulH&HsD0 o Ricks theBtde of the Bédl Sime WohSertc? cHRRE & example, the
conpensate for situations in which the delta filter

aesantuldorei0dragks Blestadd eldcagh CWW@ClédﬁeA&ﬁm’m‘ter cloclgreset event
ﬁ’%et@ tl{e co ogrt ?fclo%p c?ﬁ@gﬁr%ﬁlmﬂ% (% eﬁgr Aé‘plﬁg?/lthat%ﬁ%se two are

ut Ut ata o ena

guichuﬁuz@ﬁ This roRit Bvqohigp dasieesiz). | A@onviddr cloO st dvent typically
sone enbodi ments, t he sanple rate converter includes a
B3npsasalifs dePOWAR EYFLE 106 06% syastipphic Gvents dhe phpsq aegupulgtor must

FURAUANLI R BN UOR RlndibESRHIP! € rate converter

[0071] The accumulator 600 tracks the state of the virtual user clock. The user clock
can be reset, corresponding to time #;. A reset of the user clock resets the user clock
accumulators so that the exact run to run timing repeatability can be assured. Such user
clock reset may occur at natural break points during normal operation, such as at the
beginning of a test sequence in tester applications. The user clock can be tracked in
terms of the fine resolution, or integer fractions thereof. Preferably, the user clock
frequency programmability is binary fraction period based. In an exemplary
embodiment, the user clock period has at least 10 ns / 2** resolution, and the user clock

range is 5 kHz to 400 MHz.
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i ncl udi ng pol yphase and decimating FIRfilters is
bypassed. Data enters the re-sanpler at the FA/D rate,

W@rwInsee7 | eaves the re-sanpler at that sane rBCEUS2008/083619

wi t hout any re-sanpler processing. This node provides

user access to the raw ADC sanples. Such access woul d

be useful if the user were to performan FFT on the

captured data, the user woul d see frequency content up

to converter Nyquist (FA/D/2). Bypass node al so

floeps it g@n@&ﬁﬁocﬁﬁﬁeﬁt@ Pl @Yay HEkERLAIAL S ?LA;}QQIY 6& B(f‘cfed' Ruch a delay
an under sanpling nmanner, provided tha he anal og

br sketv- erhet will diwstivély shigi the andlonwayefoomen @ne rdlgiveDCa digital

ter than _.co vert i s,alj ase bac
R e eBliRbe HRRRIER bc s TR caRpR phfHE Bl requiring o
SiReglahBres Al cRRIVRS ﬁs%? clioBk BY MRS VEREE cek.| TRine embodiments,
perform any processing on this captured data. 50068

th@ sk@mablrrtbl@@a renge of 4mh eng e resahvpior of hidgast ﬂb@}ué @/ 2° (that is,
ellne e delta fi | i near
pRAPEE 551 B enfi@hlon G SUBP6r i bk ety BffRhored

vorhpleRYTUFdri eaﬂ)/ﬁél-@n@‘léito@tpw dita POint,OMpPR¥AAP k& san@l€r idterpolation
mul ti-cycle state machine utilizes one 36 x 36 bit
fAgiati pl i er through which all of the signal's can be
processed. Such hardwar fii DENT I S possible

because the required oéf g? DIA T ®)

Sl I 06rate i's much slomer
P P
E’gﬁ’“’a?t RE{P%E&? r&*%\‘&?%ﬁﬂ%#ﬂ%@?%# ﬁ@nﬁﬁ 5 g%ﬁ%‘{}?‘%}‘é%@ &Rt recent re-

ﬂ?ﬁttcl&{k AR RECUBUh8 tRfrerRMIEA S1b&! BQh@hdoSyecent re-sampler
calcula or circuit 600. The phase accumul at or 600

R@Ep@ﬂvﬁ%mkh%@ﬂﬂﬁéE@Pawﬁkdﬂc he real tine converter
TR SRR

pRalsdon RAlQE, MadsineBeseah t@ﬁa\tésﬁdctbynéia@aﬂimla@orﬁ apﬁa‘ung in an exact

converter 300, 340 (FIG 8, FIG to convert th
viader byingsg @qkafi%n%t hewsrihe H@r@mé\ﬂﬂ@@ Széma%qtze,slrmlﬂug@stant period

&Jsgl‘ﬁhoﬁi OKBrh@[ﬁod ﬁ'ﬂ?at{s&’uﬁg ﬁfgolg‘&legggg 33%‘8%?30%2 Q%ﬁ“zcl&fk @hain is

I nput data p ine wt
mqhyp(h aGac EldR 1fn|pldnmnta3©4 prdddcs aasedomal det o@kact) phase accumulators

SRR B A RRSh P ol arppeichSyiAedile SegRea TR wstem

él‘bcl@dé(rhﬁﬁﬂé@{he%ﬁfcmfeﬁ&egi_ﬁﬁﬁbd%é’éi%@ swdlabRalyt Adkecéhd
fixed converter rate he re-sanpler 300 on a capture

Uhpinmemta‘@@l gouldhe® n@p evaygbredanderlynn@sysgent tlhoelddomain user clock
te fr éhe A/D c er and produces
a

{év ggfﬁ fyd{l el%l}t orfjaig pseraloc ocY< sEattes
[0074] The complication of having to calculate the interpolation factor from the states
of two time accumulators comes from the fact that the DSP clock, re-sampler input, and
re-sampler output frequencies are all different. This situation is simplified for
embodiments in which the re-sampler output clock is the same as, or some simple
multiple of the DSP clock.

[0075] The function of the underlying system clock domain user clock time
accumulators is to keep track of the state of the user clocks in terms of underlying system

clock cycles (#) being defined according to the value of an underlying system clock event

plus a precision system clock phase value at the user clock reset event). At any given

20



[0070] The accumul ator can qualify re-sanpler input
data synchronous with the DSP cl ock. For exanpl e,

W@ b@peewan be 0, 1, or 2 input data points quakCT/Us08/083619
for every DSP clock. There can be 0 or 1 output data
points qualified for every DSP cl ock. The accumnul at or
600 also tracks the state of the real tine converter
cl ocks. For exanple, the accunul ator 600 tracks the
state of each converter clock. A converter clock reset
YRy g%?@t’eﬁl d15& SRAVEE {41 ek o PEFUANLBESS §0Lﬁ‘1'f’sds11t1&eto needs to
conv cl ocks so that these two are synchroni zed.
thlsowresmrd@vte bt abledo ddtefmmsslcalty sebect enverctek cytlodk match to a

et . event t i.cal l appens a power .cycle
bR e R B Fent RARSRE Fh s S0 B BETd o fisaflo be
Hﬁsv@mag heinpeny erd @tsaﬁiperfkm&rpe%eﬁ FARS QKAGoN: FbOBOiA LS these
The accunul ator 600 tracks the state of the virtua

neagls, twhobkm /7 kethg seirerlvpdalaag syséen eloek cvand ks astadis angagured.

to tinme to. A reset of the user clock resets the user

cl ock accunul ators so that thif xact run to run timng
repeatability can be assurledT ‘Slieh user clock reset ©)
may occur at natural break points during norna

eration, such as _ at ,the beginning of a test sequence
ﬁeﬁeag iSiMe pipes o at ihsﬁ\?; undqEy g sy steMGiack Saptpd it thgdpatper of
' t Utri n :
s B R R S s b TSy AR ndertying
pystp elontgbiel ,il0ysi s blnary fraction perlod based In an

| ary enbadi nent user cl ock erlo has
BT Bl en Bty i asrmiogi i eer g K Bendtvapggrac
b Rtdthind Ge H0R M- thOR&2]scl HoSONE oﬁﬂ@s‘ég 'thFé's‘faﬁte \@hlch would be
del ay or skew val ue TDELAY can be added. Such a del ay

the tisrety thaherd uwrldlockd.f Ebis icyeby rephdstnted mathemaliogly by
waveformin tinme relatlﬁe to a digital subsystem

reference. Beneficially, €eh™4 g%tay val ue can be (10)
changed wi thout requiring a subsequent reset of either

the, u ock .or..th rter c one

B Ao e B e Rob o B R Elofl e SRS RReclaplgperiod. and,
58 $0Mhb i N PAbpeddtor. EBRImAROUSS HBasifing tiR3And trBAtthé fst user clock is
0.0023 fs). I'n sonme enbodi nents, the value of TDELA

paferpde scethetresldze@rmeth@d farghis applicsg ol becailsy of Ft@rsneam in which
{hﬁf arrg%r ittq?lg uérl;,%%f?k &R sI pretr ’refgreﬁpeu&gd(t. hl% this cgsae%ul%ple residue

values would need to be generated, whereas a single time from the last user clock (i.e.,
FRAC) value is sufficient.
[0077] In general, a user clock synthesized from a reference clock will be a rational

fraction of the reference clock, that is,

A
F, =F_—, 11
u. refB ( )

or in terms of time,

B
< (12)

The A term can be fixed so that 7., can be expressed as A Tesonrion, thus combining

equations (9), (10), and (12) gives
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P = (Tx+ TDELAY) / TRSI , (8) where TRSI is the
re-sanpl er input clock period and Tx is the tine from
W@ b@oe®e7 r ecent resanpler input clock that preCEUS208/083619
the current DSP clock to the nost recent re-sanpler
out put clock in the current DSP cl ock cycle. [0073]
For applications in which tracking of the user clock
is required interns of a fine resolution value, it is
necessary to have exact time accunul ators operating in
an exact underlying clock donmain. Thus the user clock
wi || be synthesi ztanjt ik Edistant p€fing,. Fesolution. A (13)
nmet hod of translating the underlying events to the DSP
clock domain is required. One such inplenmentation
provi des a second setFrot, { exlagt.), (Phd$eBaccunul at or s (14)
602 operating in the DSP cl ock domain that are
synchroni zed to the underlying system cl ock domai n at
The lunelioe Ndé®cRispaiptemdnétdie dardwaee ssvomddutai hgccumulator where the

second i enment.ati on uld be.to map every three :
TAGRAS PG sgsrenP Bttt tant Sl el b pbSfhdertying system
dickesddly i nto ei ght DSP domai n user clock states.
[0074 The conmplication of having to cal cul ate the
(978} pSinge ithrrefsamiplar operghonsapperaeesy sk, o SP) dheck cycles, the
T elfllnynl ast A &8 (,’?onfmr'r(l) 1mteha%c1g a&ltatotr I'V]altuet eli]re mI%SPe Jtootﬁle( DSP clock
re-sgnﬁigr |npdi, an re-sanﬁPer out pu Fre&gen0|es
asaial lf Wisfrhgypeny is dbhe s/ithblituatid @fmifscdduciihich b@erk @k introduced
enbodi nents in which the re-sanpler output clock is
RNt Assugglateg thus Sieamapmpg eanhg apppxémaie. tlhe vijgps ghogakbelow are

' . BY stem cl ock
g%%%?%p%§€?3§{§%lﬁ@?ﬁ%°%%§ﬁ#&ﬁ§%&%§ﬁgg%¥o keep track
of the state of the user clocks in ternms of underlying
system cl ock cycles (to being defined according to the
val ue of an underlyi dg9&yst Wh@béé%Aé@éﬁt plus a (15)
preci sion system cl ock phase value at the user clock
reset event). At any givegynder%ying system cl ock
event the total nunber, of fbrne pPe I.on counts since
to needs to be known ﬁh_QLg%L ngﬁgkgﬁ%g to (16)
determnistically select a user clock cycle to match
to a underlying systemclock event. The tine relative
to the user clock also needs tg be known as an input
to the re-sanpler inter '6@;ﬂd§@@ﬁﬁﬁalculation. (17)
For both of these resolution

[0079] The converter clock time accumulators are the same as the user clock time
accumulators except that the converter clock accumulators are reset by a converter clock
reset event, rather than by the user clock reset event. The converter clock frequencies are
much more limited than the user clock frequencies so a low resolution accumulator will
be acceptable.

[0080] The case in which the re-sampler output clock is coincident with the DSP clock
is treated as the virtual re-sampler clock occurring “after” the DSP clock, leading to the

implication that FRAC values are always greater than zero.
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needs, tinme fromto to the current underlying system
cl ock event is actually neasured. tN = Tref (9) where

W@ M0v®6IeTe since to at the N underlying syst ePCTUSIKS/083619

event, N is the nunber of underlying system cl ock
cycles since to, Tref is the period of the system
cl ock, underlying systemclock, i.e., 10 ns. [0076] By
expressing tNin ternms of the user clock period, the
fractional value FRAC can determ ne the tinme since the
t(ﬂ)%tl U$Lhn & gﬁg}f rg%ﬁlbgﬁﬁ’l%?dd Js@r El@c?k g&ﬂge ré@(&lir&ﬁeﬂ’t’thgﬂ RB1z down
|ne tot ext user clock

Ke@kﬁseﬁhed%ﬂ&khbﬁ@tﬂwaWhyhbynﬁmamﬁsﬁnebmaﬁwnepomn(10)
in which FRACuser is the tine fromthe |ast user
cl ock, Tuser is the user clock period, and, (r) is the
nodul o operator. The y@t of neasurlng the time from
the last user clock |1§7§£%ge¢%%ﬂ09<tb tHe residue (18)
method for this applicifon, because of the situation
in which there are nultiple virtual clock events per

| mul ti pl e residue val ues
ﬂﬁ&qﬁ%ﬁggéﬁkgﬁﬁgigg%%#é?géﬁﬁghereas a single time from
{0082] ai;lt sqm@embcbcbmknté,l user ¢clo¢kRAG) basall oe intsges ulidreroe@ndf period. In

0077] ener al er clock s nthe3|zed ma. .

E G ot & B At o Biese Felfriad G?W%E}tﬂi‘eo%{lajﬂg gngligital clocks,
ﬁ@\b@\re? BRE A 88 Kiost Q@Jugh%r (Fur%Rph’dﬁtlBﬁss (The BEasidt cbﬁd'e'ﬁ‘? are (1) FFT
of time, Tuser =Tref . A termcan be fixed so
phigts rw111 dare ﬁeal@gp, asd é@regfgre/gwrer gswicatswesultshagd (2) there will be a

nbi. ni . ti FraC
S T PRI At s bl i Vet cer o "
f0083P! Uhe effedtNf AreftioncB adcurdd)onldiee &/Ml% 1 tdh s 1€dio Bas measured

I's inplemented in_hardware as a nodul o accunul at or
i a rectangalay afindow\FET qpalysis Friaepmge b appreximately. See, for example,

g?/vzl{ﬂg %&ﬁ%ﬂés‘?’tlg %88 Enb AT a2GEATH R DPTISEE RatdQI Ko 11 and

Max, International Test Conference, 1988, incorporated herein by reference in its

entirety.

T/2

(T3/24)(a)1 ~w,)

SNR =

(19)

where 7'1s the duration of the captured and analyzed signal, @, is the actual sine wave

frequency, and @, is the ideal sine wave frequency, which can be expressed as

3
where M is the number of sine wave cycles analyzed, and e is the relative frequency
eITor.

[0084] Tests conducted using a simulation software application indicated that the

correlation is better than 0.1 dB. For a Nyquist frequency, about half of the noise power
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cl ock cycle. [0078] Since the re-sanpler operations

happen on system or DSP cl ock cycles, the underlying
wasEpeesoet ock domain tinme accurul ator val ues aPEI/LBPLOB3619

to the DSP cl ock domain. If this mapping is done

wi t hout | ong term feedback then any errors introduced

wi Il not accunul ate; thus the mappi ng can be

approxi mate. The val ues shown bel ow are for exenplary

cl ock frequencies of a re-sanmpler instrunment. Frac u

1s38hccHi@RAliH the@- L Do thefois gh )SFf)i{q}mfatlonT)f-g%?FS dB. AW ith large

(source) (16) Tresol ution A A (digitizer)

FETY (corsidérintg zopra{:tmﬂﬁﬂmtTdféM@ lane totvenmset oskumemte, The SFDR

ARG B oBBuprn Ja R SRR R ™

FODBS[TUAAlSF Slodkt R:sbIREBH oPY0 As COMYEE BT Gloikds) [SQ‘§?jlred to achieve
event, rather than by the user clock reset even

EDhdB SN dhing kher Y- efohsicen! esceclode herimsk iesalitiorn @qulma@nt the
th | o uencies so a |low resol ution

gggﬁﬁu %%”%? Egaacceptable [0080] The case in

whi ch the re-sanpl er output clock is coincident with

the DSP clock is tr irtual re-s I
cl ock occhiase dyift a e%ﬁgm %&}( [((Badk, Freealicn &iﬁa)l 21
i npli cation that FRACZval ue$Y8fe al ways gr eat e¥ece

zero.[0081] In an exenplary enbodi ment, a user clock
range requirenent |s 340 MHz down to 5 kHz. The user

clock tipp 3 ag%ﬁgu or 22ustcondre @?ﬁ %@kagle 140 dount (22)
00 <

1/ (5 kHz) 2215 - cykle ( sBoridus” T4elbrds
are required to cover thls range [0082] In sone

enbodi nents, user clocks are based on |nteger
|nuamMS(ﬁ en% In
/ hour.

or 6.8 ps / minute; 400 ps
[0086] The range of p is derived from the extreme values its contributing factors.

Ignoring Tpgr4y, the minimum p value comes from

TXMIN (23)
Py =
Ty
T, =Tio—Fracgs, +Fracgg (24)

FRAC values range from (0, 7, thus pagy is nearly zero. The maximum value of p
follows from the maximum value of 7}, and consequently the minimum value of

FRACgso. Namely,

T)C
Pusx =—— and (25)

RST

T, . =Teo —Fracgs, +Fracg, . (26)

Xaax

[0087] The minimum value of FRACgsp occurs when the re-sampler output clock

happens immediately before the DSP clock, then FRACgso = Trso — Tpsp. Thus,
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general one will not be able to achi eve coherency

bet ween the anal og and digital clocks, however one can
W@Ri09063922 enough for our applications. The arPE®U8$008/083619

concern are (1) FFT outputs will have "l eakage," and

therefore give erroneous results, and (2) there wll

be a sl ow phase drift between anal og and digital

signals over tine. [0083] The effect of frequency

accuracy on sine wave signal to noise ratio, as

measured by a rectangul ar wi ndow FFT anal ysis is known

to be approxi mately. See, forTex le, "When 'Al nost'’

is Good Enough: a Fresh pook-at* LCl ock Rates, " 27)

Rosenfil ed and Max, Internationdks Test Conference,

1988, incorporated herein by reference in its

entirety. where T is the duration of the captured and

Bnt thatdar Sieghedial camishiowniligbova it wilich drywe= Waiese. K being an integer,

h
V%cf\gﬁﬁ@ge\’nre-sa&gle?ﬁ’ S‘}Eé 1obK ‘%ng%gﬁ ej]bgﬁ ﬁk’éﬁ?ggf ?gﬂg@f\%phase
MQsCMzgeﬂwmydmlmkszR@ ne suelvecaycl es anal yzed, and eis
the relative frequency error. [0084] Tests conducted
using a sinulation software apgl ication indicated that
the correlation is better Tehan/Qo ¥ 1B._For a Nyqui st (28)
frequency, about hal f 1t~ T he npl se povverl S
concentrated in the M1 bin, so“there is an SFDR
l[imtation of SNR + 3 dB. Wth | arge FFTs (considering

g)(lSBPC trhé dltedpbRitibn @t dpreddifk 1he VelR Sghakdstt thy Eﬁagﬁtﬁpler output
he SFDR |imtati on due to non-coherent clocks shoul

pleclp et the re-s4vapi crligpuidito gko O8s|re-Aamler ingdrpelrics a8 opiprt rﬁiue by

ol 8%q o0 R o Busi RREMEAE (LB SERAGEA iy vt

blaokd(ingehd @dalrremdleiph30) AarRigHen @iEpdlatiddiéndatlly Setvwids ehe two

phase drift will be uj r > - Phase Drift (21) J
results. The SNR of such a re-sampler is known to be

80 I Sfilter
SNR > —22 (29)
«w

X

in which /s, 1s the number of polyphase sub-filters, and @, is the relative bandwidth,
27 BW, [Fy - See, for example, as described in Introduction to Digital Signal

Processing, by J. G. Proakis and D. K. Manolakis, 2" ed., 1992. Furthermore, the linear
interpolator itself is in fact a polyphase filter with an SNR of

121;
> erpolaror (30)

interpolator 2

()]

X

SNR

[0089] Any automated test equipment, instrumentation, or communications system
would benefit from this invention, because it leads to simplifications in the design and
implementation of waveform digitizers, arbitrary waveform generators, modulation, and

de-modulation systems.
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or 6.8 ps / mnute; 400 ps / hour. [0086] The range
oip is derived fromthe extrene values its

w@owoeoet i ng factors. Ignoring TDELAY , the nP@i/osaon083619
value cones fromT - T n - Frac R W+Frac R, (24)
FRAC val ues range from (0, J], thus PMN is nearly
zero. The maxi mum value ofp follows fromthe maxi num
val ue of Tx, and consequently the m ni nrum val ue of
FRACRSO- I\Iamsly, -and (25) RSI T - n - Frac R!In
[00o8F Wiile thé ﬁ@ferfe%%odm&lt Tha K/Ms\ﬁ?&ﬁﬁtl% chiBmBRS of the
occurs when the re-sanpler output clock happens
inveetdinelia peedistlesclhad OSRribEd okdetaihbercBRACRSOe=appRSO to those

- . - Th I\Iotethtfor he s sho o
BTG e i i sty e ission Rl minos Hegereinyihout
ol othhess't}Jmﬂ ¥ sbBRUhegbpck TRSO and the DSP cl ock
TDSP a ned phase,  FRACRSO al ways equals TRSO- In
HWOOm] aI geld b13 nouedﬁhart the Re@plesRbBtmtqdicren prould imno way be
gn%esr%)re%ed s%niu%e%otﬁg Ilspl p ancf hgr K6 tlh? 'ij{e%entl Vcetnaoé n any. u%ypu"{he

esents ere IVG se O e re- sarrp er

§ﬂd@£ﬂ© dx@m‘phs@ ah@ 1rﬁp'\lﬁﬁ1|eﬁtfat1b1ﬁmt: siidvacksre T&@uﬁ@s&@@mﬂlﬁﬁtratlon only.
[ ates an output value by applying two of the

t
Ié?lﬂ e\%ﬁ%@smﬁ Bt DiskuaEsd caihpdiment ébesnmer ﬁ¥ ptaer Endbatiter may sgmain
Ml?e{lfé?e%l \pﬁ&%g& @tot fdr@lesal\}\lg[eetla?et do\ﬁ@et@%ﬁsﬁ)alltgﬁl%lg_{:g{ﬂbodlments

I nt er pol ati ng en the two resu
ShRiafal staek nﬂlyl‘he aslded)bvﬁhoutsieiimmgl fiom the si@NRadd $dope of the present

invgrgt?gn.
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10

11

12

13

14

in which Ibiter is the nunber of polyphase
sub-filters, and wk is the relative bandw dth, 2p

wBYWeees027 . See, for exanple, as described i n PCT/US2008/083619

Introduction to Digital Signal Processing, by J . G

Proakis and D. K Manol akis, 2nd ed., 1992.

Furthernore, the linear interpolator itself is in fact

a polyphase filter with an SNR of [0089] Any autonated

test equi pnent, instrunentation, or communi cations

system woul d benefit fromthis invention, because it

veads fsocpaiNted igations in the design and

i mpl enentation of waveformdigitizers, arbitrary

wavef orm generat ors, nodul ati on, and de-nodul ation

$yst eﬁsm@tggcb 6 rytmiconvarteg parerfled date cempasingrent and

vari ous al ternat) xs, GaDodtIEN! 2. QNS o IYSRLL AR NAYE:

been di scl 0s&d §h8pJescr|B%H3|n et'& P hér ARt nay’

be appar entecti®idghoggusitichede éMmntdigpasimpldatockal if@ify from the
changes in formand detail nay be nade therein w thout
Heghrame cloelohy # REN4MPESIVali§d” scope thereof. [0091] It
shoul d be [ r kel

shoul d i aen sk PG A S e A G LA A and outpun
samapls cloples ofd 4 precs@seodk, wheent ¢ach off theanyutwayg outplhesample clocks
speci fic, ex | es and i npl ementati ons are shown here

f rln%ﬁﬁmgg&tﬁ? PIOSETPREIPER only. And, while in the
preferred gabedhigh ih@/HMHBRFAO asSE @h&Fon o thdBiput sample clock,
filter may remain unaltered when nodified to perPorm
tharmpimeit sanple el el thadetemmiatd wiatmnshups eativoeli eashtoé the input and
addi ti onal .states nay be added w thout departing from

PRB R T B3 SEer s TR tish " went on. WAT 1S

CLAI MED | SgerbratihglBRii@dath @k afgdcBios @A URIAh i UamamRltedinterpolation
data conprising: receiving i nput data sanpl ed

fetosr whergintthe awpiingsts cormaypomnsls ¢ deknput detisginplpdaceeting to the
indicative t put cl. If i.ng. fro
B0, M-S PURRE 4 P8 5 b0 o e
dethebuipoi senplesipelct i ve rel ati onshi ps bet ween each of

the input and output sanple clocks and a processor

| ock, wherein each of the input and output sanple . .
&1 ock Shemetionas ﬁgﬂaénWhFlieB’rﬁhP At qa“rdgaeé@gweg EepRRckvely relationships

between each of the input and output sample clocks and the processor clock comprises:
determining an input phase value indicative of delay between the input
sample clock and the processor clock; and
determining an output phase value indicative of a delay between the

output sample clock and the processor clock.

3. The method of claim 2, wherein at least one of the acts of determining an input

phase value and determining an output phase value comprises using an accumulator.

4. The method of claim 1, wherein the act of determining the interpolation factor

comprises:
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determining an interpolation factor as a function of
the i nput sanple clock, the output sanple clock, and

wa b@getoer mi ned rel ati onshi ps between each of PEEUSIVPRI083619
and out put sanple clocks and the processor clock; and
generating output data as a function of the input data
and the interpolation factor, wherein the output data

correspond to the input dat%yéangl d acco dlq% 0 d
out put sanPFEEPBEE TRRRY 8¢ FAerencs ‘@?q“ut g Ot et Eﬂﬁﬁ%t/a ucan
g‘@tlﬁf‘)(lft ﬁaﬁﬁ@et\lﬁﬁle' AARULbIERAARE el RGKitQ difTEreRsH Rbth a%%h ®f the

clock. 2. The nethod of claim1l, wherein the act of
d@PeMﬁmmwh@O@égpéctlvely relatlonshlps bet ween each of

t he i nput ou sanpl.e cI pr.ocessor
cl ock conpti Vé%‘%g ﬁ‘%éﬁe ST dr%‘a%% &6“8{%8&16 ‘Eéample clock.
i ndi cative of delay between the |nput sanpl e cl ock and
she prTaeastd oflchik 4, ahdretethe hol dTide@riathigtithp ldlhaﬂ&hﬁﬁﬁmprises:
val ue indicative of a_delay between the output sa ,
cl ock and ﬂﬁ@nﬁp@@@s@ﬁﬁreeﬁ%wwe@ the RBHEPIMEE V@lﬂeén&%mput
EMK@Q f,ein at |east one of the acts of determning an
nput phase val ue and determ ning an output phase
val ue conpmﬂs@muM§ﬁmgaqmnadmﬁﬁwkmnnnsmﬂpbfh&kmeﬂﬁ&dnmébaweml

aim1, wherein e erm ning the
ﬁﬁﬁ%%%%?g?$dﬂﬁ?§€§gpIE@HﬁEF “HYefB nining a quantity
as a diffepgng ?tobtﬁé ‘é‘@cﬁfhc{eﬁ%éﬁ%ta%étlayp\th@%e v&h@le‘ﬁ?th@%‘fhﬂuh@ampled
i nput phase value and subtracting the dét er m ned

dith fissdedayed i timmpaopetiored tothe dhley oaluput  sanpl e cl ock;
and dividing the deternined quantity by a period of

e of R BTl St 35 e Rin AR SIRVIRE I RURIT o | <.

determining a difference between the output phase

yal ueThathethod of Bfith 1phater V(&h}blésmgubﬁuﬁgiﬁlbtm@aﬁ b@m@aluentlal set of
peri od of t he out put sanple clock, a differenc

perhwerleddaty it puprsshicdy Nag a?é:haﬁ%aofilﬁéuﬁ Sﬁ@med&%?saésomted with
X%sﬁ@ctw@@&), different sequential sets of data being accessible through respective taps.

8. The method of claim 1, further comprising interpreting an integer portion of the

interpolation factor as an input data look ahead.

9. The method of claim 1, further comprising making a polyphase filter selection

according to an upper fractional portion of the interpolation factor.

10. The method of claim 9, further comprising interpreting a lower fractional portion

of the interpolation factor as a linear interpolation scale factor.

11. The method of claim 1, wherein determination of the interpolation factor is
repeated during different samples of at least one of the input sample clock, the output

sample clock, and the processor clock.

12. The method of claim 11, wherein determination of the interpolation factor is

repeated for each sample of the output sample clock.
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11

12

13

14

15

16

17

18

adding to the subtracted result a delay val ue, wherein
the output sanpled data is delayed in tine

w@e@poeioebnal to the delay value. 6. The met hoRICD1S2008/083619

claimb5, wherein the delay value is selectable. 7. The
met hod of claim11, further conprising storing nore
t han one sequential set of input sanpled data in a
tapped delay line, each set of input sanpled data

ated wt ti , i ff t tial
o O “aarii g SERES syt ARk st Fed pu B ¥ atPi Bt
Sompiigngret hod of claim1, further conprising

interpreting an integer portion of the interpolation

factor as art¢apyeridatcacivimgknpi da@ sagplettaecorgingdel awfnput sample
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hdvording &y oduapiteampRci&k, thhQate ThaveMet bpdatdig 4 lagirddeSsing clock

further conprising interpreting a | ower fractiona

Pt thabis iegependent Hp@rshdrmel e inpaEsasiplaslogk pidydigoutput sample

Liter pol ation scale factor. 11. The nethod of claim1,

&heﬁein deternmination of the interpolation factor is

repeat ed dam acegnuildtdrecediving anppreseseihg atock @aad tordipairaf to monitor a
.sanpl e cl.oc

the jnput sanpl e clock, the. output k d .
f%%‘% DESEHIT gloge Rr.lcf tff!eterﬂ]éneprsgn?aavw ogplps af ea%l? of the input
mﬂﬁﬂgb%cgﬁﬁ@ﬂﬁkﬂﬁhhgﬁn@Eckﬁﬁtéﬂk%ﬁ&ﬁ%ﬁkbﬁﬁkfﬁﬁﬁOr I'S
repeated for each sanple of the output sanple

cl ock. 13. Anindppelrbenficfon circohineronimgnisaivplvath tiatecumulator and

roma first rate t second. rate conprjsing: .a rate ..
st R bRt FERRFut 8L for SRS tshthicnSe [dfdapsnivs of
EAYRW ISP aflpREH o A hdGRO P UI Rechpl OclBEIOGURE pRIERBE clock and
data indicative of the input data sanpled according to

eenlutqsite celgrislceancintsemolatidicdlagtar baviemhatdpasean bipner Srfteyal portion
; ' e )
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and. configured to nonitor a sate of the processo

f r. .
eerdtguredg cppyiiethe imHiuh datp & e outnpe dpta paf ifigiedian g thsrinterpolation
gRagh of the input

14. The apparatus of claim 13, wherein the accumulator includes a plurality of
registers configured to store values related to the input sample clock, the output sample
clock, and the respective relationships of each of the input sample clock and the output

sample clock to the processor clock.

15.  The apparatus of claim 14, wherein the accumulator comprises a modulo

arithmetic function.

16. The apparatus of claim 13, wherein the rate converter comprises:
a digital input filter in communication with the interpolation factor circuit,
the digital input filter receiving the upper functional portion of the interpolation factor

and configured to filter input data sampled according to an input sample clock;
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sanpl e cl ock and the output sanple clock to the
processor clock; and an interpolation factor circuit

WO poogoedeehi cati on with the accunul at or and t hePCEUS2008/083619

converter, the interpolation factor circuit receiving
the respective rel ationshi ps of each of the input
sanpl e cl ock and the output sanple clock to the
processor cl.ock . nf| ured to.calculate a
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apparatus of claim 13, wherein the accumnul ator
PerETsDeRng WPy dits saied 3tdbg eutpyisappirslethed to store
values related to the input sanple clock, the output

rrpl
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wherein the ac unul at or.. conprises.a dulo arithnetic
FURRUGALOT Bt %}?em‘ﬁ ?th“JgBS‘F Clgquyi %ﬁﬁ%ﬁel%%}%e&ehgomon of
IRtifeRRMBRIEAoCONPri ses: a digital input filter in
comuni cation with the interpolation factor circuit,
the di gltal input filter receiving the up E

@appaping ¢lonaiarf 16, mdicrau theplagital input fidfet epmpaisgs a polyphase

f&nct T
& Qrfe{n urdeeﬁjta eEI Iter input data sanpled according to
an’i ng san‘pﬁ clock;a linear interpolator in

comuni cation with an output of the digital input
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daplemsitmy a deaat ortehd tioantaputons eyl die @b@nimlamv anjtkee interpolation

%Par atus of claim 16, further conprising a | ook-ahead
¥ &FCBEt ween

21.  An apparatus for converting sampled data from a first rate to a second rate
comprising:

means for receiving input data sampled according to an input sample
clock;

means for receiving a value indicative of an output sample clock differing
from the input sample clock by a non-integer value;

means for determining respective relationships between each of the input
and output sample clocks and a processor clock, wherein each of the input and output

sample clocks are independent from the processor clock;
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received input data and the digital input filter, the
| ook-ahead buffer also in communication with the
WO pdoeoeokat i on factor circuit and recei vi ng anPCHUSLes/083619
portion of the interpolation factor. 18. The apparatus
of claim 16, wherein the digital input filter
conprises a polyphase filter and a delta filter. 19.

The apparatus o | aim 13, further. c risin t |east.

one manory TEREGRT UG R 1 GRTSioG TPy B fanction ST npu
&R8f1E cRNhS oﬁt?ﬁt_ dalip1E10E], @hd iR rhiiddd9ElatidEshipEHRiween each of
apparatus of claim 13, further conprising a digital

thegrput apd ovlpyssmplaplogrrendithgpracessesgockonrd of the rate
converter, the accunul ator d the . nterpol.at.i o

Factor of raine PEEYTR T e o R RO GRORIRIHGR dota and e
fadpbledoflctorf widrtia the s@hutl AtLcdrRsporkie €O ififft data sampled
conprising: neans for receiving i nput data sanpl ed

aeconphag ithe uipHt sanple cleghihachy wiaconyping theipput data from the
VI [.ndi ' an out put sanpl e cl ock
gﬁ@f%¥$ﬂgcg?%ﬁ*#§8h&ﬁgﬁlI%%ﬁ%?% cl ock by a non-integer
val ue; means for determ ning respective relationships
bet ween each of the input and output sanple clocks and
a processor clock, wherein each of the input and
out put sanpl e cl ocks are i ndependent fromthe
processor clock; neans for determ ning an interpolation
factor as a function of the input sanple clock, the
out put sanple clock, and the determ ned rel ati onshi ps
bet ween each of the input and output sanple cl ocks and
t he processor clock; and nmeans for generating out put
data as a function of the input data and the
i nterpol ation factor, wherein the output data
corresponds to the input data sanpled according to the
out put sanpl e clock, thereby rate converting the input
data fromthe input sanple clock to the output sanple
cl ock.
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