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LOW SPURLOW DI STORTI ONDI G TAL- TO- ANALOG CONVERTER

TECHNI CAL FI ELD This patent application relates to
wonm7oMoasy t he performance of an anal og-t odi gi Pair/US2006/036413

converter, and nore particularly to inproving the

spuri ous- free dynam ¢ range over a w de band of

LOWURiCBAUmNRH‘ O DIGITAPATIO- AN&@L@G

converts a ode to an anal 0g
out put signal . The C may deviate from
the ideal output due to variations in the

manufact uring pr ocegg;mqugﬂepmﬁdlyarl ous sources of
|naccuracy in the digital-toanal og converS|on process.

Al a the nal’
bR Rl RS sl ol %ﬁc FeRsde’
de. Such a plot. is.not,continuous but Iot of
digital eﬂwertsbendm BACHIE1Y fR RO P IEOUH mig range
bits. For an ideal DAC, a single straight I|ne can be
over a widp/endiof Slgghencins. poi nts at eachlcode-transition
boundary, beginning at the origin of the plot. Figure
1 shows a plot 10 an exanple of an ideal transfer

function 12 for a Br#)dAé l\htf reference points at
code transition bou I es. e DAC in this exanple

duces a at each r resent
WK Pt EicD-alnegopufior (BAC) BT AUt O ORgirafs amalog
reaches a mninmumat code zero (000) and a maxi num at .
output gigerd. (The ptput offy PAC may devigtediom die ideali EpWaRE fwariations
out put does not occur at voltage reference, VW The :
in the mmfmtunngproc@a rsd dte wnearicosisouneaitdf inavkiuaby nrstlmqh@tal-ttm
a least significant bit (LSB). An
analog conversion process. The transfer function of a DAC is a plot of the signal

generated at the DAC output as function of the input code. Such a plot is hot contini;ous
but is a plot of 2N steps, where N is the resolutibn of the DAC in bits. For an ideal DAC,
a single straight line can be drawn through the points at each'code-transition boundary,
beginning at the origin of the plot.

Figure 1 shows a plot 10 an example of an ideal transfer function 12 for a 3-bit
DAC with reference poihts at code transition boundaries. The DAC in this example
produces a total of eight steps that each represents a value of a digital input code. The
output signal reaches a minimum at code zero (000) and a maximum at code (111). Thus,
the transition to the maximum output does not occur at voltage reference, Vyer. The

transition occurs at one code width, which is equal to a least significant bit (LSB). An

LSB is Viet/2N.
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- non-lipggrify

LSB is Vref/2N.Limtations in the materials used in
fabrication and i naccuraci es inherent in the

woam/auedson process itself cause the actual traasfUsr006/036413
function of a DAC to deviate fromthe ideal transfer

. function. The deviation of a DACs transfer function
f Lomitatigis imihghmaterisle uses in ddteicatioh 4ral iasconacidsiinmeementtiy the
FIG 2 illustrates a plot 20 of non-linear deviation

- conveREd1\BRBess igelf 0amk thelactuah iehsder fuHAedn (1 PAG tb deviad féth the

transfer function 22 the exenplary 3-bit DAC. The .

ideéltga{rfgfe?rfﬁﬁb%%ﬁ bet ween the ideal voltage |evels at which
' co

e transitions occur and the actual voltage are
No ear. _er.ror

referred.to nomn-l i near. er.r or.s. n-. |, '
e BB o R AL AR kit Wim SRR MR s B0y
.affects performance, which is _often characterized .
Bﬁa?ﬂéltl@f%emlm #Hoof nanalingag dendalap Redwesnythe ideal 12
analysis and is typically nmeasured by performng a

. transfardgnctiopani éhe aoteah shosfer {URFTYN 2hthe keeraplahod bR AGt Thie

the DAC. FIG 3 shows a plot 30 of the DAC output in |
differenbes Berwegiethe ydedbvaiage 1ehiess 4t witdenevdeatanditieaisutay andthe actual
equal to the frequency of the digital input (i.e., the

h voltag® b YaferfPBaS HE B6h-Bhddh chbs. oA 1indk brrBishidy B éﬁk‘%s?ngd’ in LSBs

conponents are unwanted signals that result fr
h ic distortion, thermal noise, 1// noise, and
(&g’Hgggggzation noi se. Sone sources of noi se may not
riginate fromthe DAC itself.. For exanple, distortion
Bt R e e o R hris BT P Sz SE g paEA TS
_at the input to the DAC. . Nonlinearity in the data
obtainedyyig drequencyedomain apalysig pnebisitypigal bt measped byrrenfoaming z fgt
in the frequency domain. Such distortion is observed
Fourientratis$prur €°FT) ontthearfalidg aitpitaofitbeDAC. of 1G. Beshowa apl@B0 of the
, signal as illustrated in Figure 3. Nonlinearity also
DAC dutpdic e fquescywlonttiif The fundamental frequency is equal to the

| frequency of the di gital input (i.e., the signal measured with the DAC).' All other

frequency componenté are unwanted signals that rgsult from harmonic distortion,‘therma] :
noiAse, 1/f noise, and quantization noise. Some sources of noise may not originate from

the DAC itself. For example, distortion and thermal noise originate from the external
circuit at the input to the DAC.

Nonlinearity in the data converter results in harmonic distortion when analyzed in
the frequency domain. Such distortion is observed as "spurs” in the FFT at harmonics of
the measured signal as illustrated in Figure 3. Nonlinearity also produces spurs within
the Nyquist frequency of the DAC at frequencies that are not harmonics of the

fundamental frequency. The ratio between the magnitude of the measured signal and its
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t he Nyqui st frequency of the DAC at frequencies that

are not harnonics of the fundanental frequency. The
woati7o4tpst ween t he magni tude of the neasured spgmnalS2@ed36413

i t shi ghest spur peak is referred to as "spurious-free

dynam c range" (SFDR), and is often expressed in

higheStepliPpek ik edBprredideasttbgiRuk- R Wyn&fid réh e (QFbRD Riis oﬁén

t he neasured signal or non-harnoni c component

expre?s‘g gécﬂgells’ﬂ?% YeriRRR HeglfgpPﬂ&ul%QFh%ﬁ&P€§f %g n{l%@ured 31gna1

nenta equenc € I npu

orno%ﬁé‘l%i‘oﬁﬁf? e R R SEOR i

stens, including conputer ogran1products for
ﬁmda@@ﬂ% ﬁﬁﬂ?@céﬁﬁf rh%m’utﬁ%lﬁ]al Ag gleinnd@meml frefagnely inqreases, the
general, in one aspect, the invention features a
SFDRSysd&ﬂmdﬁmaaM:ncludes a first converter having a first
performance specification for use with frequencies
above a frequency threshold; a second converter having
a second performance specification for use with
frequenci es bel ow the frequency threshold; and a
frequency mul tiplexer coupled the first and second
converters. The frequeREYIMARY pl exer i ncludes a
hi gh- pass crossover filter coupled to the first
'c'Ohe/ Byvertion provisies methods hind) bysprass irolwlspoanpitet prograns
configured to transmt high-frequency conponents of

produdt$)fot cymvertBiggmahptitaignabtof dn @ltpwteipnar.t er and to .
attenuate | ow frequency conponents of the input signal

1R gnkra8dgbas aipgeed tﬁeﬁ)ﬂ%ntﬁwﬂ%tﬁﬂ%@% syaanltﬁwlﬁaﬁmt

conponents can be used to correct nonl Inearity errors
e EE Sho RIS e VIS SRR
U R e

| ow pass, craossover filte ~
use with frequencies below the frequency thresho]d and a frequency multlplexer coupled

the first and second converters. The frequency multiplexer i|hcludes a high—pass
crossover filter coupled to the first converter in which th¢ high-pass crossover filter is
configured to transmit high-frequency components of the input signal to the first
converter and to attenuate low-frequency components of the input signal to a
predetermined level such that the low-frequency components can be used to correct non-
linearity errors introduced by the first converter. The high-frequency components are
above the frequency threshold and the low frequency components are below the
fréquency threshold. The frequéncy multiplexer also includes a low-pass crossover filter
coupled to the second converter in which the low-pass crossover filter is configured to

transmit the low-frequency components of the input signal to the second converter and to
3
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. attenyaie e high- frequeacy t qpaniiongas o

det er o ne
 predetggniged el e g a9

coupled to the second converter in which the | ow pass
crossover filter is configured to transmt the
woawrimeguency conponents of the input signal POTIS2006/036413
second converter and toattenuate the high-frequency
conponents of the input si?nal to a predeterm ned '
thguemt yignehto arperedaeradnedlevel
used to correct non-linearity errors inntroduced by the

. such #mcthedighefregreney porapaheatsaaidie nesd ©RsRkEchdntitndatifysérran d

segond converters that .is configured to conbine first

 introdiR6d BY GROSLcERANMYSHVEREr; ShgARbSbifRF @&3@3&& thE #tlNg lséécﬁlat

and second converters to formthe tput signal.

com R BR TE s A i A SRRl el fom

coupl ed to the first converter .that is configured to.
.‘the. ﬁlé?? ?ﬂﬁ?ﬁ?‘b‘f)ﬁ%eﬂwﬁ? Oé'a’lfgﬁ{?k}tp% ents of the first

converted signal to a predetermned l'evel; and a
| dvphodments pay dndnds one @mess @ thefollowinge Thecombpiner may
- converter that is configured to attenuate the ,
includsi effi gh-pessuzossyvearditeo neuntled tofthe fiest senvenidr thaniseohégured to
i nput signal to a predeterm ned |level. The first and

- atteniBRARE bvp el GETRREMPEAGTS bf 1ha FirQREnvEMEdislh e predetermined

spurious-free dynam c-range specifications. The first

-+ level; GRIY ?J\;-g)rﬁssr@bfssbvéj AIES cBuf1bd &) thd s@oh@coh AP RaP %Sconﬁﬁ%red to

convert and the second converter .conprises a seco

1 gital -to-anal og converter.. A |'ooku | e ma
awenuiehe Bghi B BRESRARRKE o e Pprrilr A oBH TR e ¢ o
at. a val ue qof the input signal corresponds
sgqoad petigrpencs st i@tiopnmay dnclude
_express a conpensation val ue correspondi ng the input
spurioggrdfge dyramictianga specificatirnss dihe dmsteahvester meygsclutiea flirstst
. converted signal to at least partially cancel a
digital-orsmalog zatvarter and dre sehaid ¢omvprtasentprises 4 fezofé diifdl-to-analog
converted signal.. The | ookup table may include virtual

conveRért &\ Toblalp.@bR BHNbé EstipRel foaheRbaREcH 8%er@hd corifigured to
physi.cal bits of the second converter. The frequency
detemg?a@dﬁl%nﬁale%ﬁé of ffi@Xnﬁﬂt%fgniaﬁé‘tHégﬁo&s E0 EHB{pu? 25 Sh€Sedbfa
converter and té express a compensation value corresponding the input code such that the
compensation value causes the first converted signal to at least partially cancel a
linearization error that is present in the second converted signal. The lookup table may
include virtual bits that are configured to extend a number of physical bits of the second
converter. The frequency multiplexer may also include a summcr configured io add the
compensation value to the input signal. A dithering module may be coupled to the

frequency multiplexer and to the first and second converters. The dithering module may

include a dithering signal generator configured to generate a dithering signal comprising

4
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conpensation value to the input signal. A dithering

nodul e may be coupled to the frequency nultipl exer and
woaod7veodsir st and second converters. The dit hePCT®S2006/036413

nodul e may include a dithering signal generator
.configured to generate a dithering signal conprisinga

. a sequespgriehcadah valesaregatiig@xnitne gatpledrocthe dithdring si@aupéReator,

to the dithering signal generator, that generates a

- that gelichdtes i dih&aipceintelation shandnpeRIRH stifiéhcd o&*%lglgr@n@&fﬁt at

val ues that are equal and opposite to the ran

ot L 0 SO0 Bl B 3 e

con

hi gh-f r.eque conponent f.the input signal; and a
configl Yo oG S dec PR Ar B Beidtraupy componionts of e nput
X Qithering-cancéllation signal to-the Iom#frequency .
signalcgidbsreAnd syrmeneonfigpred te pgdthe dithigangtcanvsiation siputitethe

may al so include a first equalizer, coupled to the

_ low-freljuehey corgpenaptsd! theimpottignal. Thy ditigerimgtmedislé afayfalkathiéiate

that is an inverse of a transfer function of the

a first bangitizerassupied foahe Bfthdrihg se@abbdiRfatordRsYiAg 8 %eAEr function that
equal i zer, coupled to the negating circuitry, having a

“isan iéﬁe%&ff@rtrd‘n'éfé? fkRBoh Bf"fhei}ﬁgl'lf’-‘ﬁasg @i\ft%lf: 8?%19]:00 H‘Lrl{éﬁga?{dea%égond :

ter o e co
o.at ate spurs

it J : be conf.i gured .en
cqualift ' Rblef o T Bn e’ BRung R iRbsier pPEhRT Rt i ers of
~signal. may .at. | east partjally cancel distortion in the
a “ansgeﬁ?'b‘tf{“@i% iha lowappss éﬁs'yofif ecombingr i Thy dithgring sighpl may be
anot her aspect, the invention features a nethod and a
conﬁ%@%?@”“ﬁ‘géﬁﬂléﬁﬂ Brequtiod sigvel andrthe ditheringacanicelfaiion signal
signal to an output signal. The nethod includes
may at eastpartialdy caneel digtottioniigtisd outputaiggial édusediby the dithering signal.
hi gh- f requency components of the input signal to a

fh anéthexcaspedt] e invehien Ratied 4 ROHRAGNI GUTRPRES hng
above a frequency thresﬁolg); attenuating %§¥H%h

unction of the | ow pass

prtuc RS SUEBLFATBERATS B Bhchl P e )AL

1 OW-

predet erm ned l'eve
used to correc

receiviff RISl oAb B SRabERY spPeRBenF pLhe input signal

converter: .transnmtting the | owfrequency conponents
a ﬁrst cgrverier (ﬁﬁdﬁgh- equency cm%ponents being aboqve a frgquencrzr}r/J threshold);

attenuating low-frequency components of the input signal to a predetermined level such
that the low-frequency components of dither can be used to correct non-linearity errors

introduced by the first converter; transmitting the low-frequency components of the input

signal to a second converter, (the low-frequency components being below the frequency

threshold); attenﬁating the high-frequency components of the input signal to a
predetermined level such that the high-frequency components of linearization correction

and dither can be used to correct non-linearity errors introduced by the second converter;
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signal to a second converter, (the |owfrequency
conponents bei ng bel ow the frequency threshol d);
wabto@rgessi ng t he hi gh-frequency conponents of POEUSHPEN36413
signal to a predeterm ned |evel such that the
hi gh-frequency conponents of |inearization correction
conveziinp dicthhgh-frequenby corspehents to dortres firsh oonvertad sighaly cenvieeting
i ntroduced by the second converter;converting the

the lowifdtnfeney|ansonennd (g Secbd Eafveitad §ichA! afdubYeHihifg the first
signal ; converting the | owfrequency conponents to

d sdcBhdEnRELE ] ' ipna@Nd combi ning the
anas Ci rst and se%gﬁlg%ég}r%@ﬁ?%@g?%%jaﬁ%s to formthe output

f
S| | 2 i en may i nclu or re.of .th )
¢ ERm e 28k T TR kg i Gl Teytiame s rDsRis e Fledbish-
rmgl/ i ncl ude attenuating the | owfrequency conponents
frequege pRRIPPREE DAY GiRlHde aHfraling oWt ¥ efeppicomponents of the
) | owfrequency conponents may include attenuating the
input signgh, Mddrppemiiing tedoweinguendy ¢ongponapts mayiigelade aftenuating the
Converting the high-frequency and | ow frequency
high-freqnpraryantponeyts bfite it ¢ipaxie rCdrvertiigGhé Hi|gh-°l"rdalﬁéz|1c§l dfd low
anal og signals. Converting the high-frequency and | ow

frequehé PEAMBPSNRINDOMERILS _c&?\iértiirﬂfcggﬁaﬁ S5 bhilgg SRAARY

signals to digital signals. I neari zation-error of
ds, t ' t d
Convetlis BERACS ERRHAL Wi ob Pea ety SPRERRTs HafpehaRebnitie
anatog g BB e e R SRE BT S shersv  H

corresponding to the input code may be expressed such
corresRORg$ 1q HEINPBLIREE A kermeasried and @%@3/ inreelopkips tableo A walue df
_ signal to at least partially cancel a linearization
the inpat s1gwal thed coiresponésstba infuh codems e be detemmined,randc wingeakation
A dithering signal conprising sequence of random
value coakspemdinyto e ippmesodt athy b etbidisyd sugh @i 8R! dodigeRsation value
signal conprising a sequence of values that are equa

causes Hehir@PRRASEH& $iBndl RS at 1BAEPRMAY USePh lih%zg{i&ﬁ] glrrngl;]tgat is

signal may be generated; the dithering signa
present in the second converted signal.

A dithering signal comprising sequence of random values may be generated; a
dithering-cancellation signal comprising a sequence of values that are equal and opposite
to the random values of the dithering signal may be generated; the dithering signél méy
be added to the high-frequency components of the input signal to attenuate spurs in the
6utput signal; and the dithering-cancellation signal may be added to the low-freqtllency

components of the input signal to at least partially cancels distortion in the output signal

caused by the dithering signal.
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be added to the high-frequency conponents of the input
signal to attenuate spurs in the output signal; and
woOheo7dedser i ng- cancel | ation signal may be adde#CTwskiwe/036413
| ow frequency conponents of the input signal to at
- least partially cancels distortion in the output
- sTyhégtaidseisang dsynarhembpdimentsid tisd ignaltion afdhsct datiain the of
one or nore enbodi nents of the invention are set forth

 accompanyfiig daedogseandythadesdription o OtHp el 856 bbfdkisOfhd

bel ow. Ot her features, objects, and advantages of the

R et R T

awi ngs, _ _
the clafdG 1 shows a plot of an ideal transfer function of a
ecaé+€ital-to-analog converter (DAC); FIG 2 shows a pl ot

of an actual transfer function of a DAC, FIG 3 shows
a plot of an output signal generated by -a DAC in the

frequency ' doDESCRIPTEONOFDIRAVANGRIVErter system
FIG 5 shows a plot of spurious-free dynam c range for

, F@. Oiidvay £plot E¥ESidedt!tfansBr ARACMSH @f’é)&igﬁ%lrtggd?l\éﬁ)r ! Shverter
systemthat includes |inearization an i theri r%g '
a)AC)nDdules; FIG 7 shows a plot of spurious-free dynamc
Tange for the converter systemof FIG 6; FIG 8 shows
ss for_. converti a digital

L | hart .o proc n
gf%r@i\ﬁﬁ’t‘@ aﬂog‘?{gﬂn@ﬁt@fﬁﬁ‘ﬁfa Junchioniafa Q‘gﬁfv erter system
shown in FIG 6; and S

- FIG. 3 shows a plot of an output signal generated by a DAC in the frequency

-domain;

FIG. 4 shows a converter system;

EIG. 5 shows a plot(of spurious-free dynamic range for two different DACs;

FIG. 6 shows another converter system .that includes linearization and dithering
mbdules;

FIG. 7 shovs'/s a plot of .spurious-free dynanﬁc rénge for the converter system of
FIG 6; |

FIG. 8 sh(;ws a flowchart of a process for converting a digital signal to an analog
signal using the converter system éhown iﬁ FIG. 6; and

FIG. 9 shows a block diagram of a computer for implementing the process shown

in FIG. 8.
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FIG 9 shows a bl ock diagramof a conputer for
i npl ementing the process shown in FIG 8. DETAI LED

wWORBCRU®BI ON Al t hough SFDR depends on frequencyCTiuse006/036413
SFDR over a .given frequency range may be |arger or

smal ler in other DACs. Typically a DAC wi || optlmze
SFDR i n di fferenPETm&E ONor exanpl e,

first DAC optim zes SFDR in a frequency range bel ow a.
giMltheugh EGD&rvispendsrasiajudncia it SFR 0080k Sién aedudicy ?ﬁlge
SFDR i.n a frequency range above that frequency .

may befiargshol shallthi JHE mA@ySTypr]whﬁa DA@M@B;%&%@%DM

wavef orm generator (AWG . The perforrrance 0

differég m%qg&]c frﬁ?éek YFEFe Pff)l@%rff gt\rlllﬂ%ggo ti %es[;gg’ﬁé g},g\frreglbqngy

testing sone state-o

nt i gned nmay_not
range Eave s I&F}?frg%%epc)éﬁﬁﬁhoﬁj F?ﬁ?l“ éopgmb@él PRmao
& timze SFDR across | ar ge range of frequencies that
equeﬁ&raﬁl@eﬁb%"&t tagt ff%élﬁncéﬁi?feéh%doptl m zed range of a DAC.
FIG 4 shows a converter system 40 for converting an

i ”ﬁb@PA& RfRysd rod¢ ipraml arBjtiany weeefann gawsratgr AWE)! Thegnal
SO(t) using nmultiple DACs (DACH 44 and DAC L 46) so

performhrceofdhal W (BHEERNAS gicatty 68 MEsdRImaNs FhéD A P&Itteaﬁag
than the SFDR of either the DACH 44 or the DACL

some sTeh@-of-@ﬁ\d@ﬁh@d' tl%Vﬁés?maﬁle'e ?‘E?ﬁleahnﬁé &%%%%%e%g%gned

44) that optim zes requenm es

i DACL that
mey “%5*?9%%*2%6%@5&’5’?- %%%%%a% SR EBRaoss 2
rf;ol d(s The tﬁglonverter system 40 al sq

ange il SR ARU R di v “PPPRER o elinizeeregoela DAC.
BB Prois s SemAO r gnieriny ) inpTt el i) to
an analcr)réJ l()},ltlpg{ Sggl Sz‘r(%) using multiple DAC s (DACH 44 and DACL 46) 50 the -
overall SFDR of the converter system 40 is better than the SFDR of either the DACH 44
or the DACL 46.

The converter system 40 includes a first DAC ( DACy 44) that optimizes‘SFDR
for frequencies above a frequency threshold (f)), a second DAC (DAC. 46) that optimizes
SFDR for frequencies below the frequency threshold(see FIG. 5). The converter 'systém
40 also includes a frequency multiplexer 42 that receives a4digital inpuf signal S;(n), and
a combiner 48 that outputs an analog output signal Sq(t). The frequency multiple).(er 42 -
includes a digital high-pass filter 50, and a digital low-pass filter 52. The dlgltal high-

pass filter 50 attenuates the frequency components of the input 51gna1 S; (n) that are below

the threshold frequency and passes the higher frequency components to the DACy 44.
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includes a digital high-pass filter 50, and a digital
| ow-pass filter 52. The digital highpass filter 50
wanbEresses t he frequency conponents of the i npar/usS2006/036413
signal S;(n) that are below the threshold frequency
. and passes the higher frequency conponents to the DACH

. For eagd of-extplarmsionpthe eatyge af fequancies timt aeibgvothefthegheddiegsency

that are below the threshold frequency will be

- will bé Rffersd) dsah@gowRequbmey e the hAROS! fréidntils tHabhge

of , frequenci es that are above the threshold frequency

- above $hd thrdioRiSTENERY Wl BSreldhiRd to B B HIAMBGHCY ARG "The

The digital 1owpass filter - €l
el ST e SRR o b BB e Sk sl

PROEY G 2E é?ﬁlé%sﬁestoﬁ?@noégrﬁé@t thgdowifegiquemcy range to
out puts of the digital high-pass and | ow pass filters

in the lowfre to the DACL 46. The DAC H
. thatarlgfg]é]ﬁgﬁ oge requency range to the o

the DAgQ. 4ndTB2DAE refeandghs D) 46, coTiviert trenbspreetivel 8igitatduipiers of

an anal og high-pass filter 54, an anal og | ow pass
the digital high-pa&s amaiidwepassifiltes 568nd Theo anabpdghilkt ers 54 and
56 filter out unwanted frequency conponents, such as

. t y . r Q i
A A B e o A Bflr

156, and gt S5, REHE: BPGL STR B DU oGRS Tosme e

range, The anal og_| ow

‘ N i t he | f ' :
compopgrif, SHCTEES SRER HAL ot & Ol AT A ap SHr SCRF OB Py heDACH

46 and attenuates the frequency conponents. of

- DAC_L
44 and {heeDACy#8 Theanalop high-pasp &ltey fthreceivgsitheepalogrsignal fivduced

out put of the anal og high-pass filter 54 includes the
by the BAGh-44r aglasteoyateip drgnérsy ebripbaeritnithiat liirgikedbw Segnetcy
, S, (n) having a SFDR specified for the DAC H 44 (i.e.,
range. The aGHORIdvdhss fHited 56 irédeed theddnaldpesidi0 Brddu8eUBYP &% DAC, 46
range). Simlarly, the output of the anal og | ow pass

. 9 ; | _ i h
and attenlihfe®fheXBeduRREHARSy dnbfs o@%e{lsg%?lzgﬁg}ﬁ%&ggﬁgg@g?xﬁ]lg%c ore

i nput digital “signal S, (n)

range. ﬁ“ﬂgo%& o 6 aﬁallpg hfghgﬂ:égs f?ﬁg%élt itr]latudiessthg %‘iéhq}i'(zec%gency )
components of the input digital signal Sj(n) having a SFDR .speciﬁed for the DACy 44
(i.e., the SFDR that is optimized for the high ﬁequency range). Similarly, the output of
the analog low-pass filter 56 includes the low-frequency components of the input digital
signal S;(n) having a SFDR specified for the DAC 46 (i.e., the SFDR that is optimized
for the low frequency range). The summer 58 adds together the analog signals produced
by each of the analog filters 54 and 56 to produce the analog output signal Sq(t). |

For any waveform at the input of the system, we can divide that waveform into

higher frequency components and lower frequency components. For example if the
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for the | ow frequency range). The sunmer 58 adds

toget her the anal og signals produced by each of the
wanel7ogodsil ters 54 and 56 to produce the anal ogCowsSpes/036413

signal SO(t). For any waveformat the input of the

system we can _divide that waveforminto higher

- frequericy saBmEPeTtd AHBRdmUE signal Si@Mere dfied queirycnnyn s izl

For exanple if thefrequency conponents of the input
generge@haltheSDAQ) 46 (@ e9theaohwottet HeMURO Bitter pFomhaieakt low
generated. by the DACL 46 (i.e., the converter wth the

frequéd@y’) Brovies b o4 trfutib ¥4 he ' .' ee
qA coz)t}?ir bution to the oult put s?gﬁpgéé?lﬁﬁﬁlgﬁ%g%e@@ e -
€ L.Od |l ow pass, filte For, ease ,of -
44 du‘%@ﬁgﬁétl?%ﬁaggﬁgé%&tcﬁvﬁr opee, Sxﬁﬁaﬁﬂé@’ B@ﬁ%’épﬁﬁ‘ﬂtg’ei’&h%
iven.i nput signal. S,. will be referred to as the -
perforgl e for ARy BPU Sii) S W s oIS P g et gpreden’ gnd
as the ﬂauxiliaré converter." In this case DACL 46 is
the other & Haivill bea¢isrred to axribie trBHiaty convertern” doxthis icaseyDACY 46 is
converter. Furthernore, because DACL 46 is.optim zed
the maimeonvester awl PACHUENS Yher axiiary tdievectontiirthdirhor, BécatidtDAC, -
-signal from DACL 46 degrades the integrity of the
46 is optitrzdd ot teabwIR{gudncy Thdde, i cohfifoudieh R thesd;
generated solely qby gAéh?{m 46,Covvi t hout any é%{r%??rioglu]t)ﬁgﬁ%
degradk$ H® iREHNAG thebh é§ a r et LR g
B han t hghlto}ﬁt put S%F t gﬁwﬁ{ b%éé‘%t é‘még’ P
r . hort of, di sconnecting, DAC H 44 fromithe
solely gt BG40 i ERMitor i cR TESHE BEAGH 4 Selfig gaded, would have o
. . bution fro ACH 44 cannot be completely:-set to
higher SEPH i e P U U Bat ine ucRethg cgniriiing GmpRATic 4. Short of
) 42 and the anal og high-pass filter 54 are not .idea
disconpgeting IACil 44 Hiom Beephearisr yystam ¢yt thissteraios thercontnibiution
respective stop bands. In the converter system 40, the
from Dédry 44 bannobbe odmpletelyssey raterd irpracties asxide the Wigital high-pass
converter (referred to as the "auxiliary signal"),
filter 4vied theranhlog haghchads ltér S BMGIok Edeal Snd fAfs @@Qof% 18fc1y e
DACL 46, is apparently undesirable. FIG 6 sho a ‘

attenua%%'héggﬂ‘alsdf'n"’}%i?FésBEctR/e%%Vlﬁﬁhg " mShE L6 ! 9 S}%&%}l 46Pt(ij1ief res
contribution of the signal from the auxiliary converter (referred to as the “auxili@ o
signal”), whether the auxiliary converter is the DACy; 44 or the DAC 46, is appareﬁtly
undesirable. FIG. 6 shows a block diagram of a converter system 100 that modifies tﬁe
converter system 40 of FIG. 4 such'that the contribution of the auxiliary signal improves
the integrity of the output signal S,(t). Converter system 100 includes a lineariza;ion
lovok-up table (LUT) 72, a digital low-pass ﬁlfer~74, a gain stage 78, digital summers 76,
90 and 92, a dithering module 94, a frequency multiplexer 41, a combiner 47, QDACH 44

serving as the main converter for a high frequency input signal or auxiliary converter for
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converter system 40 of FIG 4 such that the

contribution of the auxiliary signal inproves the
wonvegaiasy of the output signal SO(t). Convert BCTRE3106/036413

100 includes a linearization | ook-up table (LUT) 72, a
~digital lowpass filter 74, a gain stage 78, digital

_ a low FreqUEHCY iffut sBRaRagd IDAR 44 éehﬁﬁ'% AgthEaskih eodvkrteffor a low

frequency nultiplexer 41, a conbiner 47, a DACH 44

: frequel%ﬁggxilﬁg is%ﬁxg{ HEABaRy CRVRELSE 2 f'n%gm éi?equ@ P RGUSAE YThe

or auxXiliary conve ['ow fTequency

o0 993k 00 AR RSP B B R i .o

.. auxiliary converter for. a high frequency input signal.
digitalriow-prse KBYALHGT il & degitel Pigh s caaHrat gy iTﬁgf%qa y
' generator 82, a negating circuit 84, a digital o
multiplexer gd dscledpsal digidal heg-pase eroasayeyfilter S lnangre aidal low-pass

" equal izer 88. The frequency nultiplexer 4 1 includes a

~ crossovegiiltad 53i Tie assne MoSsdydss shiahtleg highlpasdrossovir Gittss5, an

| ow- pass crossover filter 53. The conbi ner 47 incl udes

analo %ﬂrbmaﬁaﬂs QebsBb e MRS 57, Gh@ 8 SN er 5B R ad@Sthe @a%ﬁfba&mch of the
ow pass crossover filter 57, and a sumer 58 that

st 5 PRRUL 85055, SRR B 05 5030 SHESHOYBl coprrir
o oSyl PN G AR BB o thed By 55 s

51, 53, 55, and ‘57 of converter 100 have been

57 of qanverier RA1avy bpemvinfeagongilydimpitediiorapredetermined lovekss thata

a signal can pass through the filter even if the .
signal shgpass thrioegh ihe filtes es¢nif theasighal Tikeinght etopdiandn Theviténugfion
the crossover filters 51, 53, 55, and 57 are adjusted
level o¥@hd dratsovBefilsgb 65, 1, 66 umad 7fat© adjusted so/Kiak trrrspurs produced
converter in the optim zed frequency range are

from thé ifidr§3Bh{ef1dr VB opAnfRANdques ARG hitQiSREdStly lower in

produced by the main converter for the optim zed

s ESHIRY g 085,L 0 SIS IRBSIRRL By 0 050 Bty

uxi | ar onverter are at.|east 10 | ess, than the
range. JPBE OGP R e T KTl 10 BBHVE PPy Hom the
This ensures that the spurs produced by the auxiliary
auxiliary penvierter argapleast 10 dB less than the corresponding spurs produced by the
main converter. This ensures that the spurs produced by the auxiliary converter are

negligible. For example, if DACy 44 is the main converter and has an SFDR that is

approximately 10dB higher than the auxiliary converter DAC 46 for a high frequency

‘ range, the low-pass crossover filters 53 and 57 are configured to"attenuate a signal

components in their stop bands by 20dB to ensure that the spurs produced by DACy 46 in

the high frequency range are less than the spurs pfoduced by DACy 46 in that range by at

least 10dB.

11
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negligi ble. For exanple, if DACH 44 is the main
converter arid has an SFDR that is approximately 10dB
woigitemodshan the auxiliary converter DAC L 46 POT/U82006/036413
hi gh frequency range, the | ow pass crossover filters
53 and 57 are configure attenuate a signal. ., .
c &op adninguticde pkthe rrsatnbﬁ%gﬁa éhlﬁyaszcEéQuﬂGg the Jimsapizaiion
the spurs produced by DAC L 46 in the high frequency"
LUT 72astgeesar eriegmdingdimeatity copeetsonthatiuaspteipushpaigasiged an
that range by at |east 1QdB. | |For each input code. of

calculta’[é@l fapkathRAGdDACE Bbdesc aWRen tRATUHEE) rdchives 4 bederofahe inpat
UT 72 stores a correspondlng linearity correction

di gltaogg'{xﬁl‘é@%&gf_ﬁ h¥: V@EQ%E@H eABAsBRIGY! @behdkahd ﬁﬁﬂhes and

n the LUT 72 recelves a cod
the i di git l
e PR AP e AP B oo
the inBulpighe Pt AP 15 PGB Y M Frsulth e ﬂae%& 4

DACH 44 to cancel the linearization error that results.
converds élne ¢dte tDACRNA6g edne.ehtroduing tivgwization arrereomRensatione. -

Introducing linearization error conpensation val ues
valued it® tHelBputRizub] (10 baihgSiheranalogiongut biithedM&CpE6 olosenid its

of the DAC L 46 closer to its ideal |evel. The -digital

ideal Q@éln 'FHeQﬂﬁta? %alﬁ%mg@ N8 3bapehitestibethelattemistioh dMttettdpWand of

band” of "hi gh-pass filter 55. hi some enbodi ments, -
high- Ifaﬁf ﬁgt Elb.lsg%% tﬁﬁ%ﬁﬁé? 2 n%&‘ilg b%?“"p&x?ﬁ@f‘gu‘ﬂrd By bh§s1cally

i 3508 m%fs el gl %‘s@%'tegaﬁw@;aﬁrst

code, and a second Ilnearlzatlon error
linearighiaon erer thatcesisidieniten D AG BRRSAions e é er ﬁ?‘fe@f*ﬂi? Second

enbodi nents, the first and second I|ineari zation errors
linearfzatios avet thattreailis ywitchéhs B tiamsitionsriedo adower apden & other
l'inearization error value is stored for eachlcode.
embodiments, the first and second linearization errors are substantially the same and
)
therefore only one linearization error value is stored for each code.

In some embodiments, this linearization is not only limited to the DACL 46 ‘
physical number of bits. In these embodiments, the DACL 46 has some virtual bits that
do not produce any output. In these embodiments, the output of the DACH 44 may be
used to linearize these virtual bits to build a combined DAC having more bits than just
the DAC 46 alone.

Compensating for linearization in this way works better at low frequencies (e.g.,

frequencies below approximately IMHz). At higher frequencies, the DAC transfer

function is frequency dependent and the linearization error depends on the frequency of

12
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- with fr%(%.ugeglggin’fﬂér%ﬂ)?e

' frequeny

| the spurrSG,Sa%ld}tivlesditﬁler noise 1

In sone enbodi nents, this linearization is not only
limted to the DACL 46 physical nunber of bits. In
woOhew®4easbodi nents, the DAC L 46 has sone virt pai/useaos/ 036413
that do not produce any output. In these enbodi nents,
the out put of the DACH 44 nmay be used to linearize

the éig%ziilieslﬁnéﬂﬁzﬁﬁ’&i ishhdfacitm dpHidhdr Requribics ecthBACh imeanity charges

s than just the DACL 46 al one. Conpensating for
'cgmﬁngl?sr%tiﬂ‘%%r"lﬁ%g&atﬁ%tiseﬁseatmdilfﬂ‘ywhen the

cres (€. equencl es bel ow approxi mately

- DACy e e SORRERL ey RBn i S HARRCE o e nput

error depends on the frequency of. the.signal.
signal S{meiari® SelPBrieRencHEIEd Bhgh BECoRPG yPiF gL fog lower

the non-linearity changes with frequency. Therefore,

frequenciepirthatidig rénge (¢.z nbeiviczazerorani gpproximéaly AOKHRe ntitehe

DACL 46 is the main converter (i.e., when the nain
digitalﬁé@%@ﬁﬁﬂe@%ﬁlﬂemm gi frebpgency poise pragiuacd By ﬁne)anz_atwm In
the |l ow frequency range). High linearity is typically
Jme d - Qs b ISPBIEVALE Erdattr tHR 120DB ix Bizgedio
Smne%éﬁ%ﬁ%é@gt ggﬁgzergsgnd apgﬁgx?%ately 20 KHz). The
digital lowpass filter 74 renoves high frequency
(i Qg?jr oduced by linearization. In sone enbodi nents,

system 100 has a SFDR val ue greater than 12 [

et 8 eane o Begcostingh eh Heabd Y shodt B oty ised

converting a high frequency signal are aoften cgused by
by the timeardigmentlneaniy-aficagysriersy bier Fﬁy&ﬁ%&‘@ﬂzaﬂ?@ﬁsﬁa‘%‘ﬁ ,

the linearization technique described above for | ower
descrifedefoenty lowatfreqrienuyanput sgnadsis less asefiul fog highey figguency

frequency input signals. Furthernore, the spurs (both
input S Hitheffore Ofhe BRIrEsIth hadienis tuidngl-faromnid)|aa¢ gebngly

with the input signal. To reduce the correlation

| heui & ' GolrBRiSR BESveeadd inpuesignal and
corre Y YR Eud G, 56 e ARCo eSOl el an

DAt itdVE added to the input signal Si(n). The result is that the

frequencies at which the spurs appear in the output signal afe more randomized oI\‘fer time -
and therefore spur will be spread through out the entire spectrum. In the case of a
repetitive signal, averaging techniques could reduce random noise. For example, by
averaging a number of N values of a signal, noise that is present is reduced by a factor of
approximately the square root of N. In the case of spurs that are correlated wifth the
transfer Afunction of the converter, averaging does not help to reduce their contribution
because they are not random and always show up at the same frequency for a given DAC
transfer function. Dithering will make the spur random, so averaging in presence of

dither will become effective.
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frequencies at which the spurs appear in the output
signal are nore random zed over tine and therefore
wepw7/oidst be spread through out the entire sSpeCcTUSEN06/036413
In the case of a . repetitive signal, averaging
techni ques coul d reduce random noi se. For exanple, by
AYRE Adh&ehSis @;@ﬂbﬁﬁe@lﬁdy wtheaihg esodafe ®. STtgnHthering nfodule i
is present” i$ reduced by a factor of approxinmately the
. re r t " .
aitberg SAEB ATl oot o A AR Bn SRUES (hATR A B thelr output.
gonverter, averagin oes..not hel reduce i
The dHMA P EHBTF B ORT A Rk SR gt Sb it e b of
show up at the sanme frequency for a given DAC transger,
randofnumansrisrvalyy efirctenigSRiarqundggrie. (Ihe %tbﬁrCWan@Bw and or
averagi ng in presence of dither will becone N
broadbdrfdespeétmen THke durniner PHgnd 82 pdt thodither signali attiks inpyts of
nodul e 94. The dithering nodule 94 dithers the input

conveRbrs@RICA dUBWRE tafiplk®oftht GipuatignalrBiaptRel ispasses thhatgh the
result in their outputs. The dither signal generator

di gitaﬁé’g%@@ﬂ' &S 5@ agél sherys ugnglsi %§§K fded Whihenpi of converters

uence of random nuneric value of a few LSB around

. The.dit I ( » )
rtncdR o G AR gL SRR gt o
evel Bt D S G Ao i B P TR I pass

digital crossover filters 51 and 53. The dither- signal
equaliacicifandenaleg higlynesserosseyardiliee f s shad begquah & combined

correlation of the spurs to the signal at the expense
transfexf fuaetbinngf digikd] Gligh-paseiegealizen@S artdoaniahog lovwtpass crobsavge flter 57.

converter. The conbined transfer function of digital

The dlgPWt RAREz&698l1ahd 88 c8Mpandicanabiiect bif git-ppakg cwossosafiters 55
Il'ter 55 should be equal to conbined transfer '

and 5‘1(K NGhE 88 dtheOlighdi %la?%}?ﬁh Y AESsBGhARIr S5 radteatal dther

OW pass crossove ter°57. The digital "equalizers

] 86.and 88 co nsate t he.effec fq: 1: .
v B 380 0e =HPIREPIPE SAEFSEE R OF AR ety
such tga?tq}?é (?ittheeg ng%/setptr]oeduséggﬁy %%r}gk?}t;{% cSa% b% QAQQAJ t%ecatn\é\a o%lt £hhee '

dithering noise added to the input of the DACy 44 at low frequency range and the dither

noise produced by the DACL 44 can be used to cancel out the dithering noise added to the
input of the DACy 46 at high frequency range.

The output of the analog high-pass crossover filter 55 include;s the output
waveform with the added dithering noise. The output of the analog low-pass crossover
filter 57 also includes the output waveform, though at an attenuated level, and added
noise that is equal and opposite of the dithering noise. For ease 'of explanation, this added

noise will be referred to as a “correction waveform.” When the outputs of the analog
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signals of opposite anplitude at the conbiner 58. The

digital equalizers are designed such that the dither
waabed4msoduced by the DACH 46 can be used to eamaskoo6/036413

out the dithering noise added to the input of the DAC

L 44 at | ow frequency range and the dither noise

‘ hlgh-msmdmttkeadv pgssmt'&ss@m@ﬁllleptéﬁ@ad 5B arcisdkidd; the camestionovdvefdmm

di t heri ng noi se added to the input of the DACH 46 at

: cancei@'tﬁé" di‘ﬂﬁ&ﬂﬂg%@@t yiélome thel g ﬁui'd%forﬁxfthﬁthﬁcl@ﬂ@sl h contributions

hi gh- pass crossover fllter 55 i ncludes the output

srom {EYFACL M thd bR CRAged, G PELNG e J0IE: A BUL O

oW as crossover SO I nc udes

t.he out put .wa orn1 th t an tten at.ed | eve
correchis VBTG E 16 Rl ATl e RGOS LTt I Aliied by

di thering noi se. For ease of explanation, this added.

- the digitsl heghapass earalizer & feeprpengaie forthepitewation o crassencr

Wien the outputs of the anal og. hi gh-pass and | ow pass
filtersc Fos sxangyle,fif tHeanslo§ %m@sﬁoaoeera’dtbe tias 4 btepdond ett¢nvation of
wavef orm cancel s the dithering noise yielding the

20dB, ¢ REninRICIT TR dritRtion Walefdas wealdnddns bk bubdtediby DodBN
‘the DACH 44 and the DACL 46. To ensure that the

dir, 0 96&&91’09% %@fo?x%qs @&%us&wﬁ?égaa cﬁfh@ﬁﬂ%ﬁ%ﬁﬁ sd using

same anp It orrecti‘on ma ormis
zer 88

enel et SR S A A e SR S
RURCL N a%?élgs{aﬁk@s"e&%sh%y SRR

correction wavef orm woul d need to be boosted by 2CQdB.

is therTiesadghroveh trdigiisldn g-nass sapslzand® dThy syregat 9 gddsiibe output

dithering signal 'Sa(n) using the negating circuitry 84
of the tigital highpesseqinlizdraR ts ttgn af thealigitay loeippssccrosovefilian 8.
are equal and opposite to the sanple val ues of the

Thus, met&%étml Whfstm SiictB khe JR@tCRHbAGR I ThWaMBIHBifnfal Sa(n).
t hen passed through the digital high-pass equalizer

t
ot g M LR PSR PR R A s

Cl,0SS |

ideally, the ou?pu? s1gna1I é ?ts would also be zero. In some embodlments, the negation

circuitry 84 is absent from the converter 100 and the negation operations of the negating

circuitry 84 are performed by the summer 92.
The dithering signal S4(n) can be added to either the output signal from the digital

high-pass crossover filter 51 or the output of the digital low-pass crossover filter 53. For

| example, the negating circuitry 84 could be coupled to the digital low-pass equalizer 86

rather than to the digital high-pass equalizer 88.

In FIG. 6, the linearization LUT 72 is arranged so that the output of the DACy 44

compensates non-linearities introduced by the DACy. 46. The dithering module 94,
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Thus, the correction waveform cancels the offsets
produced by the dithering signal S<j(n). If for
wexenTpuesit he i nput signal Si(n) were zero andPCT/US2006/036413
dithering signal Sd(n) were generated, ideally, the
out put signal SO(t) would also be zero. In sone .
howewenhiodiramgetso thaié dithgattheportion 00 tHeriipfi4ignal thbislésstin ftheolﬂgh
the converter 100 and the negation operations of the.

ﬁequeﬂ@ﬁ?&ﬂg@gmﬂhéﬁﬁg iheymﬁfbt & alR@ &Jﬁ%ﬂ% rstiS BadieOTEy 92
The dithering signal Sd can be added to eithef the-

advamggwmgan%@bﬁgmo%pﬁe% gl'f ?kerlt%%n BRR o PRABES
compaiERR OR 1 gy gl g'%@ear%w e Etieient lﬂF%ﬂg“f i.ifor}qmbﬁ%aggy

equal i zer_ 86 rather than to the digital g pass
using knpaaratiear LE 72y dn ganee epbodimentsi thealitherng wa 1&1@?472 arrgnged
arranged so that the output of the DACH 44 conpensates
to dithemothe Iporteardfithespitdigred S¢a)ithbylidshie tHeAGwLiretiendiivange. In some
di t heri ng nodul e 94, however, is arranged so that it

of thesdichihREEnRE tROTUT TN i9kIs Bﬁaﬁg&ﬂ% tBdtGRSbuthadf DAES 46N
-the high frequency range. Dithering the out put si gnal

compehié AN ﬁﬁﬁm RAlE IR DAL '4ar¢rxsvfaga it #lRBney

I's the naln COﬂV rte

compopfif S HeAprAERERCHS Suiically 1 Bs h@if}%ﬂ&%ﬁ%&nﬁ Bh gt DAL
. linpearization LUT 72 I n sone enbodi nents, the.
44 1sngqr{}h§?qq¢§cw}ﬁgp@dga is arranged to dither the portion

of the input signal Sj(n) that lies in the |ow ,
fHlGio T elrys 2 plegél0 wsli-lé&e/ersns phipyefrequsody thahwste mpasutddifor
72 is also arranged so that the output of DACL 46

the DACyWe tiealD AS, M6Nard the aoiteries systdon 000 skeslvibin FIGCH, The DACy
provi ded that the main frequency conponents of the -

44 isa rrepégtmﬁhgﬁ@its@mcmﬁsldﬁemhfgm h exhsind Raduehbpof 460N nd
function of DACH 44 is nearfy frequency-i ndependent.

the DAL} @6 i a MIRYGMR RI 2% 548, ﬁ‘atgi %a‘é%‘hﬁﬂﬁg ﬁléﬁlﬁ)éﬁtcy of 400MHz. .

requency that were rrea
As evident from the plot, the performance of the converter system 100 is better than the

performance of either the DACy 44 or the DACy, 46.

Referring to FIG. 8§, a process 120 for converting an digital input signal Si(n) to an
analog output signal Sy(t) using the converter system 100 shown in FIG. 6. The |
frequency multiplexer 42 receives (122) the digital input signal S;(n) and divides (124)
ihe signal into itg high and low frequency components. The linear compensation value -
prociuced by the linearization LUT 72 is addea (126) to the dithering signal generated by
the dithering signal generator 82. The result is then passed through the digital low-pass

equalizer 86 and added (128) to the high frequency componénts of the input signal by

16



10

16

20

the DAC H 44, the DACL 46, and the converter system

100 shown in FIG 6. The DACH 44 is a Texas
woned7rgomsnt s(r) DACS675 operating at a sanpl i ngCT/US2006/036413

frequency of 400MHz and the DAC L 46 is a MAXIMr)

MAX5888 operating at a sanpling frequency of 400MHz.

. summés 9@v Adbtherihg-omceHadiopl signal, igclpiregoilrmd oppeditettd ¢he dithéﬁng

converter system 100 is better than the performance of

- signalgistgredudetiat BRGH oPthe hBgat R Chrctry FAe T BTk i %e‘ﬁ'p@ssgd

8, 1a process 120 for converting an-digital input

o855 AR AU 15 e, i

com IR RS S A B B B ) g

its high and | ow frequency conponents. The |inear-

produesgripyettaEm ot o Hist Prlogisimal pyd thedACnéacomarts B4 U

72 is added (126) to the dithering signal generated by

. signal phaslugied hy simues P ted segend armdtlog sigdal. The analsgbtitpuss dfiDRAC;

passed through the digital |ow pass equalizer 86 and

44 anca0IA€H 46128 Yiltbred biyahdurglod KigpeECHATEWRAREMoSsoEr Kilkds 55
i nput signal by. summer 90. di t heri ng-cancel | ati on

“and 575 THRAmnMY 58N héS c SAMALs (?E@b il Q%E?fsg?ée?\ﬁetd%lg itﬁé‘a?%io%%igh-'

signal, is produced at € out e negatin

i T G It 4§ then.passed . t gh the

pus LI fon TR SSUbh 3730 R RSR ek 59995 |

I freqguency conpo s of the input.signal_ by summer

G308, 1 SHERER ComPEBh Y &1 ok perfamming ok QgD RIoE eBTETHpn

summer. 90 to a first anal og signal and the DACL 46
procesg by e p@ppteR 470 ingludss ypeacesson dTdedvalstile memary 904;tanda non-

second anal og signal. The anal og outputs of DAC H 44
volatilemeniofClL 74 6. ar karfl idiske r Wdnvplatifemamel v 76 étgies ppeatiag slystem

| ow pass crossover filters 55 and 57. The sunmer 58

178, ddid £80,catlbmpatet idthctidhe 182 GatiSare @K BEMETL T HRTEIsBE1 72 out of
anal og hi ghpass.and | ow pass crossover filters 55 and

Vvolame'irﬁehgr}tpymot ropitPessSi@gnal SO(t). FIG 11 shows a

conmput’er 170 for performng the digital-to-anal og
PROESE $2E1 not limited to use with the hardware and sofiware described herein. -

Process 120 can‘ be jmplemented in digital electronic circuitry, or in computer hardware,
firmware, software, or in combinations thereof.

Process 120 can be implemented, at‘ least in part, via a computer program product,
i.e., a computer program tangibly embodied in an information carrier, e.g., in a machine-
readable storage device or in a propagated signal, for execution by, or to control the
operation of, data prpcessing apparatus, e.g., a programmable processor, a computer, or
multiple computers. A computer program can be written in any form of programming

language, including compiled or interpreted languages, and it can be deployed in any
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process 120. Conputer 170 includes a processor 172, a

volatile nmenory 174.* and a nonvol atile nmenory 176
woeoq/osodsar d di sk). Non- volatile nenory 176 SPOTAS2006/036413

operating system 178, data 180, and conputer

instructions 182 which are executed by processor 172

. form, ndludifig ¥04 sthnd-alofre prugyar 64 ad OmpduleOsompunents Subrd@the, or other

Process 120'is not limted to use with the hardware

unit sERISRE LB ARSRKDEHVRGHRIA. ARARERS pidfafdn bE geﬁlcéy;d

I nmplemented 1 n digital electronic circurtry, or
r

[ ' sof Lwar Of, 11 e w0
to be GEERA 56 BSLS R T BV Eb R b B one el gistuneapross
,?t,leasg.in part, via a conputer program product, '
multiple gites a3d ipjpsoRRsCled Ryoh CHMMUMGRtEAT ied in an
information carrier, e.g., in a machi nereadabl e .
sDigitpd datdéy be eenp o ¢a¢th/g€ spalddreagmputpdan regl §me when an
execution by, or to control the operation of, data
analogwovsfesn sgzeappeadalr vsi-lige gnd staref iog rreeromp devigs. ocessor
a conputer, or multiple conputers. A conputer program
Caethed Wepd 4s86:ihtBd Mtk thipldih&ing PRSI0 Gn (bRMEBHBed by one -
.including conpiled or interpretéed | anguages, and it

or mofy e B ISBIYSLL0 S0ULRE Mot BELAL A 3R 6} 6
P AL LR E S MO T

execut ed on one conputer or .on multiple conputers at
purposgiegis cirguily. ¢igs i FBLedicltprogranpmiphle gpts agay bandieran ASIC
i nt erconnected by a conmuni cati on network. Digital
(applichtiva-spesifieintegmated oiras)h DAC coul d be conputed in real
time when an anal og waveformis generated or off-line
andcatars editible forneENegutiayoeconyhittrgsto giagpinchgs,an wiydf
with inplenmenting process 120 can be perfornmed by one

examp®, bOW RnéYaPEHPIPEBIR] SurBbQCARIETScRYSS Undly QAE 0P not®' €
conmputer prograns to performthe functionS of the

proces?% ?g%@ﬁ?g%ég éigﬂélpc‘englﬁﬁﬁté}f. GRS a ﬁ?o%e&%pw?l?receive ‘

instructions and data from a read-only memory or a random éccgss merhory or both.
Elements of a computer include a processor for executing instructions and one or more
memory devices for storing instructions and data.

The circuitry described herein, inéluding the frequency mu]tiplexer 41, the
linearization LUT 72, the dithering module 94, the DACH 44, the DACy 46, and the
combiner 47, may be implemented as part of converter systems 40 and 100 or as séparate
circuitry for use in conjunction with converter systems 40 and 100.

| A number of embodiments of the invention have been described. Nevéﬁheless, it

will be understood that various modifications may be made. For example, converter

18



purpose logic circuitry, e.g., an FPGA (field

progranmabl e gate array) and/or an ASIC
woOapplemi i on-specific integrated circuit). PreCEaSo006/036413

suitable for the execution of a conputer program

i nclude, by way of exanple, both general and specia

systenRYRRTY 05%8151? BE %’Fo%zﬁé?f 2 coﬁg\?tgiﬁ{‘%rfa?{g% t tUQrcﬁ%tsal output by

processors o ut er ner al y,

- &ﬁ@f’%%kfnapa BelEalRl fFud ROy Bl PR

. El éments of a conputer include a processor for
is optimiessiiior g highsfreqrensyrigsadrd Breerlcingdhe Dikro?q Wit gn ARC
for- storing instructions and data. The circuitry '

havinglesSFDBetathieojstimized farlthellongfreduenty sggendycardinglyppibger

' 41, the linearization LUT 72, the dithering nodul e 94,
: embodlﬂ%m@/é%ﬁl‘}m thé1ecopAGE theGollenthgtddmeombi ner 47, may be
i npl enented as part of converter systens 40 and 100 or
as separate circuitry for use in conjunction wth
converter systens 40 and 100. Anunber of enbodi nents
of the invention have been described. Nevertheless, it
wi || be understood that various nodifications my be
made. For exanple, convertersystens 40and 100 coul d be
nodi fied to convert an analog input to a digital
out put by replacing the DACH 44 with an
anal og-to-digital converter (ADC) having an SFDR t hat
is optimzed for the high frequency range and by
replacing the DAC L 46 with an ADC havi ng an SFDR t hat
is optimzed for the | ow frequency range. Accordingly,
ot her enbodi ments are within the scope of the
following clainms. WHAT IS CLAIMED I'S: 1. A systemfor
converting an input signal to an output signal, the
system conprising: a first converter having a first
performance specification for use with frequencies
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above a frequency threshold; a second converter having

a second performance specification for use with
woneayeosi es bel ow the frequency threshold; , RCT/US2006/036413

frequency nmul tipl exer coupled the first and second

converters, wherein the frequency nmultipl exer

- WHATUISpCLAMEB I8i gh- pass crossover filter coupled to.

the first converter, wherein the high-pass crossover
filter is configured to transmt high-frequency .
conposigRhsioptobeetingwlihpel ganall td M éhputfsignal, tloosystent er
and to attenuate | ow frequency conponents of the input
conmﬁ&ﬂ al to a predetermned | eVel such that the
OW f requency conponents can be used to correct

non-linearity error. i.ntroduce . . £ v .

RSN GO P DR B AP oh LSV B i

frequency threshold and the | ow frequency conponents
aboveg EeqyEnehiesaold; equency threshol d; a | ow pass

crossover filter coupled to the second converter, |

wheeaingd coheerliephaying 8 seqond petfermdrice specifieation 491 usgath t o

transmt the | ow frequency conponents of the input

frequedicigpdklootht ieqseconidestmider ter and to attenuate the

hi gh-frequency conponents of the input signal to a

Ph %@g&&{c iaplegdalousies thd it ald@cbhdbdnvefiereWierein the
conmponents can be used to correct non-linearity errors

s B RSO one conver Lens 21072 n oot et

S R TR S ST

Sﬁicglgpp%ssc c(:)rggs%ztere f[ﬂ?ertis? cgnoﬁrgrlrl]rédht% t?a%gr%ytthigﬂ-g'gc?lllénc% %qmponehts of
the input signal to the first converter and to attenuate low-freéuency components
of the input signal to a predetermined level such that the low-frequency o
components can be used to correct non-linearity eﬂorp introduced by the first

N : ,
converter, wherein the high-frequency components are above the frequency .
threshold and the low frequency components are Below the frequency threshold;
a low-pass crossover filter coupled to the second convertéf, wherein the

low-pass crossover filter is configured to transmit the low-frequency componeﬁts
of the input signal to the second converter and to attenuate the high-frequency

components of the input signal to a predetermined level such that the high-

frequency components can be used to correct non-linearity errors introduced by

the second converter; and
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“converigd FigHJAGPTE

26 2. The systemof claim1, wherein the conbiner

conprises: 27 a high-pass crossover filter coupled to
woOheo7iohosst converter, wherein the high-pass 28PCT/US2006/036413

crossover filter is configured to attenuate the

| owfrequency conponents of the first 29 converted

S5 apahide? c?u;ﬁéc?%%tfﬁgt g §9co!n§ %ﬁﬁver@f&d whereth {HeWoRAKRr is

crossover ter COU second convert er,

, Conﬁ&FEﬁ# ﬁglgﬂl}Pﬁ’dnﬁ rsﬁ%&gﬁu(&qd ¢ %i's OveaP rg&%}‘éﬁ% frbﬁl the ﬁrst alt'ld

. of 'the second 32 converted |nput signal to a

_seconghequmerisrsipriean theaiput 188y 3. The system of claim 1,

wherein the first and second performance
speci fications 35 conprise spurious-free dynam c-range
specifications. 36 . . 37 4. The systemof claim]1,

whemak Bydt&a oficlasih 16 @hveir e combinet s@apmdsesi r st
: dlgltalrto- 38 anal og converter and the second

CoH \ﬁ%r }%a%ﬁ ch%EWeﬁr fifier &uﬁfé&%‘ thedhirgi dolverk&; FRadeROthd Righ-pass

conver The system of claim1l, further

. CO isin u

crossciet BB lsg%afag GZM%B?% oSl kiR

to; 3 determ pe that, a e of the input signa
%t%mn?ﬁﬁ‘ﬂm@i %@e of the 4 second

converter; andexpress a- ¢ ensation val ue
caampmmgvcmtﬁtqrﬁpmledz ¢ s¢roRd cAmYertepavherein the low-pass
conpensati on val ue causes the first converted signal

crossdver filter ie asifipaed toadtieyuaiaﬂwéilg}aﬂeqmy |c2mppmntsgefrrgp second
that is present in the second converted signal. - '

converted input signal to a predetermmed level.

3. The systém of claim 1, wherein the first and second performance specifications

comprise spurious-free dynamic-range specifications.

4. The system of claim 1, wherein the first converter comprises a first digital-to-

analog converter and the second converter comprises a second digital-to-analog

converter.

5}. The system of claim 1, further comprising a lookup table coupled to the
frequency multiplexer, wherein the lookup table is configured to:

determine that a value of the input signal corresponds to an input code of the

second converter; and
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6. The systemof claim5, wherein the | ookup table

conprises virtual bits that are configured to extend a
wounodramossi physical bits of the second convert eCT/UB2006/036413

The system of claimb5, wherein the frequency

mul ti pl exer further conprises a sumer configured to

aggpilchen EhifRaRth luewdinéspdndirdghBe inpRttodsisgelathat fhe The

systemof claim2, further conprising a dithering

comp%[ﬁ%ﬂ{;x?vﬁﬁ@@iuggs e ﬁtr% Qonverle@ SHRALY A Waki RHEAE  caBlld at O

rst and second converters, erei'n thé dithering

. nodul e _conpr. ses: .a dithering sSi l. ner at or

hneartzaﬁ?p FEP gt p&é%?’éﬂ? SEOG: 8??’%? S§¥%§'al "conprising a
sequence of random val ues; negating circuitry coupl ed
to the dithering signal generator, wherein the
negating circuitry generates a dithering-cancellation
sibgTak spserpoif slaiy Sawhergirethe doakiup yatile egmpriges vitual bijtithat are
and opposite to the random val ues of the dithering

configur@l exteadfa fusibes ufplysicabbits glithesedond adwvertee di t heri ng
signal to the high-frequency conponents of the input
signal; and a second sunmer configured to add the
dithering-cancellation signal to the | owfrequency

c nen f i . SJ I . ‘ j
o7 aRer e Sl o BB M muchey RABEIEL AL Enfirfbs o
first. equalizer coupled to the dithering signal
summe I to gL GomrBSAHoRSENE 4o 119 R Sy | ses a
transfer function that is an. inverse of a transfer
function of the high-pass filter of the conbiner; and
a second equalizer coupled to the negating circuitry,
WReMat systéne of elaond, Suihat carprisempditbenganodule soupled to the.
function that is an inverse of a transfer function of
frequenB® mudtip19as and td therfirst and second converters, wherein the dithering

module comprises:

a dithering signal generator configured to generate-a dithering signal comprising a
sequence of random values;

negating circuitry coupled to the dithering signal generator, wherein the negating
circuitry generates a dithering-cancellation signal cémprising a sequence of values that
are equal and opposite to the random values of the dithering si gnal; : |

a first summer configured to add the dithering signal to the higﬁ;ﬁequency
éomponents of the input signal; and

a second summer configured to add thé dithering-cancel]ation signal to the low-

frequency components of the input signal.

22



68
69
70
71
72
73
74
75
76
77
}8
9
80
81
82
83
84
85
86
87
88

89

of the conbiner. 10. The systemof claim8, wherein

the dithering signal is configured to attenuate spurs
wonod7veossut put si gnal and wherein the PCT/US2006/036413

di t hering-cancel lation signal at |east partially

cancel s distortion in the output signal caused by the

diot el spgresi fieilim 8] wherbinhelidted 0 me@NY GiriHeP GodPrisdput
signal to an output signal, the nethod conprising: '

r @gRbiVdqRalieh 8ol ' ing! e in the first
hi gh- f rqeq&encgldﬂggﬂjn%gﬁée ﬁ?@é"é’? S%@gﬁgér?pta#&gwgﬁrg}n 'tthg %igst

s BB E S UGS, s SRS SRR

.. lowfre ncy conponents of the input signal to a
h‘gh’pﬁﬁ%ﬁ&?re‘%ﬁ?l%%"‘l?lé éﬁn‘iuch that the | owfrequency
conponents of dither can be used to correct
n&APIonE e alizerequpres! tothe wrpatiegicibyuitry eviferais thecseoomet équalizer
transmtting the | ow frequency conponents of the i nput
compriseg adtansfer finsgaothet i ARV of ALk RI RurdchiBn of the low-pass filter
| ow frequency conponents are bel ow t he frequency

of the tbwiBglee! d; 90 attenuati ng the hi gh-frequency conponents
.of the input signal to a predetermned 9 1 |evel such

that the high-frequency conponents of |inearization
correction and dither can 92 be used to correct

' -1inear.it r.rors i ntroduced by the second o
B Rl L e Qi hegne Fieaskis RS Eswhisionsate
to forma first converted signal; 94 converting the. :
spurs 1 gh QR Y ancbwhe pigrthe ditheringreangellion nignebat east pattially
signal ; and 95 conbining the first and second
cancelgdistpetiareia th¢ outpltssigmal taursad bi¢hendithering siggalal . 96 . 97
12. The nmethod of claim 11, wherein transmtting the
hi gh-frequency
11. A method for converting an input signal to an output signal, the method -
comprising:
receiving the input signal;
transmitting high-frequency components of the input signal to a first converter;
wherein the high-frequency components are above a frequency threshold;
attenuating low-frequency components of the input signal to a predetermined -

level such that the low-frequency components of dither can be used to correct non-

linearity errors introduced by the first converter;
transmitting the low-frequency components of the input signal to a second

converter, wherein the low-frequency components are below the frequency threshold;

23



98 conponents conprises attenuating the | owfrequency
conponents of the input signal; and 99 wherein
wonrenTaaddst i ng t he | owfrequency conponents coOnpCTAS2006/036413
attenuating the high- 100 frequency conponents of the
Jinput signal. 101 102 13. The nethod of claim 11,
90 WARERIAfinE AV1G ﬁ-'ﬁ%ﬁuéﬂa? chn?Bﬁérﬁ@&Mﬁé‘ fpuEignd] @yva %Sﬁfﬂetermined

frequency conponents conpri ses converting digi

signal.s, 1o | 0 [ ls. .104. . Tet’ :
teve el 3t R ofafaR el RoBomnt O it Mo, PR R Rl o
: -l ow 106 fregluenc corr?onerc]t S 'orrtgri ses . converting
92 be useghigIcorrest RSNty Fiogt inkjodus © saceid SO CHET The

9

-—

met hod of claim 11, further conprising: 109 neasuring
93 aconvesting thethignfrequeney edmponentsde doren @ %rﬁv epnverted gignal;
corresponds to an 110 input code; and 111 storing the
94 | copadriizgthic dow drdqaencyrdnipoaemto thefoirm asebaukennvemrd] Bgnal; and
: 112113 . 16. The method of claim 15, further
95 CoRbirshd e fkdihnd StRnAcBhnGtcdRainaR ¥ Fruetheloutpue sighatut

signal corresponds the input code; and 115 expressing

'96 " a conpensation val ue correspondi ng the input code such

that the 116 conpensation val ue causes the first
copverted si .to.at,l eas ar.ti al C el a - 117
o | Thelhr Rt a1y hae ot rpPRuE e ERiShedhy

converted signal. 118 119 17. The nethod of claim 11,
98 compénentsOMUEBAH I EUAGE the low-frequency components of the input signal; and

99 wherein transmitting the low-frequency components comprises attenuating the high-
100  frequency components of fhe input signal.
101
102 | 13. The method of claim 11, wherein converting the high-frequency and low
103 frequency components comprises converting digital signals to analog signals.
104
105 14. The method of claim 11, wherein converting the high-frequency and low
106 frequency components comprises converting analog signals to digital signals.
107
108 15. The method of claim 11, further comprising:
109 | measuring a linearization error of the second converter. that corresponds to an
110 input code; and |
111 storing the linearization error and the code in a lookup table.

112
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113
114
115

11

(=)}

117
118
119

120
121
122

123

124

125

126

127

128

129

130

131

132

133

134

120 generating a dithering signal conprising sequence
of random val ues; 121 generating a
wdi20dTemo9sg- cancel | ati on signal conprising a SefgUEMNS2006/036413
val ues that 122 are equal and opposite to the random
val ues of the dithering signal; 123 adding the
ol & hEfre methed gfialair d 51 fuethtr @mpiisiguency conponents of
the input signal. 124 to attenuate spurs in the output
degratining skt h3ahrAditiginbiesigial fsttdspohdsans flphPtddand
signal to the |ow frequency conponhents of "t he 12%n
iR S| o | ' cance i stortion
PRl eRlnyfeeon VAR coR @by e BHGToln She ol i
[ 129 18. A cQ t.er .program pr.oduct -
compefiaiiftypiud Sk sy CoriSBES B Seiy nEt oY incshaani e
i .nmedi a, the conputer Brogran1producp conpri si ng
inearizajop eirey thghis Rresept ndhe scCendeqnrverted sigale processi ng
devices to: 132 receive an the input signal; 133
transmt high-frequency conponents of the input signa
to a first converter, 134 wherein the high-frequency

d@nfibe ertlsodofclaihoVk fartier eamprisiigt hr eshol d; 135 .
attenuate | owfrequency conponents of the input signa

F@ﬂ@atm@@ﬁ@'ﬁ‘mg%ah %ﬁf)ﬂs}@seauﬁ%ftoq ?ﬁna‘gﬂ‘?valﬁe ;

ow frequency conponents of" di't can be used’to. .

' e L 137 i ntroduced by the - .
PRI O R bl ebe el et yotiSs a
t he nal secaond converter,

omponent.s .of. t he .i nput si .to.a
are equ%fg‘ﬁ\mg?sé‘seﬁott%%raPQvaraé’ﬁﬁl8 g dé‘i?ﬁ%%%ﬁ’@?é;kar e bel ow t he
frequency threshold; 140 attenuate the high-frequency
adspd e dithenng sigaalitp g high-gisanency campoaetds of thicrianhit Sighal
| evel such that the high-frequency conponents of
to attenpdter spans mathe ontpeidsigeel; ah and dit her can

adding the dithering-cancellation signal to the low-frequency components of the

input signal to at least partially cancels distortion in the output signal caused by the

dithering signal.

18. A computer program product tangibly embodied in one or more machine-
readable media, the computer program product comprising insmictions that cause one‘or
more processing devices to:

receive an the input signal;

transmit high-frequency components of the input signal to a first converter,

wherein the high-frequency components are above a frequency threshold;
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135
136
137

138

© 139

140
141
142
143

144

145
- 146

147

148

149

150

151

162

163

154

155

156

142 be used to correct non-linearity errors introduced
by the second converter; 143 convert the

woigit/ifemsguency conponents to forma first conpPeriusen6/036413
signal; 144 convert the | ow frequency conmponents to
forma second converted signal; and 145 conbi ne the

i ia&éﬁxfa@mmsse e eaBS SRl TR digha & g?fe?@teﬂﬁﬁn@&‘ﬁevel

signa 146 1 e conputer” program

‘such t@sﬁb@% el rc'gf’éoﬁﬁpfagné il R BEbRE ol ey

sure a linearization error of the second converter

-errorstlﬂté?d%ii%élﬁfoﬂ LCQYCHE: i nput 150 code; 151 store the

| inearization error and the code in a | ookup tabl e;
152nstait érentowefreqrencycanapansnisiof thesinpwirignad iggmedcond converter,
corresponds the input code; and 153 express a

wherdhipthedowafi dquenssaddigponerits @iosdel ge frémehepthiresholie such

" that the 154 conpensation val ue causes the first

CaRufhtae Bl dRtq Jeﬁcféorﬁﬁcﬁ}%hts%'iﬂé ﬁbﬁtym ‘I‘ (2 pl%dét%ﬁmned

- linearizati on error that i s present he second
et GERNFEATE ST S4RCs 0 OO BB o

58 t hat ca se t.he one, ocessi,ng devi ces to:
“be use]flée B RE mRp e T oGP he R e ence. of

random val ues 160 generate a dithering-cancel| ation
sFemirt the Aehriseavgney eosepaspls toforyng fess Converted signals |
equal and opposite to the random val ues of the

dcorherti the lsv-greghigncy 6@maduoenthi® fdith heecong @nyerddd gignalremd
hi gh- f requency conponents of the input signal to 163
atérabiaiiee SRULE dedotdeonveitpditigadlgfaformané output signal.

19. The computer program product of ¢claim 18 comprising further instructions

that cause the one or-more processing devices to:

measure a lineén'zation error of the second converter that corresponds to aﬁ input
co@e;

store the linearization error and the code in a lookup table;

determine that a value of the input signal corresponds the input code; and

express a compensation value corresponding the input code such that the
compensation value causes the first converted signal to at least partially cancel a

linearization error that is present in the second converted signal.
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158
159
160
161
162
163
164
165

166

164 add the dithering-cancellation signal to the

| ow-frequency conponents of the 165 input signal to at
woeeaso4manti al |y cancels distortion in the out pat/us2006/036413

signal caused by the 166 dithering signal.

20. The computer program product of claim 18 comprising further iﬂstruétioﬁs
that cause the one or more processing devices to:

generate a dithering signal comprising sequence of random values;

generate a dithering-cancellation signal comprising a sequence of values-that are
gqual and opposite to the random values of the dithering signal; -

add the dithering signal to the high-frequency components of the inﬁuf signal to
attenuate spurs in the output signal; and

| add the dithering-cancellation signal to the low-frequency components of the

input si gnal to at least partially cancels distortion in the output signal cause& by tlie' r

dithering signal.
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