-1- METHOD OF SAMPLI NG DOANCONVERTI NG AND DI A Tl ZI NG A BANDPASS SI GNAL
USI NG A DI G TAL PREDI CTlI VE CODER BACKGROUND OF THE | NVENTI ON 1. Field of
the Invention The present invention relates to the field of designing radio
receivers using digital signal processing techniques. 5 2. Prior-Art The
follow ng references are relevant to the present invention: [1] F. de

Jager, "Delta nodul ation "EEC$E§§¥N§J§E.§§§LE§%B +&§Si on using the one unit
code," Philips Res. Repts., vol. 7, pp. - ; 2. [2] H S

McDonal d, "Pul se code nodul ation and differential pulse code nodul ation

encoders, "11970Friefd fatemd  1iNant3on?6, 855 (filed 1968). [3] R Steele,
Del ta Modul ation Systens, New York; Wley, 1975. [4] H Inose, Y. Yasude,
and J. Murakam ,~ "A telenetering systemcode nodulation -- [err] - [err]

modul ati on," | REh@rpnesedpanerdrtdein rédhesst ty, thol fiSET -0 qusigdddg- 209,
Sept. 1962. [5] S. K Tewksbury, and R W Hallock, "Oversanpled, Linear
Predi cti veradio Noesei 8iepivginnddgitefl sigeal NbriodedHEg TremhniqGescuits
Sys., vol. CAS-25, pp. 436- 447, July 1978.

5 2. Prior Art

The following references are relevant to the present

invention: -

[1) F. de Jager, "Delta modulation -- a method of PCM
transmission using the one unit code," Philips Res.
Repts., vol. 7, pp. 442- 466; 1952.

{2] H. S. McDonald, "Pulse code modulation and differential
pulse code modulation encoders," 1970 U.S. Patent, No.
3,526,855 (filed 1968).

[3] R. Steele, Delta Modulation Systems, New York; Wiley,
1975. '

[4] H. Inose, Y. Yasude, and J. Murakami, "A telemetering
system code modulation -~ A - X modulation," IRE
Trans. Space Elect. Telemetry, vol. SET-8, pp. 204 -
209, Sept. 1962. :

[5] S. K. Tewksbury, and R. W. Hallock, "Oversampled,
Linear Predictive and Noise-Shaping coders of order
N>1," IEEE Trans. Circuits Sys., vol. CAS-25, pp. 436-
447, July 1978.

(6] D. B Ribner, "Multistage bandpass delta sigma
modulators," IEEE Trans. Circuits Sys., vol. 41, no. 6,
pp. 402 - 405, June 199%4.

[7] A. M. Thurston, "Sigma delta IF A-D converters for

. digital radios," GEC Journal of Research Incorporating
Marconi Review and Plessey Research Review, vol. 12,
no. 2, pp. 76 - 85, 1995.

(8] N. van Bavel et al., "An analog / digital interface for
cellular telephony,® IEEE Custom Integrated Circuits
Conference, pp. 16.5.1 - 16.5.4, 19%4.
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[6] D. B Ribner, "Miltistage bandpass delta sigm nodul ators,” |EEE Trans.
Circuits Sys., vol. 41, no. 6, pp. 402 - 405, June 1994. [7] A M
Thurston, "Sigma delta IF A-D converters for digital radios,” GEC Journal
of Research Incorporating Marconi Review and Pl essey Research Review, vol

12, no. 2, pp. tHere 3%e #3989 aliPhntdfeyain Baviely digdkal sAgnabal og /
digital interface for cellular tel ephony,” IEEE CustomIntegrated Crcuits

Conf er encgrqiessifigh (DsP) 16ebhdiqiéddin the Ampleewatatdéonanoy aadamt ages in
using digital signal processing (DSP) techniques in the inplenmentation of
radi o fredireguenciF)(RF¢ceecel versiar ndssierp irge thesey advagbagenovever ,
relies to a great 2§ﬂ[ee on the ability to 5 effectively convert the signal
fromthe dwalentprt.oreldesi §et al guenti dedrer hdet PGARLtRFEPecei ver

i npl ement ati ons, the received signal is downconverted to in:ph (] d
quadr abur effgctiyedyafPVEREohBRL S1FRAL oheP ™ t?’rﬁ\graré‘a &9 g8lngggs g&%é?% 22

internedi ate frequency (IF), using analog circuitry, and then converted to

Eheingitﬁ*xﬂHﬁhin using a pair of pulse coded nodul ator (PCM type anal og
o digita '

In convéntional RF receiver implementations, the
received signal is doﬁnconverted to in-phase (I) and
quadrature (Q) baseband components via one or more

10 conversions to an intermediate frequency (IF), using analog
circuitry, and then converted to the digital domain using a
pair of pulse coded modulator (PCM) type analog to digital
A/D converters operating at baseband. A number of sources of
degradation exist iq using this design apprpach that limit

15 the achievable performance. Any phase error in the local
oscillators used to mix the signal to I and Q baseband
components will impair the receiver's ability to discriminate
between signal components above and below the IF center
frequency. For exémple, achieving 40 dB of (I-Q)

20 discrimination requires these local oscillators to be
orthogonal to within 0.5°, including all drift from aging,
temperature and manufacturing tolerances. This phase
aécura;y must then be maintained throughout the pair of
analog paths up to and including the A/D conversion function.

25 Similarly, the amplitude response.of the two analog paths,
including any gain mismatch between the two A/D converters,

must be well matched to preserve the (I-Q) discrimination of
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A D converters operating at baseband. A nunber of sources of degradation
exist in using this design approach that limt 15 the achievable
performance. Any phase error in the local oscillators used to mx the

signal to | and Q baseband conponents will inpair the receiver's ability to
di scri m nagge bedvEBReS] g alepm@nsstglﬁb@y@cﬁmrwl@ﬁ oFe abFasenter
frequency. For exanple, achieving 40 dB of (I-Q 20 di scrimnation

requires thpesgetossdrion IMaaichy $hieoahpl bt tide gtssorise Wit he Qwb[ paths
including all drift fromaging, tenperature and manufacturing tol erances.
Thi s phasetackettey thet @.ledBe Sacht bobexhndes agteo posisidlgarndohapnal og
paths up to and.including the A/D conversion function. 25 Simlarly, the
anpl i t ude bespereeded mhaiging angeddbpathen Towtiinkndweyegai n ni smat ch
between the two A/D converters, must be well matched to preserve the (1-0Q
di scri i naPPERLBING thie tleranse 1Ag§| Raiy ehigitad; ﬁrtlhﬁl A&t i on of 40
dB, it is necessar o] nat the a | tude_respons .two path

bot ter ¢ haRoB Sand AR R Y P 'aagmt? Bnf A 24RgeatedFby
using a calibr nr weyv toI ran in a pair
of gt ShEbRE FLrFERY nag*%?%%rﬁﬁre%% bRt AR 8Bl P2 g
an | F signgitgéééﬁé}y and t her eby av0|d|ng t hese bal anci ng i ssues

al t oget her.

Design approaches for direct A/D conversion of the
10 received IF signal using conventional PCM type multiple bit
A/D converters eliminate the need for the IF/Baseband analog
circuitry. Although the location of a substantial number of
high-speed digital switches alongside sensitive RF circuitry
invites interference, the potential benefits are often'

15 considered to outweigh the new design difficulties. Another
problem.introduced by the digital processing of IF signals is
the need to perform high-speed A/D conversion, a problem
compounded by the need for higher linearity in early stages
of the receiver. éonventional multiple bit A/D converters

20 'have the property that the signal bandwidth available is
equal to one half of the sampling frequency, less a margin to
allow for anti-alias filtering. The product of the bandwidth
and ré;olution of a converter (or dynamic range) is a measure
of its performance, and this will typically be reflected in

25 the difficulty of designing the device and also in its market
price. Because a typical IF signal is narréwband compared to

its carrier frequency, the use of wideband multiple bit
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Desi gn approaches for direct A/D conversion of the 10 received |IF signal
usi ng conventional PCMtype nultiple bit A/D converters elimnate the need
for the | F/ Baseband analog circuitry. Al though the |ocation of a
substanti al . nunber of high-speed digital sw tches al ongside sensitive RF

' it vt Lnterf h L al . benefi ft. 5
Consi der o0 DBV BELRER GROTRG o FISSGRCarTi PRLIT becosnst e et £ 2
consi der ed g . o PFest f
i g Spocd ATD CRRVEPLY v SR o R EstbeEh AR o D, AR

linearity bBoééE!sYn?t@G@ﬂnéﬁd tdigh rw@@ch%évem%émn ldijpl @ bit AD
converters 20 have the property that the signal bandw dt’h available is

equal to og@bBahbpled hbee SeudH itHat neRUeasYiek efBequdidfiit abold @Wef OF
anti-alias filtering. The product of the bandw dth and resolution of a

convert®r campllyngnfredqasagesy). i Howeveasuaehbbvihg fles fmgmdwicith amdl this will
typically be reflected in 25 the difficulty of designing the device and

al so in itsymamket rpnge edeBegmgmls wihc &hisFmetyod| réequines enbhanded
conpared to its carrier frequency, the use of w deband nmultiple bit -4-
convert er schaanehof 11 e@rre L QY iRt ithel COPURHELan| e iRNevanta okder specific
probl em Some reduction in the A/D converter's processing overhead can be
achi eved bgh@ﬁgpa§iﬁ§omta};p§gng into the passband resulting in an

increase in cost and power consumption.

10 A/D converters designed based on the_principles of
predictive and interpolative coding (sudh as delta converters
and sigma delta converters), although traditionally operating
on baseband signals - especially audio - exhibit attractive
properties (see the foregoing references). First, they are

.15 an over-sampled coding technique that achieves coding
accuracy by fine temporal quantization rather than fine level
quantization. Thus, for a given sampling frequency, the
usable bandwidth is very much reduced compared with standard
pulse code modulation {PCM)} techniques, and this trade-off in

20 requirements is reflected by a simplified design suited to
low tolerance components. In general, the analog filtering

required with such a converter is thus comparatively simple.

-

A second advantage of these types of coding is their
inherent linearity. A multiple bit converter is very
25 susceptible to component tolerances, and a non-linear mapping
between the analog and digital domains is difficult to avoid.
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subsanpl ed node such that the carrier frequency is above the 5 sanpling
frequency. However, achieving the bandw dth and dynam ¢ range desi gn goal s
with this nethod requires enhanced channel filtering prior to the
conversion to prevent other channels fromaliasing into the passband

resul ting bﬁeaoew%@@é@séfhpQ\%ar@ﬂ%ﬂoe\&%aeeﬂéueméOélffé& is by

converters designed based on the principles of "predictive and |nté$£olat|ve
codi ng (sugBeasfdri§l-TORYEIdRIR idRd GEittidR , dehl anh CoPF&st BF al t hough
traditionally operating on baseband S|gnals - especially audio - exhibit
attracti vedpropeelaess (sloe ridre- fimteegditigsr €kemethesinpit rsigndlhaeyndre 15

an over-sanpl ed codi.ng techni que that achi eves coding accuracy by fine

t enpor al gueduregat tha efféct tdhan Hanign awélseqaanrteat i Tinl s THechnifque a

gi ven sanpling frequency, the usable bandwidth is very nuch reduced
conpar € wiak Beawsed dtpureo dhasirn-dingar( PERpcEachrmyUde cadethi s
trade-off in 20 reqguirenments is reflected_by a sinplified design suited to

| ow t ol er aRBE EBﬁp%h@h’f—’sﬂg IW@@@P&C‘E tlﬁeuéﬁ&WBEQWI Rt RE & ed with

such a converter thu ativel SI | e econd vant age of these
types of c&8PRg ?E tﬁ%+? * rgﬁiﬁﬁaq e Rléhi¥|ﬁ$EF%f ngerter is

e Yooy PASEEBELDLE | C@ﬁmnpag{n;o%ﬁf ?a%& B £y fs 0 LU00R) JBRALTO

bet ween t he~anal 69 ahd |g|ta I"Ns C 0° avo
radio channels is likely to present difficulties.

10 The use of interpolative type encoders (i.e., sigma
delta converters) in the anaiog to digital conversion of a
high frequency IF have been advocated by many authors, such
as the authors of the last two referénces hereinbefore set
forth. Aalthough thg advantages of these techniques are

15 | clearly delineated by these authors, there remain numerous
implementation challenges which must be overcome by a
designer who is focused on achieving the low cost and low
power consumption goals. Thé most relevant of these
challenges'is the fact that although these techniques

20 ultimately produce an oversampled single bit (1-bit) digital
representation of the IF signal, the signal must first be
converted from its analog continuous-time representation to

' ah anéiog discrete-time-representation, where it is processed
by elaborate discrete-time analog circuitry prior to being

25 mépped into the digital domain (i.e., quantized or

' digitized). Furthermore, achieving the high dynamic range

and the low quantization noise advantages offered by'these
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-5- One very successful neans of conbating this effect is by the use of

hi gh-1 evel additive dither, which effectively decorrel ates the .
non-linearities fromthe input signal and reduces the effect to a benign
noi se source. This technique 5 nay be used to renove the non-linear effects
fromthe codichridudsh@rtibRl Foldi PEE f OReBNEA drentht i BR! 8EYhigRt e PCM
code, and this itself can introduce highly correlated distortion, which in
an appl i cat iiccing 1%opg, ewethYycoRsi@sk 151 drhaarel Sni sompkekyty o present
difficulties. 10 The use of interpolative type encoders (i.e., sigma
delta converters) in the analog to digital conversion of a high frequency

| F have been advocated by many authors, such as the authors of the last two
references hereinbefore set forth. Although the advantages of these

techni ques are 15 clearly delineated by these authors, there renmain

numer ous i npl enentati on chal | enges whi ch nust be overcone by a designer who
is focused on achieving the | ow cost and | ow power consunption goals. The
nost rel evant of these challenges is the fact that although these
techniques 20 wultimately produce an oversanpled single bit (1-bit) digital
representation of the IF signal, the signal nust first be converted from
its anal og continuous-tinme representation to an anal og :

di screte-time-representation, where it.is processed by el aborate
discrete-time analog circuitry prior to being 25 napped into the digital
domain (i.e., quantized_.or

—_—
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digitized). Furthernore, achieving the high dynam c range and the | ow
gquanti zati on noi se advantages offered by these -6- techniques often
requires the inplenentation of high order encoding | oops, with considerable
i ncrease in conplexity. BRI EF SUMVARY OF THE | NVENTI ON Thi s invention
utilizes predictive coding principles to inplement a sinple downconverting
A/ D converter. By placing {h a, I nsi de_t redictive |oop, the
predictive loop 5 filter |%ﬁisuu .éﬁeﬁ? d %alug echni ques, thus
elimnating the conplexities introduced by use of discrete- tinme anal og
circuitry. Then - ' . t A | ctivie |. filter
i nto the anal ogqjggfgmiﬁvégg&;dgpg‘lﬁqiz%%n&gtretdg%}:a{t}ﬁeg%(?%ﬁcéﬁl/l\?lél%%%[sertoout put
signal is spbiEacheds 10 fdanddimddiRid-c2Rg! RgpSt 9eREF 318 ch
prediction e]Fror sfgn;‘% EEr%'renr efore, t rough g?r%ct yrié;:rrpl i%%_%tlﬁgahs
predi ctiongRer 8AmS1 &Pa] nduik Ay Yriddiacibe d8bpUttid ﬁﬁlﬁiiﬁt@@!&ﬁb&% | oop
filter into analog representation using a |owcost multiple bit DJA this
i nvent idn ghilobhRat®s bHéeimSleentntdids Wsdhg- DEPetdShmiglery ahueui try and
greatly reduces the conplexity of the

eliminating the complexities introduced by use of discrete-

time analog circuitry. Then, by re-mapping the output of the
predictive loop filter into the analog domain using a D/A
converter, the predictive filter output signal is subtracted
10 from the input analog signal to generate the prediction error
signal. Therefore, throﬁgh directly sampling the prediction
error signal and converting the output of the pfedictive loop
filter into analog representation using a low-cost multiple
bit D/A, this invention eliminates the use of discrete-time
15 analog circuitry and greatly reduces the complexity of the

converter design.

In using mostly DSP techniques in the implementation of
the predictive loob, it became possible to make use of the
flexibilitiés offered by these techniques to adapt the

20 characteristics of the digital predictive loop to match those
of the input signal. This allows attaining higher dynamic
rénge.;nd lower quantization noise performance with lower

order and less complex predictive loops.

The dynamic range performance of the digital predictive
25 encoder of this invention is further extended by utilizing
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converter design. In using nostly DSP techniques in the inplenmentation of
the predictive loop, it becane possible to make use of the flexibilities

of fered by these techniques to adapt the 20 characteristics of the digital
predictive loop to match those of the input signal. This allows attaining

hi gher dy ] Gqal | zatj o i pet.for man 1th | ower

or der andqﬁg%sJé@%%ﬁe%ﬂgpggrgFigggp%%ég}ﬁﬁﬁﬁﬁg§% ﬁigﬁ?aﬁ %négrﬁ%Fnance of
the di git dlorftifliGhigya vareA6AGal ddpitdiReelhagaal 3¢ fULL NEfofXIgnded by
utilizing -8- the digital output of 't eJ1oo to generate e signhal for
control |i nthed praddidtli®edabBpaihbiuéi er placed at the front of the predictive
| oop input. Furthernore, the DC of fset perfornmance of the converter 5 is
greatly enhanced through incorporation of an offset nulling digital signal
processi ng el ermntthdrneire, s theeDCt of Psov i pher formesidendifethé tbeveffset s

I ntroduced by the various circuits. This offset estimate is then introduced
at the5i npig ofeatily sampheedbyhrondh nimepriporditdionablfyani offséte 10 out put
of the predictive filter. This invention is distinguished fromprior art
descri bed MR king [diodtadc edgnpdt pEcress ing mlementy whieht ignused fiour

provide an estimate of the offsets introduced by the wvarious

circuits. This offset estimate is then introduced at the
input of the " sampler by combining it digitally with the

10 output of the predictive filter.

This invention is distinguished from prior art described
in the references listed in the Prior Art section in four
major aspects. First, the placement of the sampler inside
the predictive loop allows the predictive filter to be

15 implemented using DSP techniques, thus reducing the
complexity of the overall converter plus adding flexibility
in re-programming the predictive filter characteristics,
which resulté in improvement in the cbnverter dynamic range
and noise pérformance. Second, operating the predictive

20 encoder in a subharmonic mode allows the predictive loop to
downconvert the signal and realize a further reduction in the
complexity of the digital logic used in implementing the
predicting digital filter. Third, using the digital
predictive loop output to contreol the gain level applied to

25 the input signal allows further increase of the dynamic range
of the converter. Fourth, incorporating a built-in offset
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maj or aspects. First, the placenent of the sanpler inside the predictive

| oop allows the predictive filter to be 15 inplenented using DSP

techni ques, thus reducing the conplexity of the overall converter plus
adding flexibility in re-programm ng the predictive filter characteristics,

whi ch resul in [npyovepent in the converter. dynapm c yrange and noi se
perfornanE@&igécU ggﬁoﬁ£¥%}??EF§rR?ﬁﬁ%ﬁﬁﬁﬂﬁnQQUEGH gkc%%%r in a subharnonic
node al | ows the edi.ctive_loop to. do onvert the_sj n ealize a
further 1 aTRAAReRERRi PR EariTes] AR IRE Ghy, afmil B8 10 SRS

i mpl ement i e LCLl tgital 4i r (g j h i O

predicti vé: o?g_ 83?%%%: %%ngﬁ%&gé‘t%% %{ae:ar?rﬂag\g’gl qugﬁ?gga% 08%@%%1]2&} nput
signal all arther increase of the dynam c range of the converter
Fourth, incorporating a built-in offset nul I er which elimnates biases

i ntroduced by the inplenmentation circuits inperfections dramatically
enhances the DC of fset perfornmance of the analog to digital conversion

process. -10- BRI EF DESCRI PTI ON OF THE FI GURES
—_
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Figure 1 is a block diagramof the Downconverting Digitizer of the present
invention. Figure 2 is a detailed block diagramof the sanpler of 5 Figure
1. Figure 3 is presents a generalized structure of the predictive filter of
Figure 1. Figure 4 presents a z-plane representation of a representative
filter stage of Figure 3, each st age of the 10 predlctlve filter el enent

bei ng i mpl enented as a skedond.lEyddil e O [LHE gnp2 g chart
illustrating the inprovenent in the dynan1c range and detection bandw dth
obt ai ned by increasing the p fdlctlve filte rder fromone,to two. 15
Flggre 6 is a BliguE &g aé?aﬁ19 otk ediRgran, %y99¥n?°PV?EEngtes t he
preferred | | enent a of the digital uadrature m xer of Figure 1.
Figure 8 i q¥%85k % g8?a9¥%?eT?mﬁhﬁ?Q§§$qﬁulIer | oop. Figure 9 is a bl ock

diagramillustrating a speC|f|c 20 inplenentati on of the present invention.

Figure 10 is aﬁ?’“c%r %lrjg?e aggaﬁéaexe taagrﬁ%fdm@%smbﬁegeoech' eved

by the integrate npl ary enent at 1 on exanpl e of
Flgure59\@ﬂdyﬁg]£he effect of the AGC | oop.

Figure 3 is presents a generalized structure of the

predictive filter of Figure 1.

Figure 4 presents a z—plane representation of a
representative filter stage of Figure 3, each stage of the
10 predictive filter element being implemented as a second-order

filter.

Figure 5 is a chart illustrating the improvement in the
dynamic range and detection bandwidth obtained by increasing

the predictive filter order from one to two.
15 Figure 6 is a block diagram of the AGC loop.

Figure 7 illustrates the preferred implementation of the

digital quadrature mixer of Figure 1.

Figure 8 is a block diagram of the offset nuller loop.

Figure 9 is a block diagram illustrating a specific

20 implementation of the present invention.

Figure 10 is a curve presenting measurements of the

dynamic range achieved by the integrated circuit of the
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-12- DETAI LED DESCRI PTI ON OF THE | NVENTI ON I n nost receiver designs, the
recei ved nodul ated signal is downconverted to an internedi ate frequency
(I'F) and filtered to select the desired signal and reject the 5 undesired
adj acent signals and channel induced noi se and interference I n nmodern
recei vers, the_downconyerted |F nust b furt er do E%Jt Ho baseband

and di gi t F¥SEPLARY tHR eﬁ??&ﬁﬁ%ﬁﬂi?ﬁ?ﬂ? 3'8|t Fgaﬁ ¥ need to

process t i b b frequency is driven by the nultlpI|C|ty of
10 technlg%f% Ea?kegégsﬁéguse by directly sanpling the IF signal and the

hi gh processing throughput required to handle the resultant sanpled IF.
Recent advances, i n bandpass sanpling have energed. They introduce concepts
of directly sampling the IF signal. These 15 techni ques use nostly anal og
circuits to achieve the conversion of the IF signal into the digital domain
and as such tend to encounter several design inplenentation difficulties
whi ch, when avoided, results in a rather expensive inplenentation. 20

This invention introduces a novel design inplenentation for an analog to
digital converter which is capable of sanmpling and downconverting to
baseband a nodul ated (IF)

. This Sheet Has Been Re
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carrier. The Downconverting Digitizer covered by this invention achieves
the followi ng three processes: 0 8 SEP 1998 -13- 1. Conversion of the
nodul ated | F signal to the digital representation (i.e. digitization). 2.
Downconversion of the nodulated IF signal to a digital representation of

t he bafeb?ndhin phase (1) and 5 quadrature (Q conponents. 3. Automatic
control of the proces I ' I extend the
dynam c range of the EQA EH Sshedy EP&N{/-"gg—(ggantlzatlon noi se.
Figure 1 is a bl ock diagramof t-he Downconverting 10 Digitizer of this

i nvention whichy lﬁogenPé&é PladdigdL! E?@;?Q€SEGQEQ% dyHat &l %ﬁ?ﬁﬁ%

digitally-contro variapl e gai n anpl i 200) adjus

anpl i t ude; of ab{FR-SRGELBEQ Kk Fart NHertcdiRak o éQQ&;uéﬁb@cm)damae with the
control signal (310) 15 generated by the gain control logic (300). 2. a
gai n cont gghtkegidctel eabatt (£09)dadiired eagnealt and heepsedintid ve filter

out put signal (410) into a control signal (310) that is used to set the
gai n v&l uendest bedvadj abért gedgnanplartd ehapf8D) induced noise and

interference. In modern receivers, the downconverted IF must
be further downconverted to baseband and digitized, and then
processed by a digital demodulator. The need to précess the
signal at baseband frequency is driven by the multiplicity of
10 technical challenges caused by directly sampling the IF
signal and the high processing throughput required to handle

the resultant sampled IF.

Recent advances in bandpass sampling have emerged. They
introduce concepts of directly sampling the IF signal. These
15 techniques use mostly analog circuits to achieve the
conversion of_the'IF signal into the digital domain and as
such tend to encounter several design implementation
difficulties_which; when avoided, results in a rather

expensive implementation.

20 This invention introduces a novel design implementation
for arr analog to digital converter which is capable of
sampling and downconverting to baseband a modulated (IF)
carrier. The Downconverting Digitizer cévered by this

invention achieves the following three processes:
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20 3. an anal ag summ ng el enent (500) which generates the error
signal (510) by conbining the anplifier output signal (210) wth the output
of the digital summng elenment (1200) after being converted to anal og
representation by the digital-to anal og converter (DAC) (700). -14- 4.

a sanpling elenen %g%ﬁ%h A I I (510) into
a digital represent at I on %gn\éﬁ ﬁ\o %‘2 lgpgﬁtdg}%r]’f %%gg?l (400) which
utilizes an @lgpsed LPMANRERLLebnt 18 . s2mpl gtk 2 40omi gnal (810) to 5
construct a dl%ltally representeg gredlctl%n of tﬁgﬁnndulated | F i nput
signal (100). *6. an offset nuller elenent (600) which conputes offset

val ues due to i.nppenmepdwidariveiyd o ofi €he Rofeldtsd XM sighdl tioo at he

di gital sunm ng*el enent (1200). 10 7. a digital sunm ng el enent
(1200) whi chdsgitsal heepressrtatdiont bE théskasemanddin-whasegral) @&d0) to the
predictive filter output (410) to provide the DAC i nput signal (1210). 8. a
di gitab to aguhdyawre eiQlercoadensisenent (700) 15 whi ch converts the
digital output (1210) of the digital summ ng elenent (1200) to the anal og

representation (710). 9. a digital quadrature m xer (900)_which ntxes t he
3. Automatic control of the processed mdédulated I

signal amplitude to extend the dynamic range of the

digitization process and minimize quantization noise.

Figure 1 is a block diagram of the Downconverting
10 Digitizer of this invention which is comprised of the

following elements:

1. a digitally-controlled variable gain amplifier
(200) which adjusts the amplitude of the modulated IF input
signal (100) in accordance with the control signal (310)

15 generated by the gain control logic (300).

2. a gain control logic element (300) which converts
the predictive filter output signal (410) into a control
signal (310) that is used to set the gain value of the

variable gain amplifier (200).

20 : = 3. an analog summing element (500) which generates
the error signal (510) by combining the amplifier output
signal (210) with the output of the digital summing element
(1200) after being converted to analog representation by
the digital-to-analog converter (DAC) (700).
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out put of the predictive filter (410) to baseband in-phase (1) (910) and
quadrature (Q (920) digital conponents. 20 10. two rate
reduction filters (1000, 1100) for in- phase (1) (910) and quadrature (Q
(920) baseband outputs which are used to: (a) filter out the undesired
al i as conponents; and (b) reduce the sa ling rate to be comrensurate with
the nodul ated si ghal ®aFRRMY element_ ( HQ)OV%¥%WICQRN9RRﬁnth|®ﬂ9 Pidg

ti zer has an_anal og, a_digital . sect and a m.xed- nal section
In this inveRtTdh, Sﬂgﬁaﬁgﬂéﬁ d0EP; gndigite |Fﬁ3¥ﬁ??ﬁ?%ﬂHQRN i'mum use of
the flexibility offered by digital signal 5 processing techniques. The

I [ feth k | IS - ised th
Vari abl o gai n anpti Rl TUG e L, FAEELr PLag0 Flliich uF 1B SeC The
f cedback DAGy 70Phages 4l B ¢RA0kaAEe o Ner B et AN 9) RN S

whose function Is to transformthe 10 S|gna fron1theqy gital to the

anal ogsdonai Bohdt #hex fLatiiads N3t kepaBdecht M éf@d?&\ﬁ&g otp tiiee digital
domain in the feedforward path, respectively.” All of the remaining el enments
of the Downchsodelitesd I didputelsighali qpbeyent ed using digital hardware and
operate at the rate of the 15 sanpling clock (50).

.h

6. an offset nuller element (600) which computes
- offset values due to implementation and provides a

correction signal to the digital summing element (1200).

10 7. a digital summing element (1200) which sums the
inverse of the offset correction signal (610) to the
predictive filter output (410) to provide the DAC input
signal (1210).

8. a digital to analog converter (DAC) element (700)
15 which converts the digital output (1210) of the digital

summing element (1200) to the analog representation (710).

9. a digital quadrature mixer (900) which mixes the
output of the predictive filter (410) to baseband in-phase

(I) (910) and quadrature (Q) (920) digital components.

20 ' * 10. two rate reduction filters (1000, 1100) for in-
phase (I) (910) and quadrature (Q) (920) baseband outputs
which are used to: (a) filter out the undesired alias
components; and (b) reduce the sampling rate to be
commensurate with the modulated signal bandwidth.

002661.P007 -14-  RWB/gm
Express Mail Label No. EM502297554US

Sheet Has Been Replaced

Tl



The operation of the Downconverting Digitizer of this invention can be best

descri bed
group of t
of the 20

in terns of the operation of three | oops, each conprised of
he af orementioned el enents. First, the predictive | oop, conp
sumer (500), the sanpler (800), the predictive filter (400

the digital sunming el ement (1200), and the feedback DAC (700). Second,

of fset nu
digital su
(500), and
(AGC) 1 oop
anplifier
the predic

l'i ng frhepoverpll skolrdortvertdings Bigntiiter kdsnantarn#y , the

a
ri sed

)
t he

nm ng el ement (1200), the DAC (700), the anal og sunming el ement

sgetiphe %eﬁquﬁakzﬁﬁgtlonﬁuﬁaﬂly mnnede&nqnnmuaeqyqu co@nr ol
conprised of the AGC control logic (300), the variable
@ZBB) lnYﬁ‘étJaEPfa'l d'e ARALRY SeskiARn %ﬁdﬁ}nlfﬂ?@dsé:rﬁolaérlo(ﬂsOO)

gai n
and

tive filte 40 he converting Digitizer., oyt put signals
(1016 and BEEGRE uSh A5 T heidigiex o éﬁf@&h&f%%%ﬂﬂ?@% basaband

I n- pha
nodul at7 on
denodul at o
nodul at ed
Downconver
the predic

10

" 15

20

25

iprofEgety ”ad%%?%ﬁéfﬁ%% "I AR pER RS e Sif gital
boPRELAPE-Elnd 5 S REUNETL 5 oleLort oneandf&ld gl of the

I'n rnatlon he un ying pri

bh?gaEES'ééﬁﬁraﬂﬁliflé%'U@G%Wtbﬁa tRet DRL1&H édﬁﬁfﬁ&a&éﬁﬁﬁr'St
tive | oop. The aforenentioned | oop generates a

(500). The feedback DAC (700) and the sampler (800) are the
mixed-signal _elements whose function is to transform the
signal from the digital to the analog domain in the feedback
path, and from the analog to the digital domain in the
feedforward path, respectively. 2all of the remaining
elements of the Downconverting Digitizer are implemented

using digital hardware and operate at the rate of the

sampling clock (50)!

The operation of the Downconverting Digitizer of this
invention can be best described in terms of the operation of
three loops, eaéh qomprised of a group of the aforementioned
elements. First, the predictive loop, comprised of the
summer (500), the sampler (800), the predictive filter (400),
the digital summing element (1200), and the feedback DAC
(700) . Second, the offset nulling loop comprised of the
offset nuller element (600), the digital summing element
(1200), the DAC (700), the analog summing element (500), and
the sampler (800). Finally, the automatic gain control (AGC).

loop, comprised of the AGC control logic (300), the variable
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prediction (710) of the input signal (100). Wen the prediction (710) is
subtracted at the sumer (500), a 15 prediction error signal (510) is
generated. In the steady- state node of operation, this predictive |oop

m nimzes the prediction error signal (510). Wien this is acconplished, the
output of the predictive filter (400) is a digital representation of the
anal og nodidin edpligdersi(@ndl . (1oe)anglpg Mummangaelenent {H0) odiheerror
signal is achieved b% pl aci_.ng. t he maxi num f requency response of the

predi cti veamakez; (80 ﬂheaﬂ@egh%nEﬁeQﬁcqyﬂﬁ fddtext d80Bhrrier after being
sanpl ed by the sanpler (800). Based on this principle, the sanpler (800)

| iti ' h i on. : AP
P17 s nce 1 LE%?&% Ay EEERBS CORHE AR (TR GROTa0r (CObAEon
ni ni ni zi ng, 4t ' : ) .
L L

| mperf 8t i erfild Al oAbLeCk$) abfia Sl (ofhesRoBhbAgL S cause the

error signal to deviate fromits zero nomnal value. The of fset nulling

loop is desdgad ikR1generatheafo8slafdde. ofTHdaRs @uebhiset sgaals edden nat e

them fromthe error signal. Successful conversion of the analog input

signal (1GMrmally routed to a digital demodulator portion of the
receiver for detection and fetrieval of the modulated

information.

16 The underlying principle of the Downconverting Digitizer
of this invention is that of the characteristic of the
predictive loop. The aforementioned loop generates a
prediction (710) of the input signal (100). When the
prediction (710) is.subtracted at the summer (500), a

15 prediction error signal (510) is generated. In the steady-
state mode of operation, this predictive loop minimizes the
prediction error signal (510). When this is accomplished,
the output of the predictive filter (400) is a digital
representation of the analog modulated input signal (100).

20 Minimization of the loop error signal is achieved by placing
the maximum frequency response of the predictive filter at
the frequency of the modulated carrier after being sampled by
the sampler (800). Based on this principle, the sampler
(800) plays a critical role in the operation of the

25 Downconverting Digitizer.
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10 to a digital representation is critically dependent on the dynamc
range of the Downconverting Digitizer. Since the Downconverting Digiziter
operates on the principle of generating a digital prediction of the input
signal (100) through the feedback path signal (410), this prediction is 15

best suited.t t ; at Lc_which he. i fi

(200) o the p%‘ml 5 s SparAtIah el e et . DREAEFERE Te (o
mai nt ai n e | .t he ; ' i £ hi
dynam ¢ SRR A rd s bF T HE M AR SR Seor) LiBhall (OB R SRS T, N
Domconver%]eé&ﬁ&!afeezefch@ bhisyi Hveidl O QRAINAyORribenPEbngbpb e Of

sanpling the mnimzed prediction Toop error signal, this error signal can

be sufficig Ik rigRIesRALaE iBY OfiBePféct IRCRetltlaaw BEfaetsvard5 cost
i mpl enentation of the sanpler as a 1-bit anal og-to- -18- digital '

conver ser gé&yatmsi Thiede offeetsntdwse ah idirerr S840pland deviatélip-flop
(850) as shown in Figure 2. In general, any specific application of this

i nvent i on faom hiecs rgeErenmomédadi valae nul Thelaf fisat sapliag. lpopeter, the 5
description of the Downconverting Digitizer inplenentation using a 1-bit
sanpl er i SSesighed tchadnegsiaseohnt pst doake Pk itdiese offsets and

eliminate them from the error signal.’

Successful conversion of the analog input signal (100)
10 to a digital representation is critically dependent on thé
dynamic range of the Downconverting Digitizer. Since the
Downconverting Digiziter operates on the principle of
generating a digital prediction of the input signal (100)
through the feedback path signal (410), this prediction is
‘15 best suited to be used to generate a metric which sets the
AGC amplifier (200) to the appropriate gain value. The
purpose of the AGC loop is to maintain the amplitude of the
modulated carrier (100) at a level within the dynamic range

of the predictive loop.

20 Sampler Element (800)

s}nce the Downconverting Digitizer of this invention
operates on the principle of sampling the minimized.
prediction loop error signal, this error signal can be
sufficiently represented by one bit, hence allowing a_low—

25 cost implementation of the sampler as a 1l-bit analog-to-
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of the preferred enbodi mrent henceforth, since it results in the | owest cost
i mpl ementation. Wthin the context of this invention, the sanpler 10

el enent converts the |oop error signal froman analog to a digital
representation. As a consequence of this sanpling process, the sanpler

out put signal, (810) contains alias conmponents of the |oop error signal
(510) ThéiFidd o iGonvesteyc APE) of ORFl Sting &t idod iditierz 8BPLhELIEBwest al i as

d_f f
ol at | onohi 4 ertieb ¢ Ré FAqBr SEGR TESRRS GHTOGR Frdlbendy 180 ¢ he
Sambl1 19 645tk £E0)el] SRR SppPIdt L A4 T LTS o B = [T 7

Wen n - n et \ich b ARLLOM LD, ﬁﬁ%é&if{ ?“e@'i"%”ek ek err.

tation co

4 of ke pigst idesdd Iolft %e( ﬁe%caﬂdewﬁlgilmglaélz@iaqm@h@nﬁhx%n(900) are
greatly reduced. limter anplifier (840) produces a bi-state

conti nuousuding §|39-rb3.|t (s%ﬂ'\b)le%h.@huééﬁ ad) tHd inadipfcenecdesckopaidngit al
sanpl e at the cl ock edge.
of the preferred embodiment henceforth, since it results in

the lowest cost implementation.

Within the context of this invention, the sampler
10 element converts the loop error signal from an analog to a
digital representation. As a consequence of this sampling
process, the sampler output signal (810) contains alias
components of the loop error signal (510). The predictive
structure of this invention utilizes the lowest alias
. 15 component, denoted f£,, of the modulated carrier (100). The
relationship between the modulated IF carrier (100) frequency
f., the sampling clock (50) frequency fs, and the alias

component £, are:
f. =[m+n] £ , and (1

20 alias component £, = n £

where m is an integer, and n is a fraction such that

1 \ . s
-% <€£n-< %. When n = i:z, the implementation complexities .

of the predictive filter (400) and the digital guadrature

mixer (900) are greatly reduced.
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In the sanpler design shown in Figure 2, the 1-bit ADC 5 (830) is

I npl emented as a high-gain anplifier (840) designed to limt when the

magni tude of the error signal (510) is larger than one-half the magnitude
of the least significant bit (LSB) of the feedback DAC (700). The output of
t he high- gain anmplifier (841£'i$ then sanpled by a 'D flip-flop (850) 10
at -the clock edde limjteri pmplifdprnbB4QhRurodueessRobdsSERAER t hat when t he

I er pr ot GORNYEUZ GEPET SRSTBY! L41N Vi e e LAVBT EHPB SRS (841)
I nterpre I ", e r .
I's below the mddl.e of the.voliage r i{ is interpreted to be a digita

| ogi c 15 tha (%gﬁgﬁgi ﬁ&mﬁgiSna%th%aﬁ&g%rﬁﬂtﬂedt h characteristics of the

sem conduct or process used to inplenent the 1-bit ADC, it nay be necessary

to precede the 44 r{;_iﬂee(riaangigg heki 49%%‘1,@\,{& GMifire Wt hna IL%%-;@@- Hol d

circuit. The Track-An circurt ~when operating at the sanpling

frequescy (g30)efifsLaipieinénbe@S88t 8 K _1%‘-11&; UmpAARL ek ¢844 deddyradd as
conponent at the |lower frequency fa ich is within the gal n-bandwi dth

range of tthe ISediicc whducthbe pagAtsadesetl die ighroeneignkhe (b10) tes anplifier
(840). The designer of the 1-bit ADC should 25 performthe trade off
anal ysi s tlamedrethane cneehadéédthé magn ifnaik -ofhdthidoleastr siighi flepamdi ng upon
the center frequency of :

bit (LSB) of the feedback DAC (700). The output of the high-

-gain amplifier (841) is then sampled by a ‘D’ flip-flop (850)

10 at the clock edge. This flip-flop has input thresholds such

that when the amplifier output (841) is above the middle of

its voltage range, it is interpreted to be a digital légic

#1#, and when the amplifier output (841) is below the middle

of the voltage range, it is interpreted'to be a digital logic

15  “0”.

Depending upon the gain-bandwidth characteristics of the
semiconductor process used to implement the 1-bit ADC, it may
be necessary to precede the limiter amplifier (840) in Figure
2 with a Track-And-Hold circuit. The Track-And-Hold circuit,

20 when operating at the sampling frequency f;, effectively
presents the limiter amplifier with an alias component at the
lower “frequency f, which is within the gain-bandwidth range of
the semiconductor process used to implement the limiter
amplifier (840). The designer of the 1l-bit ADC should

25 perform the trade off analysis to determine the need of the
Track-And-Hold circuit depending upon the center frequency of
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-20- the IF, the sanpling clock frequency (fs), and gai n-bandw dth
characteristics of the sem conductor process used to inplenent the 1-bit
ADC. Predictive Filter Elenment (400) 5 . The predictive filter (400)
plays a central role in the operation of this invention. Having converted

h ) ' 10) f ' ' -t I '
hidiéhﬁ{e%':%:”@'t &?xler BBPBLIhE £ 1 BT LA ST 1obl 1 S EROOMic R
icti i1t t of the | ' 0_ inpl d ' di gi tal
Sl gnal - pr GHAEA S RS Gbs P THEN TS e FRPFERE $PERert s desi gned 1o
generate e%é§#gﬂﬁﬂg RROh e Rpdul ated I'F (100) at the next sanpling epoch.
ntext o

In the co thi's rnvention, this is achieved by placing the pol es of
the predictive filter (400) to coincide 15 in the frequency domain with

t he cent erpAdBGHaRGY Fafl teReEabhast coagmnent (fa) of the nodulated | F (100)
after being sanpled by the sanpler (800). The underlying requirenent for

generating a valid prediction of the nodulated IF (210) "at the next

sanpl i gg epoch ? thala e veardit AL (2dof 9 R TRk ahil 0Rof ¥V i REhe

appreci ably smaller than the clock rate (fs) "which in turnis related to
the carri efpdFRAUNSE 26GQr dhdant foh he HAlVRRveWted the=etfor N] fs

(2 where mis an integer, and nis a fraction such that 25 -[err] [err] n
[err] [errdignals (F1eNi @ushy iskateflt int@ns+timd enallbgr EbptBsentation
to its sampled digital representation using the 1l-bit sampler
(800), the predictive filter element of the loop is |
10 implemented using digital signal processing techniques. The
predictive filter element is designed to generate a
prediction of the modulated IF (100) at the next sampling
epoch. In the context of this invehtion, this is achieved by.
placing the poles of the predictive filter (400) to coincide
15 in the frequency domain with the center frequency of the
alias component (£f,) of the modulated IF (100) after being
sampled by the sampler (800). The.underlying requirement for
' generating a valid prediction of the modulated IF (210) at
the next sampling epoch is that the bandwidth of the
20 modulation (W) be appreciably smaller than the clock rate (£;)

which in turn is related to the carrier frequency according

to the following:

W< £, =[m+n] £ - (2

where m is an integer, and n is a fraction such that

. 1
25 —% €£n-s -]2l As previously stated, when n = iz the
002661.P007 ~20- RWB/3jm
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2 2 4 -21- inplenentation
conplexity of the predictive filter (400) and the digital quadrature m xer
(900) is greatly reduced. Although the inplenentation of the Downconverting
Digitizer of this invention is valid for any integer value m selection 5
of m[err] 2 allows the sanpling clock frequency (50) to be selected at a
val ue bel oWphement atekre ccanpd@xdyy of c tha chred el iee | ol tare 40P ) sprpl i fi es

the inplenentation of the, design qQf the Downconverting Digitizer, and
al l ows it F‘aeb‘él%"e%il fBradhaivEe, MageRi §RE )f+%cﬁﬂé?ﬁ%}3?|¥%qq§ﬁgz~s t han

| ove St iRz _ FeSiUifdl-s than
fﬁér RN e R o W e e e e e

ChvER TG bogr ez 8r PO ek
cl ook fr eqtentcy TREGTFBL AL VG, ZoB iy ol R e R P oot

and corpl exkty $05 d1MFows tHl @a&r@lihgr dYBER PredtiéndP WHIDNUES WY

Digitizer. A higher I'F fc reduces the cost and conplexity of the radio
frequency selpepedt st pd eeflicdbdlow Bhengengent enoftk@idnaert.. Thsacheam ts

the system designer to mnimze the overall cost and conplexity of the
system by selectiog dheatly acimpdi fiieequascymBlenéntatyidnef die adsiewnes t he
| owest cost radi o design while sinultaneously selecting the sanpling
frequency ef sheabownconverting Digitizer, and allows it to be used for
digitizing higher frequency IF signals than otherwise
10 possible. This provides the benefits of allowing the digital
portion of the Downconverting Digitizer to operate at a lower
clock frequency f. (50) while maintaining a high IF center
frequency f.. A lower clock freq;ency f. (50) results in
lower power consumption and lower cost and complexity for the
15 digital hardware oflthe Downconverting Digitizer. A higher
IF f. reduces the cost and complexity of the'radio frequency
components preceding the Downconverting Digitizer. This
permits the.system designer to minimize the overall cost and
complexity of the system by selecting the IF center frequency
20 at a value that achieves the lowest cost radio design while

simultaneously selecting the sampling frequency at a value

that achieves the lowest cost digital hardware design.

A generalized structure of the predictive filter element
(400) is shown in Figure 3. The predictive filter element
25 structure is a cascade of filter stages whose z-plane
transfer functions are denoted by Ax(z), k = 0 to K-1, where K
denotes the order of the predictive filter element. The
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that achieves the |owest cost digital hardware design. A generalized
structure of the predictive filter elenent (400) is shown in Figure 3. The
predictive filter element 25 structure is a cascade of filter stages whose
z-plane transfer functions are denoted by Ak(z), k = 0 to K-1, where K
denotes the order of the predictive filter elenment. The -22- out put of
~each stageutputeicfheadhbptaggain weightedkoypr @airno feetny st ¢o
generate the output of the predictive filter. As shown in the

repr esent dding fsummed tpagenefakeguire Autmuclefsthgepyedinbipeectittewe
filter element is inplenented as 5 a second-order filter whose conplex pole
pair are located in the z-plane as shown jn Fl%fre . Adjusting the_filter

Cﬁefflglent (bﬁﬁ?F¥¥NmV&PL§§eéHépéﬁﬁﬁét%%ﬁﬁééﬁ-qﬁ?[ﬁ%ﬁgﬁ i P& Fagrraxds aEd .

t [ T

thg ?:al é oot SHagl okaf als't PRESERELYT | £ T SAREREnd o BOPEDRPF B The.
f .

This o8t 'efﬁnasﬂéioq%hg‘%%ap? 388 ﬁ?ﬁg% Sl Bl B BB beRsEania e,

rel ati onsh._ukﬁs1 2a ‘Ijx%f 'a]EeghB%nt bg f.-%upg\n@g Equations (3). 15 The

Q val ue of ter stage Is expressed as: [err]

Adjusting the filter coefficient (b,)x varies the angle
between the positive real axis and the radius to the pole.
This determines the resonant frequency (£,)x of the filter

10 stage. Adjusting the filter coefficient (b,)x varies the
radial distance of the pole pair relative to the origin of
the z-plane. This determines the 3-dB bandwidth (BWigg)x of
the filter stage. These relationships are defined by the

following Equations (3).

15 _ The Q-value of the k-th filter stage is expressed as:
Qk=[f° k=20,1,..., K-1
BW3dB_k

sinnl—i] -1
(- 2Qy

rk = 3)

cos n[l - —}—}
\ { 2Qy

Gk = 27: —(fO)k
£,

(by), = —2xccos(6y)

20 (b2), = =
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-23- The locations of the poles determ ne the frequency response of the
predictive filter (400). The maxi mum frequency response of the predictive
filter stage is placed at or near the center frequency of the sanpled,
nodulated IF 5 (fa). The exact |ocation of the poles is determ ned by the
characteristic% of t he S|gnal I nt er est Because Sfredlctlve filter

|

el ement (400) rBFahef ﬁdoﬁtt'rlﬁz‘? sdld&tFé'f“lgfagﬁ T hg
technlque§_,e gghg @ntgg $ §£I6é5¥§Tt eégsﬁ% pe§ﬁ€ Such pol e 10
e 10 I atron

pl acenent “ma € PpPOsSs r an ana ecause

component e¢a,ahlonsellnlo SETRRE FidcicrvaCEasL RGeS pERLS SUI L 1

filter |nsta ernore, the digital 1nplenentation allows the

filter re%ﬁoﬁenhﬁrbﬁhée@éﬁﬂéf‘%@h ¥Hiche thmpléd | afodpeitdTimnt s,
hence 15 allowi ng the predictive |If§? charactgf?stlcs to be matched to

t he i nput (Fi,pnal Thd OéRactOladt iidie ofatheagobes ape ddterimiced by thel i zed by
this invention is that the predictive filter (400) is inplenented as a

di gital fidhaeacterliskécanafogheesigmesl, athentiekest.20 frequency response i s
| npervi ous to performance variations due to process, tenperature and agi ng.

In addition, the predictive filter response can be reprogramed to match
t he Because the predictive filter element (400) is

implemented utilizing digital signal processing_techniques,
poles can be placed to achieve best performance. Such pole

10 placement may not be possible for an analog implementation
because component variations due to temperature, process,
aging, etc. may result in filter instability. Furthermore,
the digital implementation allows the filter response to be
reprogrammed by changing the filter coefficients, hence

15 allowing the predictive filter characteristics to be matched

to the input signal (100).

One of the main advantages that can be realized by this
invention is that the predictive filter (400) is implemented
as a digital filter. Unlike analog designs, the filter

20 frequency response is impervious to performance variations
due to process, temperature and aging. In addition, the
predictive filter response can be reprogrammed to match the
modulated IF (100). Within the context of this invention,
the following parameters of the generalized predictive

25 structure of Figure 3 can be reprogrammed:

K = the number of filter stages
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modul ated IF (100). Wthin the context of this invention, the follow ng
paraneters of the generalized predictive 25 structure of Figure 3 can be
reprogramed: K = the nunber of filter stages -24- ak = the

wei ghting gain for each stage (f[err])k = the center frequency of each
filter stage (BWerr]dB) = the bandw dth of each filter stage By

repr ogr anm ng t hese 3ar aneteitdie wedghténdegrin Lo Raisstage he predictive
| oop of this invention can be changed. This can be done upon initialization
or dynam cally through the use of an external algorithmwhich derives the

val ues of these settifvds by iTHR EFBEEFn{TERERERY AT KA Fidtaregtage
Equations (2). 10 Conventional, broadband anal og-to-digital

converters add quantjzation neise tq t digital, representation of the
si gnal which ext endsh%%)'\gé"r) t'het%eeng’laflgwf\égﬁiég %aacr%'ﬁvﬁelgtt%iogk & sanpl ed
signal fromO Hz to fs/2. The digital predictive loop of this invention, on

t he ot her hand, ggg n $g§: f nfeinj e quanti zation
noise to a narr%gxgé4£§%£m §h§ #R%gen %@%ﬂ ypfgal_% %EEHEEEEQa bandwi dt h
much 1 @ss thathe Jiy¢nes breandwh ¢ N osydE teductihgBnt fohh8aRrBadband noi se
of the digital process follow ng the
changed. This can be done upon initialization or dynamically
thrbugh the use of an exterﬁal algorithm which derives the

values of these settings by implementing the relationship

stated in Equations (2).

10 ' Conventional, broadband analog-to-digital converters add
quantization noise to the digital representation of the
signal which extends over the entire Nyquist bandwidth of the
sampled signal from'O Hz to f./2. The digital predictive loop
of this invention, on the other hand, has the inherent

15 advantage of confining the quantization noise to a narrower
bandwidth. This noise typically occupies a bandwidth much
less than the Nyquist bandwidth. Such reduction in the
broadband noise of the digital process following the
predictive loop eases the design constraints placed on

20 subsequent digital siénal processing elements. This
narrowband noise attribute is maintained during dynamic

frequency response adjustments mentioned earlier.

The dynamic frequency response adjustment feature of

this invention is useful in many applications. As an

002661.P007 -24- ~——  RWB/jm
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predictive | oop eases the design constraints placed on 20 subsequent
digital signal processing elenents. This narrowband noise attribute is

mai nt ai ned during dynam c frequency response adjustnents nentioned earlier.
The dynami ¢ frequency response adjustnent feature of this invention is

useful in man | i cations - 25- exanpl e, tracki ng the

i nst ant aneSﬁé}(‘BigflléY ?F%‘%ﬁé’fﬂ:fﬂﬁ inss al‘FB&BPQPEdC‘PFr’(%’OOSr%SH%YaI‘PfeXternal
al gorithm he C ut a gorlthn1outl ned uat.i.on can be used
to dynam c%%’ §]f}g %h@pc{%ﬁ)i 5% Pbﬁé FEIR aﬂgg?%’fré?‘?']) Sf the 5

predictive t N8nf . _freqgue h Pr e filter
st ages (f[g%?#%gé%$§§€1 {ié?%%rrlggk'#SgﬁeggyEQMa?% é E%edﬁg%§§ gh ﬁges due
to Doppl er tot GpASHLEAELY rRORISMEEHRS €drEt el efE & f tblﬁt andThtbs) aldfowet he
Downconverting Digitizer to maintain a high signal-to- quantlzatlon noi se 10

ratio of tpeedigtiob fEDESSANIAH Itdat( 41Q) cehtbberpagubmé et RRH00) .

Anot her application of dynam c frequency response adjustnent feature of
this i nvenpred1c31véaf11tenastig£sjs(eﬁ(a);otraa:kme:l'tehe:adtﬂb@r frequeads ess by
interfering sirgnals in a 15 nulti-channel receiver application such as
cel lul ar t ehephfngquéncy hehangesenbee dfo Dopplbe; ehransmit et Arawdiver

oscillator drift, etc. This allows the Downconverting
Digitizer to maintain a high signal-to-quantization noise
10 ratio of the digital representation (410) of the modulated IF

(100).

Another application of dynamic frequency response

adjustment feature of this invention is that it can be used
to reduce the distortion caused by interfering signals in a

15 multi-channel receiver application such as cellular
telephony. In the presence.of interference, an external
algorithm can adjust the predictive filter parameters to
allow to better predict the interfering signals, thereby
allowing these sigﬁals to be removed throqgh subsequent

20 digital filtering without undo distortion to the signal of
interest. Such an external algorithm can derive a metric of
the adjacent channel interference level by comparing the |
signal power at the output of consecutive stages of the
predictive filter structure (400). When this comparison

25 indicates the presence of a strong adjacent channel
interference, the predictive filter coefficients (b;)x and

(b2)x are dynamically adjusted using the computational
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al gorithm can adjust the predictive filter paranmeters to allow to better
predict the interfering signals, thereby allow ng these signals to be
renoved through subsequent 20 digital filtering w thout undo.distortion to
the signal of interest. Such an external algorithmcan derive a netric of

th dj t ch | i f, I | b i ng ' :

W: §${h LR GPT LS cet PR I A0 o 0) RECRFRR CPRs s £ Tt S ERASHARBR 400)
en S ri ' . f : '

channel + ERIBEk SEHR pf REALE £ilEep) ERGLE, Dirderbddlpy RHECTT o) k

are dynaﬂ%‘g?&:xi@@ BEAGH A U (e podRILRtLanAl1ter Ghevdtlgor it hm of

Equati on to. 1 ncrease t fective bandw dth (BWerr]dB) k of the

predi ctivgnflkkipeastapssts ti@ndowld be ehhisedi g tadyaldhedf dfhe
predictive filter prevents undesired effects which could be caused by the

presemse gtran§ a8fjadentdflnaaiyl divdigerente; f suehces slsde asrexlopd
overload and internodul ation effects. Thus, by allow ng the capability for

dynam ¢ adhdstineeimofuldieidn esfifutys .r eghossebpf al hewjmedilnt i ve digita
filter, the Downconverting Digitizer of this invention can be designed to
dynami cal kppabiléspofidr t dymamiafadipssmentnofetbe freahencydjrranenschannel
interference while maintaining higher dynam c range when such

of the predictive digital filter, the Downconverting

Digitizer of this invention can be designed to dynamically

10 respond to an infrequent increase in the adjacent channel
interference while maintaining higher dynamic range when such

an interference is within nominal level.

" An added benefit of the digital implementation of the
predictive filter (400) is the word length expansion. In
.15 other words, the input samples to the predicﬁive filter (810)
can consist of 1-bit of quantized signal while the output
samples of the predictive filter (410) consist of multiple
bits. By allowing the sampler to be implementéd as a 1l-bit
sampler, this inveﬁtion realizes reduction in implementation
20 cost by simplifying the sampling element without sacrificing
performénce. In addition, this word length expansion feature
of the predictive filter (400) increases the precision of the

digital representation (410).

Dynamic range of signals in digital signal processing
25 systems is determined by the number of bits in the digital
representation. Each additional bit provides approximately 6
002661 .P007 -26- . RWB/Jjm
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an interference is within nonminal |evel. An added benefit of the digital
I npl ementation of the predictive filter (400) is the word | ength expansi on.
In 15 other words, the input sanples to the predictive filter (810) can
consi st of 1-bit of quantized signal while the output sanples of the
predictive_filter_ (410) consist, of multiple bits. By allow ng the sanpler
to be i nplEHreht GAGES 1902 Ay namEG| BROGY hi §h%@§ﬁﬁl&¥wsaﬁ%&%§rrm&kion in
i mpl enentation 20 cost, hy sinplifying the sanpl.ing.el enent _w t hout
sabr 1ol e e s Lot BnarpRhATon i It ot RLER YRHBAE  cat ure of
the predicijve f.ilter hngr e precd skon_of e, digita
r epr esent ;]{al{%ie (lﬂdz)%e %%gaﬁa(h:‘ %gﬁg'gs%?é%lgoﬁqalos% ?‘#edlsggflé? g?jggial p‘?l})%essi ng
25 syst emggSardet 64 ed eoynkhe b o b ' e;di gital
represent at}% on. Eac glaéd It o%a?nb??pg?%&%gsé%ﬁg%ihnége??g by tl}e7 dB of
addi ti gnalnyaMdr ARGE usEle ot e CEhe orddilc@i viet Q) tBEOgYpeghaord |l ength
expansion, resulting in high dynamc range in the digital representation of
t he si gnal fd<difyck Hign@naai) r anget of o ttlee ipDACENt7i00n .i STHEt ermi ned in part
by the 5 nunber of bits used out of the predictive filter for the feedback
si gnal (4ldgtexmuiratiiomrn o BDACs( AGfiper TOf bigtseris taisiednonf théi s nunber of
bits is based on the

following factors: (1) the implementation cost of the

feedback DAC (700); (2) the dynamic range requirement; and

10 (3) the complexity of the predictive filter (400).

Figure 5 illustrates the improvement in the dynamic
range and detection bandwidth obtained by increasing the
predictive filter (400) order from one to two. This
.improvement is achieved by reshaping the power spectral

‘ 15 density of the quantized error signal (810). These plots
show the power spectral density of the sampler output when
the input to the predictive loop consists of additive white
Gaussian noise (AWGN) with root mean square (rms) value equal
to an LSB (A) of tﬁe feedback DAC (700). The power spectral

20 plots show that the quantizétion noise is at a lower level
for a broader range of frequencies in the sampling bandwidth
using a second order predictive filter. The higher order
predictive filter allows the loop to push more noise out of -
the bandwidth of interest, thus creating a notch in the

25 quantized error.signal spectrum. The second order predictive
filter causes a larger notch to develop. The size and shape
of the notch determines the degree to which the loop
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followi ng factors: (1) the inplenmentation cost of the feedback DAC (700);
(2) the dynamc range requirenent; and 10 (3) the conplexity of the
predictive filter (400). Figure 5 illustrates the inprovenent in the
dynam c range and detection bandw dth obtained by increasing the predictive
filter (400) order fromone to two. This inprovenent is achieved by

r eshapi ng mindmiaesr upatieatrion neligsialy the spEpdednsigeal akeit dihfal

(810). These plots show the power spectral .density of .th I t put
when the iGP5theR érﬁq@eﬁ%d?et | VR S35 é&n%flgf'garo%"éo‘?i;r tl?‘?)’g "(Sﬂilr{tpé" r Sgsrgn

noi se (A w th roaqt _nean re (rms) value equal to an,LSB ([err of
the feedb %E_él("?o%)’-.lt?ﬁe(ggb{gr%pﬁct‘%%m?%m& 5he sratrt hi'f ‘E‘{Fe D

quanti zation notse.i.s at a lower |evel for a broader range of frequencies
in the senﬂﬁ*qufqﬂﬁkiﬂdeﬁoﬁérng a second order predictive filter. The

hi gher order predictive filter allows the |oop to push nore noise out of

the bagdui dih ofyd BhRLAYes ENS1ELRAL] Bt NI inhricBemdSeuguant i zed error

si gnal “spectrum _#Le secoxg order predictive filter causes a |larger notch
to devel opgyhei s idhd ns RaRe16bpt hernedtchi teireiatieseant Bet tegteeof 0 whi ch

t he | oop -28- mnimzes quantization noise of the sanpled signal about
t he cent erti¢ exianc sifghalThil90) Sagnthadheed isampdfingoepaehl t Secondly,
the predictive filter elemeﬁt (400) filters out the
quantization'noise while ihcreasing the word length oflfhe
10 digital representation of the signal (410). It is this-
second function of the predictive loop that lowers the noise
bandwidth of the output signal. Conventional analog-to-

digital converters inject quantization noise (62) with a

power of

15 o2 = — | (4

Thermal noise present at the input to the conventional

ADC gets sampled and output. The Downconverting Digitizer
generates its output by passing the sampled signal (810)
through the predictive filter (400), which is a narrowband

20 bandpass filter tailored to the signal of interest. Thus
noise <omponents outside the band containing the desired
signal undergo significant attenuation in the predictive
filter. (Additional out of band filtering is provided by the
rate reduction filters (1000, 1100).) Since the predictive

25 filter ihcreases the word length of the sampled signal, the

002661.P007 -28- RWB/jm
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predictive filter (400) is at estimating the signal at the next sanpling
epoch. 5 The predictive filter elenment (400) performs two functions
within the loop. First it creates an estimate of the input signal (100) at
t he next sanpling epoch. Secondly, the predictive filter el enment (400)

filters out the quantization noise while increasing the word | ength of the
10 di gi tamag@a&@g@npﬁ tBe BFBtaE GherEonadigePresen§atppry é%c’é?é&f%ﬁ]ct i on

of the predictive | oop that | th i.se bandw dth_of th t
ol gnal . | GBS T an EPBGIVGRE LR 1O TRiTre PEUEY 1) SECUGRaNCFE3L on

noi se ([err r.rle it f T . ' ; h
BPpyE.to th %iﬁ?be%??gngpazggﬁgi?g'é%é%#lﬁj%ﬁ%?gﬁifggkig$gégﬁg§%8%%32rSing
gitizer r fits Ity t ' | [ h h
the. pr edi SRS et (88 Beb AL g S B R S o 1
tailored Leddiecighthed! realeteehe dHuimdIisputomRRBRNEAGOUL S de [he band

containing tt sired signal undergo significant attenuation in the

predi cti vepfddtigat ioAddbiisenalit 8ulle of hdarit friildyerdghesmpaatated by the

rate reduction filters (1000, 1100).) Since the predictive 25 filter

i ncr eases divhawhndeidich.of Thile sabpéeshapigralcharaeteristic requires
that the poles of the predictive filter be located at the

inside of the z-plane unit circle.

10 Analog-to-digital converters typically trade dynamic
range for detection bandwidth. The dynamic range of the
Downconverting Digitizer of this invention is determined by
the depth of the notch above the point at which the width of
the notch equals the signal bandwidth. Increasing the order

' 15 of the predictive filter (400) both deepens and widens the
notch in the quantized error signal spectrum. The second
order predictive filter thus provides significant performance
improvement over a first order predictive filter. The deeper
notch provided by éhe second order predictive filter achieves

20 a greater dynamic range. The wider notch allows signals with
wider bandwidths to be represented with higher accuracy and

more precision.

Since the predictive filter output (410) of this
invention has a high dynamic range, the DAC (700) must
25 support the same dynamic range. Fast and wide dynamic range
DACs are economical to implement, much more so than a similar
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-29- magnitude of the LSB of the signal representation is reduced and
therefore the quantization noise power is reduced (fromequation 4). In
addition, with a specific selection of the predictive filter poles, the
overall predictive |loop can be 5 nade to further reduce the thernmal input

pandwi dt n STHR rfoPeasen BE RIS el or e Pkl Ao RAPPER T B O e

predi otl Vededdee eis! 969LARE A ﬁ@gﬂ{y@gt gchc?gﬁq&gggggnmeerg% gl e. 10

Anal og-to-digital converters typic C range

bandwi dt h,; T3 184N 38 eh@RE8: 2bn t BemPRaaN el gt Dagi hhZ8Tefénd Nirs

invention is determned by the depth of the notch above the point at which
the width tofe tifiplealenadual 6ft heghi @iaimiiardnigdt hbrbaar eesedgidme order 15
of the predictive filter (400) both deepens and w dens the notch in the
guant i 3ed armdwidtihgaaklspetbrdiygifak cmmwentexsder predictive filter thus
provi des significant performance i nprovenent over a first order predictive
filter. The deeper notch provided by the second order predictive filter
achi eves 20 a It emsidgpniag theadie. sigmeohialdiandwee® all ows signals with
wi der bandw dths to be represented with hjigher acguracy and nore @ﬁgcision.
h

Since the %ﬂR&ﬂmﬁﬂﬁﬂ§qurtéheoHFBu?f(QJQngﬁa%Iﬂ??qiﬁﬁéﬂﬁi8ﬁgﬁ%§ &
A e B isggit DR TH3h) 2 et eler ] AR A5 08 Lonp Q00T P!
with other oversampling implementations. For example,

10 typical implementations of oversampled analog—to—digital
converters utilize switched-capacitors to implement filtering
and signal summing or subtracting functions. Those
approaches require that substantial die area be utilized to
implement the switched capacitors. In contrast, the DAC

15 (700) of this invention can be implemented in a fraction of
the die area used for the switched-capacitor structures of
comparable oversampled converters. Furthermore, the digital
implementation of the predictive structures can be
implemented using ﬁinimum feature size transistors, and

20 consequently the digital logic implementing the predictive

filter (400) occupies very little die area.

Purther reduction in implementation cost of this
invention is obtained by selecting the frequency of the
sampled modulated carrier (f,) to be f;/4. The selection of

25 the center frequencies of the predictive filter stages (fo,k
equal to £, = £,/4 greatly simplifies the implementation by
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DACs are econom cal to inplement, nuch nore.so than a simlar -30- size
and speed traditional analog-to-digital converter. In effect, this
invention utilizes the high dynam c range DACs with | ow i npl enent ati on
conplexity and cost as an elenment in the inplenentation of high dynamc
range, broad detection, 5 bandw dth anal og-to-digital converters. In

consi der i fFSakdngi Erivial oFaid HaIHRs 40 PecREREAEFOYR thSke LS digital

predictive fi.lter (400) and a nulti-bit DAC (700) offers several ,advantages
conpar ed %FtHléPﬁégaBeér%ﬁnﬁm?nﬁmq 8?i8ﬁ§%p rp¥§§ﬁé§ﬁé Sypi cal

I npl ement ati ons of oversanpl ed anal og-to-digital converters utilize

sw t ched- 08 -hRah BR! €9ERL rddyl L&YY (2 si gnal summ ng or
subtracti ng runcti ons. 0S€ approaches require that substantial die area

be utilized to inplenent the switched capacitors. In contrast, the DAC 15
700) of this ipventi ' tad .i f ' t di

O o D RIS ReRR " cBE b Pk SR B Aud LEE LR8Pl M © e

converger s.; Huyt hgr %FE%EH%H% tﬂleéﬂo'o%@%PEaR 190) Chnd hendr e Ldd ve

structlres can ‘be’i I el nte u_SI ng m ni rrum eature si z_e t_ranS| _St ors, and
20 consequgntley taerdicgibal sigRAT (614N EnNanhegPregieséngatidd er (400)

occupies very little die area.
(710). The number of bits of the DAC (700) is chosen to be

sufficient to ensure that the quantization noise introduced
by the DAC (700) is below the quantization noise and

10 prediction noise of the predictive filter (400) preceding the

DAC.
Digital Summing Element (1200)

The digital summing element (1200) sums the offset
nulling correction signal (610) to the predictive filter

15 output (410) providing the DAC input signal (1210).

Analog Summing Element (500)

The analog summing element generates the error signal

(510) by adding the analog representation of the prediction
signal (710) to the amplified, modulated IF signal (210).

20 The télal delay around the predictive loop is maintainedlat

two clock epoché. The effect of this delay, when combined

with the selection f, = f£s/4, results in a sign inversion of

the feedback signal (710). This allows the negative feedback
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Further reduction in inplenmentation cost of this invention is obtained by
sel ecting the frequency of the sanpled nodul ated carrier (fa) to be fs/4.
The selection of 25 the center frequencies of the predictive filter stages
(flerr])k equal to fa= fs/4 greatly sinplifies the inplementation by

-31- creatin%ﬁtr|V|al ain values in the redictive filter. This is

i || ustrat &@ PF FRELLRBARENEHIPBA r 84@Rped (ThPLrto the

i gi tal 1y HiGBRIdATE Shreh (chr’ié:?ﬂé 7%%%5'5938 TEBbL T Tor “output (410)

and the offset nuller correction signal (610) to an anal og representation

(710). Theg pumen Okabht 8oRE b8, i's chosen to be sufficient to
ensure thg%_#%gLqUa%rgfﬁégﬁﬁ_ﬁﬁTééﬁg%Hﬁgg%ted by the DAC (700) is below the
guanti zati on noise and 10 prediction noise of the predlctlve filter (400)
precedi ng the C. D |ta Swummin '

el enent (1200) PF@%F ﬁﬁ$9?ré%%%ﬁﬁgn ?%% S|gn ?gf%?%¥ gg%ﬂg
bredi cgi ve Ji héﬁ Bg&gg% (4 ctravadl o hiBe aRatouipdlase il (1210

Anal og Surfii g Elenent e ana ng e t gene ates the error
si gnal converter alone. The dynamic range of the received signal is

.driven by two contributing factors. First, a rapidly varying
component that contains the modulated information. This
component of the dynamic range is referred to as the

10 instantaneous dynamic range. Second, there is a slowly
varying cemponent due to external effects that carries no
useful information regarding the modulated information. The
receiver must have sufficient dynamic range to support both
of these components: The dynamic range provided by the

15 predictive loop of this invention can be designed to be equal
to or greater than the entire dynamic range of the received
signal. However, a more cost effective approach can be
achieved by utilizing the fact that the received signal
dynamic range partially consists of a slowly varying

20 component, which contains no information regarding the
modulation. That component can be removed with an automatic
gain control (AGC) loop prior to the predictive loop. Since
the predictive filter output (410) is a digital prediction of
the modulated carrier (100) to the input of the

25 Downconverting Digitiier, this signal is ideal for

controlling the AGC.
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(510) by adding the anal og representation of the prediction signal (710) to
the anplified, nodulated IF signal (210). 20 The total delay around the
predictive loop is maintained at two cl ock epochs. The effect of this

del ay, when conmbined with the selection fa = fs/4, results in a sign

I nversion of the feedback signal (710). This allows the negative, feedback
-32- to be reaFF‘?eHu59°§?nBFy€%% 1oy HIRP diSghRal m(”‘??@?’-?o“ﬂ%e“‘%qwde( 210)

t th I ' 5 A ' A I '
R BRI CRECH D 2SR RESELot s B
can, e achotgd brehbec gl Gl 4 aicth suueLheE el oonch ynan ¢ range

rapi dly vahkiA03AOPRAARE 6! hatng iR e BRdRbaked befordmidon. Thi s

conponent of the dynamc range I's referred to as I nst ant aneous

dynanig raeaero1Seegnd, (806 £ tise avidiiM1e AR BRptorPeneogie dr ext ernal
effects that carries no useful information regardi ng the nodul ated

i nf or mat i ahaldhesurmenyeelsmeht hes60 )sufdhiecisambldygael émertge8a®) S WRDr t
bot h of these conponents. The dynam c range provided by the 15 predictive
| oop of tlthe pmedatkiwecéilber des0Pned The BECeqgoakrod bogir eatewerithan t he
entire dynam c range of the received '

(300) consists of the power detector (320), the summing node

(330), the AGC loop gain element (340), the AGC loop filter

10 (350), and the gain control encoder (360). The power

detector (320) provides an estimate of the power of the

predictive filter output (410). The AGC loop operates with

any monotonic function of the signal level including power or

magnitude.

.15 The output of the power detector (321) is ;ompared to
the externally provided AGC level set point control (370) to
generate an AGC gain adjustment signal (331). The AGC level
set point control (370) adjusts the AGC output igﬁel (210).
The AGC control 1o§ic (300) sets the AGC (200) gain such that

20 the signal level at the amplifier output (210) is
commensurate with that of AGC level set point control (370).
The inputs to the AGC control logic (300) are the predictive
filter output (410) and the AGC level set point control
(370). The AGC gain adjustment signal (331) is amplified by

25 the AGC lodp gain element (340). The gain applied by the AGC

loop gain element (340) determines the loop settling time.
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signal. However, a nore cost effective approach can be achieved by
utilizing the fact that the received signal dynam c range partially
consists of a slowy varying 20 conponent, which contains no infornmation
regarding the nodul ation. That conponent can be renpved with an automatic
gain control (AGC) loop prior to the predictive |oop. Since the predictive
filter output (Z®)anelifigidyigedn pdddstmenty signale ispdiillsesedchyrthe (100)
to the input of the 25 Downconverting Digitizer, this signal is ideal for
control | i MFE negradilter 33507he §mnﬁ@s'éh%fA%elqsz@c1|SOé‘ssnsnﬁé B@intain the
magni t ude of the nodul.ated | F 2100) at a | evel hi n .t he dynam ¢ range of
the predi ATIREIDEP SAW yaFigrighraifof ?h%"gﬂ'@é I 6’6‘“‘1§Ssh5§ﬁ fECFi gure 6.

ool A TR G B TR £ L A B
o ement"( 8000 e ey Sdetite! LhL e (400 1The AGErgont gk ool

el ement” ( conS|sts the etec the“summ ng node (330),

the AGC | ogR-G@dp @jftﬂerits @A @hembhe ARCh %Jéxlttserthleo 1obpo@iitapd the

gain control encoder (360). The power detector (320) provides an estinmate

of t L he povgicgit t{BU I @ Ghev prbbeiefopra® Wo (BHbrolThecAGRriaBpeOper at es
Wi

gain amplifier (200).

Variab ain Amplifi

10 The variable gain amplifier(ZOOi applies gain to the
received signal (100) as a function of the AGC control logic
output (310). The variable gain amplifier (200) has
sufficient controllable gain to entirely remové the slowly
varying component of dynamic range of the received signal

15 (100).

Offset Nullexr (600)

All analog-to;digital converters suffer some performance
degradation due to internally and externally generated
offsets that result in deviation of the digitized output from

20 the ideal. These offsets can result from component
vériaélons due to process, temperature and aging as well as
aliasing of sample clock harmonics added to the input signal

via undesired analog coupling. These offsets tend to be

difficult to detect and remove.
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any nonotonic function of the signal |evel including power or magnitude. 15
The output of the power detector (321) is conpared to the externally

provi ded AGC | evel set point control (370) to generate an AGC gain

adj ustment signal (331). The AGC | evel set point control (370) adjusts the

AGC I I . Th [
SO0 et oo™ S e B g At Bgirsgs g (R0 o
comrens { t.n._t t

COMMENSU SR 18 3o SR ek S Mol Eobula{ O\ oS, Lo

ACC | evel- n I e HEe d t goal (331) is
anplified %ﬂ§EfEélqg EhaoggﬁégI%aéﬁgnent éﬁ%h%{@ Jr%ﬁgggglﬂfgpplle((j by)the

AGC | oop q«:vuat RN othd4h) sdeifpai Paghd hthd1eRP toetlibiBdlt E8Bversiosd- The
anplified gain adjustnment signal is filtered by the AGC | oop filter (350).

Si nce Bhe A¥Avdmdprial deplemnetltavisns peftrizl ay-aw-ddytiaal osonvettersi gnal
dynam cs, the AGC loop filter (350) reduces the rate of the power detector
5 out put (Shotb\yasariagildy rbmoval tiee oéffiduts aft pitfsetherearoder (310) is
an el enent which converts the |loop filter output (341) to the proper fornat
t o cont r ol Typiecalardraiiog-ger-dighpal f terveRpe)s require a manual

calibration or a_calibration mode that requires the converter
to be off-lipe during calibration. These types of

10 calibration are non-dynamic, ana as such, are susceptible to
temperature and aging effects and may ultimately result in

some performance degradation due to offset.

The 6ffset nuller element (600) of the Downconverting
Digitizer dynamically determines offset during operation,
15 thereby requiring no manual calibration of off-line mode.
During the analog-to-digital conversion process, the offset
nuller continuously estimates the size of the offset and

removes it.

A block diagram of the offset nuller loop is shown in
20 Figure 8. The offset nuller loop consists of the offset
nuller element (600), the digital summing element (1200), the
DAC (700), the analog summing element (500), and the sampler

(800) .

Because the predictive loop operation drives the loop
25 error signal (510) to zero, in the absence of an offset, the

average of the values output from the sampler (800) should be
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Variable Gain Anplifier (200) 10 The variable gain anplifier(200)
~applies gain to the received signal (100) as a function of the AGC control

| ogi ¢ output (310). The variable gain anplifier (200) has sufficient
controll able gain to entirely renove the slowy varying conponent of
dynam c range of _the received,signal 15 t%é?O). O fset _Nuller (600) All

anal og- t 0-Zf551 t aX fc GV OFEERE LB FERS e PoERRACeVaLER aht FIo® due to
internal ly _and externally generated offsets.that result in deyjiation of the
i giti zed BREARE FESRIS0LENEL PHEar LOMHE L SHPEaPE B8R  oSP1STFERT component
variation IQC tg;ﬁ: ' | 1:asi ng of
sanpl e c|§%95%§%g§ﬁ933 §§5858$EE§§e [ 5ﬁ%g§$§%§$ g?aggkgggﬁ?gdéggalog
coupling. Jhese-ddisetsibandibRabecgidfic e ngs v - 35-
An advant age of S:fhe_ Dok\%tc)on\g/éét?ng( Di g)i ti zl&leﬁre g#%lg%%sq%ﬁéeﬁ%ligﬁpi Sszt%)e-

i nt egr 8t edcRihiRls e aveehgaest (0ONanidlalr ekt i(8ab)Y addedynam cally

detects and renoves offsets that would otherwi se inpair the

anal og-t o-¢Btginiatled @f\feeti 0alué {®Nyieai i onsllified eyephat d095t8l gain
anal og-to-digital converters cannot dynamcally renove the effects of
of fset errt¥30) and then combined with the predictive filter output to

generate the feedback signal (1210).

Digit uad u Mixer M 0

10 The function of the DQM (900) is to downconvert the
output of the predictive filter (400), which has a center
frequency f,, to basebaﬁd in-phase (I) and guadrature (Q)
components. Conventionally, this downconversion to baseband
requires multiplyiné the éignal centered around the frequency

15 £, by sin(f,) and cos(f,) to generate the (I) and (Q)
components, respectively. Since, in this invention, £, is
selected to be equal to fg /4, the values of sin(£f,) and
cos (f,) computed at the epoch of the clock fs; are simply {0,
1, 0, -1} over one cycle of f,. Hence, the selection of £, =

20 f. /4 offered by this invention allows a significant reduction
in the implementation of the DOM element (900). As shown in
Figure 7, the implementation of the DOM is a simple circuit
which routes alternate output samples of the predictive
filter to either the in-phase (I) (910) or quadrature (Q)

25 (920) outputs. Each of these two outputs I and Q are then
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Typi cal anal og-to-digital converters require a nmanual calibration or a
calibration node that requires the converter to be off-line during
calibration. These types of 10 calibration are non-dynam c, and as such,
are susceptible to tenperature and aging effects and may ultimately result
I n some performance degradation due to offset. The offset nuller e|enent

(600) of PHECHHAGELHYERYEREED R tTonarahm&iecdirglqthaPidFRs! Ik A& duri ng
operation, 1 t here requi ri ng na nanual calibration of off-line node.
Duri ng th@u§§§95§¥?o?§?g?gB?u%d%v§%§an process, the offset nuller
continuously estimates the size of the offset and rempves it. A block
di agram OfRaEEeBEETJéEEQ?u#‘; @EE#OEE[(BGS rsj_t]_q)\_m in 20 Figure 8. The offset
nul ler | oop Consrsts of € oftset nullfer elenent (600), the digital
sugnlﬂg el enent (1200), the DAC (700), the anal og summi ng el enent (500),
and the sanpler (8 . hg. | Cd I [ ' he
| oop 25 errorT?Fb%%%e(E%gggigoée?%?ééigtﬁ%ﬁgﬁsgﬁg%qgﬁbg% §€¥§é?¥q?ﬁ%
aver agg Ofe ¢ (plUesi QLYo LA LU RO ACBORL s SHOUE deihe 4n- - 36- zero.
I'f an offset 1s present, the average value of the sanpler output is
proporti ondladed (thaknef baglrathee O{dF®@omponents. The rate reduction

filters (1000), (1100) are designed to reject the double

frequency term (2 * £f,) generated in the DQM (900). 1In

addition, the rate reduction operations filter the input

10 signal to prevent aliasing due to sample rate reduction. The

filtering performed by the rate reduction filters is

significantly greater than required to prevent aliasing.

These digital filters are designed to pass the signals of

interest without atﬁenuation. Undesired signals outside of

15 the band of interest are attenuated. This attenuation
provides the.Downconverting Digitizer with the feature of

producing a sampled signal with lower noise bandwidth than

the input signal.

Sample rate reduction is performed to reduce the
20 processing rate of the digitiied signal. The implementation
of each rate reduction filter (1000 and 1100) is identical.
Since they are implemented digitally, the in-phase (I) (1010)
and quadrature (Q) (1110) signals of the output of the

Downconverting Digitizer do not undergo losses due to gain
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nul l er (600) averages the-sanpler output to determ ne the offset correction
signal (610). The nuller loop filter (620) 5 conputes the average of the
sanpl er output (800). The estimated offset value is then anplified by the
digital gain (630) and then conbined with the predictive filter output to

te the f back, Quadr at M 900
To "™ © ' TRBN BRAER oHUBFLTHES G S90) SPLLY oSHOMRRBM A LR output of 1 he
dicti h h t f f t o baseband
nphase. (11 TRAEReREdPlond (0 Component &, Convent i onal 1y, this

downconversi on to baseband requires nultiplying the signal centered around

the frequengmplémehfabyosimdmleand cos(fa) to generate the (1) and (Q

conmponents, respectively. Since, in this invention, fa is selected to be
equal to fs /4, the values of sin(fa) and cos(fa) conputed at the epoch of

the clock fs areTﬁb”BB%néanértfhgk}%L GlerOBE Eﬁggelﬂ$?ﬁ Giod BRRE, the

selection of fa = fs /4 offere |s I nvention l'ows a significant

reductiof Iambtneméﬁeé&n&maa&émmdua,e M eleegept r& DOLY -t diepgHeen i n
Figure 7, the inplenentation of the is a sinple circuit which routes

al ternate owkpetveanpl ehe ofehivonliftiodt preckkkt €6rt Bhis tdwdidmavasn- phase,
(1) (910) or quadrature (Q 25  (920) outputs. Each of these two outputs
| and Q areCMP€n 0.6 micron, 2-poly, 3-metal. The overall circuit was
incorporated_with other functions on a mixed signal CMOS
integrated circuit and verified to meet the design
10 specification required for the operatidn of the wireless

telephone receiver. The details of the circuit

implementation are shown in Figure 9.

In the implementation example shown in Figure 9, the

modulated IF is centered at f. = 82.8 MHz with a two-sided
15 bandwidth of 30 kHz. For this particular design, the sample
rate (f;) was chosen to be 14.4 MHz. This results in

spectrally inverted £, at 3.6 MHz. This correspohds to the

following parameters in Equation 1.
1
f. = 82.8 MHz = [m + njf, = [6 - Z] * 14.4 MHz

f, = -3.6 MHz = -% * 14.4 MHz

20 The negative sign indicates spectral inversion.

In performing the design tradeoff analysis of the gain

bandwidth characteristics of the selected semiconductor
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-37- alternately inverted to generate the final in-phase (1) and quadrature
(Q output sanples. Rate Reduction Filter (1000, 1100) The rate reduction
filters (1000) and (1100) performtwo 5 functions: filtering and sanple
rate reduction of the in- phase (1) and quadrature (Q conponents. The rate
reduction filters (1000), (1100) are_designed to reject the double

fr equency REQGRSS and fhegénemaehay i of tihe JrgoNe FATRYENE| BHOCKhe rate

duct i ti g ' 0., si I | i asi d
Campl o 1t TR o © “FRCFF TR I A of Aed by SPREAPLRcCPBOME i on
filt ' | Qi fj.cant |, ' t .aliasing. Th
Gigital {iTereaFe b PRE el 0" e BN Al et

at tenuat | of, itesldeed SbOR2harobhalin &leiiheddle faandyal bptarest are

attenuated. = Thi's attenuation provides the Downconverting gitizer with
the festurpifcdy eiCiangpa $a0pl ellosi A0adhdind in @WRraobse Pradwtgek- t han

the input signal. Sanple rate reduction is perfornmed to reduce the 20

processi ntariddiold dllemettitgiki aeddshb@rahse thHee OMOE amplemeheat dbneath rate
reduction filter (1000 and 1100) is identical. Since they are inplenented

di gi t al | y,théelimi-gerasoes nof1020¢ swif igkehtatgain-({@ndwidtd) asi §nat s of the
out put of the Downconverting Digitizer do not undergo | osses due to gain
82.8 MHz to allow the limiter to settle to a bi-state level
at the next gampling epoch. The track-and-hold creates an
10 alias frequency at f,, which the limiter can drive to a bi-
state value for conversion to a digital format by the ‘D’

flip-flop.

The coefficients of the predictive filter structure
(2410) shown in Figure 9 are:

15 ' a; = az =1

(b1)1 = (b1)2 =0
(b2)1 = (b2)2 =1

In this implementation, delay around the predictive loop
from the error signal (2510) to the analog representation of
20 the predictive filter output (2710) -is two clock epochs. As
a result, the DAC output (2710) is added in the summer
element (2500) to the modulated carrier (2100), rather than

subtracted from it.

Based on analysis of the required dynamic range of the
25 overall Downconverting Digitizer, the DAC (2700) is designed
as a 9-bit DAC. The 9-bit DAC (2700) has a maximum peak-to-
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-38- and phase inbal ance that typically acconpany anal og i npl enent ati ons.

| npl enent ati on Exanpl e The Downconverting Digitizer of this invention was 5
i npl emented and verified as part of a wireless tel ephone receiver. The

sem conduct or process for this design was CMOS, 0.6 mcron, 2-poly,
3-netal. The overall circuit was_incorporated with other fungtions on a

i xeg:lf si grRAKCRIS Y g&f&?@ﬁhﬁr%w t™and The DBCed 708) &t deRearedi & 10
' .t ' f i rel
fEﬁELv'e?f’“ﬂeﬁv% o d pe ErbeCrREEL Sl et foialdy o SafR2en EORE FE%I ure o
In t [ tat] | [ Ei h d [
cent efeh"%&%n;sqg?%g @E?’E@m’teﬁagei@m%'-{s}? d%%?%ar?&vmgg?ﬁggkégg k:—g. | Iséor this

particul arccﬂ‘ﬁ%r@&or{ RS \Q_@lgpheag?tgnéf ?80@5. chosen to be 14.4 MHz. This

results in spectrally”inverte a at 6 MHz. This corresponds to the
foll owi ng paraneters in Equation 1. fc = 82.8 Mz = [m+ n]fs = [6 -

[err]]% 14. 4 Mehd aitput ©fMdhe=offfset | nilling didet (2610) IBeadagative
sign indicates spectral inversion. In performng the design tradeoff

anal ysi s digitmldai tdaheéwodtbuthaf acherpsddict iofe tflidteel.ecThd DAC
sem conduct or
output is then added to the analog amplified, modulated IF
(2210). The combined outpuﬁ of the predictive filter and the
offset nuller is converted to an analog representation using
10- the 9-bit DAC. The summing element generates the error
signal (2510) by adding the analog representations of the
nulling signal and the prediction signal (2710) to the

amplified, modulated IF (2210).

The AGC controi logic (2300) is designed to control a

15 multi-stage amplifier (2200). The total gain realized by the
multi-stage implementation of the variable gain amplifier
(2200) has a maximum value of 71 dB and a minimum value of.-l
dB. Each stage of the multi-stage amplifier is digitally-
controlled and has two nominal gain values. The nominal gain

20 value of each stage is selected using one bit of the digital
control logic output (2310). The gain stages of this
variable gain amplifier are controlled according to the

following relationships:
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-39- process and the frequency of the IF and the sanpling clock frequency,
It was determ ned that a track-and-hold circuit was required in the

sanpl er. The sanpl er (2800)
followed by a 5

limter and a 'D flip flop as shown in Figure 9.
I s used because the CMOS i npl enentation of the

Q.0 (o) AAL

track- and-hol d el enent
T sufrfTcrernt

limter does not h
the limter to setZEe to a bi-state

track-and-hol d creat®@si@iscye dhias

gq]

Ttrandwrdtih—at
| evel at the ne

drive to a bi- statgvarug 1or conv
flip-flop. The coeffficients of the
in Figure 9 are” 15 Course

cr ST O to

7.0 dﬁfﬂr]

pigguency at fa
£ Casa g

bredictive filterf

C = 04. 0 VI LU

Ehthe lim
structure (241
-alerglo ap

Kt sanpling epoch.

*

(b[err])[err] = (b[jeTTT)TETT] 0
this inplenentation], delay around. t
(2510) to the anal og repnes@ninati on

oierT T erni
ne predictive |o
of 204 .4 hes pred

D[Eff])[Eflj
bp from the errof
ctivegfghter out

(2710) is two clockfepochs. Asar
t he sunmer el enent |(2500) to the no
Fine 3

esSult, the DAC O
Hul ated carri er

0 dB

gt put (Z2710) 1S
2100), rather t
-2.0 dB

Fine 2

0 dB

-1.0 dB

Fine 1

0_dB

-0.5 dB

Fine 0

0 dB

-0.25 dB

The DOM is implemented as shown in Figure 8.

reduction filters are implemented as a cascade of three comb

filters.
160 ksps.

to 10-bits each.

The rate

The output of the rate reduction is decimated to

After rate reduction, these samples are truncated

Measurements of the dynamic range achieved by the

is inplemented as a track-and-hold el enent,

The

al | ow

The

er can
'D

) shown
1

1 In

si gnal
put
dded in
an

integrated circuit of this implementation example of Figure 9

are shown in Figure 10 without the effect of the AGC loop.

10

Digitizer provides more than 52 dB of dynamic range.

As shown in this figure, the implemented Downconverting

equivalent to the dynamic range performance provided by a

dual 8-bit baseband analog-to-digital converter while

simultaneously performing the downconversion from IF to
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subtracted fromit. Based on analysis of the required dynam c range of the
25 overall Downconverting Digitizer, the DAC (2700) is designed as a 9-bit
DAC. The 9-bit DAC (2700) has a maxi nmum peak-t o- -40- peak out put
vol tage of 250 nV. The DAC (700) is designed to have a settling tine

R P G e L DI S A
h ff | § (§) i i Qi I f th
e o senil e ouRdl CERLe| SRS e pl, dagi g cuipu of fhe

nodul ated I F (2210). The conbi ned output of the predictive filter and the

of fset nuller iyhowidRed 8 aRp8adhest & a3pNtRld usgj the 9-bit
DAC. The summ ngl el \éﬁ:rent gener at es thet efo?%r Si %S%?ES%B?QB%QE%& ng the

anal og reHA8eMHain Aisclbsklcand! deser Sha Heraiich,t Re piedi p&i on signal
(2710) to the anplified, nodulated IF (2210). The AGC control |ogic (2300)
i s desbgnathdexrstaid @y ahbdbSe sklilledt hgetloaadntf ithat( 2a00pus dhendes al gain
realized by the multi-stage inplenentation of the variable gain anplifier
(2200) hasim froon @and deitad lomay 1beBrnadel thenaiimwibthautedepardind. f1i@eh

stage of the nulti-stage anplifier is digitally-
the spirit and scope of the invention.

_This Sheet Has Been Reﬂlaced
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control l ed and has two nonminal gain values. The noninal gain 20 value of
each stage is selected using one bit of the digital control |ogic output
(2310). The gain stages of this-variable gain anplifier are controlled

according to the follow ng rel ati onshi ps: -41- Gin Stage Type Digital
"1 Digital '0" Course 7.0 dB -3.0 dB " ™edium
4.0 dB 0 dB Fine 3 0 dB

0 dB -1.0 dB Fine 1 CLAIMY B ll"lll”"l"imi(ﬂﬂilmlrﬁ ne 0
0 dB -0.25 dB The DQM i s i npl enent ed sliown 1M guwre 8

rate reduction filters are inplenmented as a cascade of three conb fllters.
The output of the rate reduction is decimated to 5 160 ksps. After rate
reduction, these sanples are truncated to 10-bits each. Measurenents of the
dynam ¢ range tegrated circuit of this inplenentation
exanpl e of Flgaﬁgh?%gge éﬁ%&ﬁ F% Figure 10 without the effect of the ACC

| oop. 10 As shown in this figure, the inplenented Downconverting Digitrzer
provi des nore than 52 dB of dynam c range. This is

1 1. A downconverting digitizer comprising:

2 a variable gain amplifier for coupling to a modulated

3 carrier, including an automatic gain control loop to control
4 the gain of the variable gain amplifier;

5 a subsampling predictive loop coupled to the output of
6 the variable amplifier;

~]

a digital quadrature mixer coupled to the output of the
8 sampling predictive .loop; and,
9 a rate reduction filter coupled to each output of the

10 digital quadrature mixer.

1 2. The downconverting digitizer of claim 1 wherein the
2 subsampling predictive loop includes a sampler within the

3 subsampling predictive loop.

1 3. The downconverting digitizer of claim 2 wherein the
2 subsampling predictive loop comprises a predictive filter

3 coupled to the output of the sampler, the output of the
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equi val ent to the dynam c range perfornmance provided b a_d
baseband anal og-to-digital converter while simul taneo mgﬂﬂa l“l}
downconversion fromIF to baseband wi th reduced n0| he
desi gned AGC | oop extends this dynam c range to nore than 124 dB. Wil e
pr ef er reed prbdiictdeve Sfidft drhdaines ebupiladend | ®rd i e+ athadelgosed and
descri bed herein, it will be 5 understood by those skilled in the art that
vari ouss chaogesrter f dthe autmidt aifl theydbgivalieteotmnalioy wianveatettepar t i ng
-fron1the spirit and scope of the invention. CLAI M5 What is clainmed is:
AﬁjomgémefF\#lPWQﬁQﬂ throsy t«b@nﬁumuﬁgof atharvapiablgaigianplifier for
couplqn to recelve a nodul ated carrier nal , the anplifier having a
gai n coht r BFPLYERST P RADHES Eha |1Hpb‘5nf-?o ® AP LELubsanpl i ng predicti ve
| oop coupled to an out put of the vari able anplifier, the predictive |oop
predi cting the nodul ated carrier signal; a digital quadrature m xer coupl ed
to an out put of the

1 4. The downconverting digitizer of claim 3 wherein the
2 automatic gain control loop utilizes the output of the

3 predictive filter to provide an automatic gain control signal
4 to the variable gain amplifier.

1 5. The downconverting digitizer of claim 3 wherein the

2 output of the predictive filter is a digital word of a

3 greater number of bits than the output of the sampler.

1 6. The downconverting digitizer of claim 5 wherein the

2 sampler is a one bit sampler.

7. The downconverting digitizer of claim 3 further
comprised of an offset nuller responsive to the output of the

sampler to couple an offset correcting signal to the input of

(- VS I N

the sampler.

002661.P007 -44- RWB/jm
Express Mail Label No. EMS02297554US

Sheet Has Been Reﬂlaced

TN




subsanpling predictive |oop; and, a rate reduction filter coupled to each
out put of the digital quadrature_nfxer——ir“——The downconverting digitizer
of claim1l wherein the subsa Ioop includes a sanpl er

wi thin the subsanpling predi gﬂmmm!ﬂ)m"mllq e downconverting digitizer of
claim2 wherein the subsanpling predsctnve | eop conprises a predictive
filter coupled to the output of the sanpler, the output of the 44
predictive filter being coupled to a digital-to-anal og converter, the
output of the digital-to-analog converter being subtracted fron1the out put
of theivari abl eggai nTREPddwhEIN e dinRyViddgithget NPEt cIHint NE WIRHRIQN the.

The downconverting digitizer of claim3 wherein the autonatic gain control

| oop utd | i gfSsethnulteniiprafvides pr ddgttaleobtpiterrdsponsdwiedecashgut omati ¢
gain control signal to the variable gain anplifier. 5. The downconverting
di giti Ber offsetiiin Thvhardiputt lod thepsampiexr handgramitdmiese thel béfses a
digital word of a greater, nunber of bits than the output of the sanpler. 6.

The dovincorvEker PERY Mitdy the eusPHESoRhERR pradictdaiep fdites hebnrebi t

5 coupling to the digital-to-analog converter, the number of

bits of the input to the digital-to-analog converter being

6

7 sufficient to ensure that the quantization noise introduced
8 by the digital-to-analog converter is below the quantization
9

noise and prediction noise of the predictive filter.

1 9. The downconverting digitizer of claim 3 wherein the
2 total delay around the predictive loop is two sample clock
3 cycles, and wherein the sample rate is 4 times the lowest

.4 alias component of the modulated carrier.

10. The downconverting digitizer of claim 9 wherein the
digital quadrature mixer multiplies the input thereto at the
sample rate by the sequences 0,1,0,-1 and 1,0,-1,0 by

alternately directing the signal to each channel and

(52 B N VS R S

alternately inverting the signal directed to each channel.
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7. The downconverting digitizer of claim3 further conprised of an offset

nul | er responsive to the out put—ef—the—sanpter—+o0 coupl e an of fset

correcting signal to the input t n 8. The downconverting
digitizer of claim7 wherein tl?lﬂ[mflmn@]mmﬁglpr ovi des a digital output
responsive to the offset in the output anpl er and conbi nes the

of fset nuller output with the output of the predictive filter before
coupling to the digital-to-anal og converter, the nunber of bits of the

input to the digital-to-analog converter being sufficient to ensure that
the quantizati o NOi PRe | ASVRABIRRG A B8 gt 8bRl of QBB O GRfRMRSIREr 1S

bel ow t he quanti zation noi se and prediction noise of the predictive filter.
9.  The demaceqwertedigtdicgi tfiizeerel acbadas Sgnders rdjkkett @hal aggbay ar ound
the predictive loop is tw sanple clock cycles, and wherein the sanple rate
i s 4 timesfraguényesienmt icfS todimeonbet 1owest eabahi|geredrataxd iar thé0. The
downconverting digitizer of claim9 wherein the digital quadrature m xer
mul ti pld esdigetahpmadtediugteo mitxeirhe sanple rate by the sequences 0,1,0,-1
and 1,0,-1,0 by alternately directing the signal to each channel and
alternately inverting the signal directed to each channel

1 12. The downconverting digitizer of claim 3 wherein the

-

2 sampler is a one bit sampler.

1 13. The downconverting digitizer of claim 12 wherein
2 the one bit sampler is comprised of a limiter amplifier and a

3 flip-flop.

1 14. The downconverting digitizer of claim 12 wherein
2. the sampler operates at a frequency f; that is less than the

3 center frequency f. of the modulated carrier.

1 : 15. The downconverting digitizer of claim 12

2 wherein the sampler operates at the center frequency f. of the

3 modulated carrier.

002661.P007 -46- RWB/jm
Express Mail Label No. EM502297554US -

eet Has Been Re‘ilaced

"



11. The downconverting digitizer of claim1l0 wherein the rate reduction
filters are designed to reject—the double frequency termof twce the

| owest alias géenerated in the tal quadrature m xer. 12. The
downconverting digitizer of cl g'@.@l jm””me sanpler is a one bit '
sanpler. 13. The domnconvertl aim 12 wherein the one bit
sanpler is conprised of a limter anpll ief dnd a flip-flop. 14. The
downconverting digitizer of claim1l2 wherein the sanpler operates at a
frequency fs that is less than the center frequency fc of the nodul ated

carrieq. 15, g, dowieomeriingedl oht dghs el 8l Alindid haneliletiggsanl er

operat&s at the .center frequency carrier T6. The

downcoRVerdy g Lk ag,[argt-_egl a%na 1@@% g dé‘ aéa%e&a@ggﬁeﬁggraf eghat 4

times the center frequéncy o carrier

downconvergdddifl fHed azehieef claim 3 wherein the sanpler operates at a
frequency f that is less than the center frequency fc of the nodul ated
carrier.

1 17. The downconverting digitizer of claim 3 wherein the
2 sampler operates at a frequency f; that is less than the

3 center frequency f. of the modulated carrier.

1 18. A method of downconverting and digitizing,
2 comprising:

3 providing a saﬁpler; a predictive filter, a digital-to-
4 analog converter and a summing element, the sampler sampling
S an analog input thereto and providing a digitized output
6 responsive thereto, the predictive filter receiving the
7 digitized output of the sampler, the output of the predictive
8 filter being converted to analog by the digital-to-analog
9 converter and fed back for subtraction by the analog summing
10 element;

11 coupling a modulated carrier to the analog summing

12 element having a center frequency of f.:; and,

13 operating the sampler with a sampler clock frequency
14 bélow the frequency £..
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18. A nethod of downconverting and digitizing, conprising: coupling a
nodul ated carrier signal to ) | ement having a center

frequency of fc, providing a , redictive filter, and a
digital -to- anal og converter ,mlﬁ' ﬁ ij ling an anal og i nput thereto
and providing a digitized out c ereto, the predictive filter

receiving the digitized output of the sanpler, the output of the predictive
filter being converted to analog by the digital-to-anal og converter and fed
back for subtraction by the anal og summing el enent, the predictive filter

predi cti ng t he dul ' a’ag,gjl' . Qpe [ rr wth a
sanpl erl cl ock f?ghue‘%té?drg%%c\% ﬁ]fe rg%&é‘h’%@g%gg_gﬁéfggg{r%gzmﬁ of
downconyer¢ifgn anel wHatidi ivhe Qurphidi B l8haher&ifvd iR qutiRgl 9k Lhe
predictive filter. is a multiple bit word having nore bits than the output
of the sanphBtipPd. bithedtkt hedioh fevecBiverthdaw el ity Zifnghaf claim 19
wherein the sanpler is a one bit sanpler. 21. The nmethod of downconverting
and digitigamgledf. claim 18 wherein the predictive filter uses digital
processi ng techni ques. 22. The nethod of claim 21 wherein the predictive

1 20. Thg method of downconverting and digitizing of

2 claim 19 wherein the sampler is a one bit sampler.

1 - 21. The method of downconverting and digitizing of -
2 claim 18 wherein the predictive filter uses digital

3 processing techniqués.

22. The method of claim 21 wherein the predictive
filter is programmable to match the carrier fregquency of the

modulated carrier, the sampling frequency of the sampler and

B W N

the bandwidth of the modulated carrier.

-

23. The method of claim 21 wherein the predictive
filter is programmable on initialization to match the carrier

frequency of the modulated carrier, the sampling frequency of

B W N =

the sampler and the bandwidth of the modulated carrier.
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filter is programmable to match the carrier frequency of the nodul at ed
carrier, the sanpling frequencv of the sanpler and the bandw dth of the
modul at ed carri er. he hethod of claim 21 wherein the predictive filter
i s progranmabl e on | n| t] aI i zaﬂ m ‘mutlm carrier frequency of the
nodul ated carrier, the sanpli he sanpl er and the bandw dth
of the nodul ated carrier. i -49- 2 he nmet hod of claim 21 wherein the
predictive filter is programmable to match-the modul ated carrier provi ded
to the summing el ement. 25. The nethod of claim 21 wherein the predictive
filter 1s reprogamulte niéthad 6@ tYain IRtvHeddio: \ehey pRadshaiast eristics
of the nodul ated carrier provided to the sunm ng el enent. 26. The net hod of
cl ai m 22 wifdreier* tilseprogbammabl éi té anatdinges modalweeghtangi@ai n for each
stage, the center frequency of each filter and the bandw dth of each filter
st age 03 t peropridéidctiovehei bumming eelberogrtammabl e. 27. The nethod of claim 26
wherein the predictive filter is progranmbl e responsive to changes in the
carrier frequency of the nodul ated carrier due to Doppl er effects,
transmtter/receiver oscillator drift and changes in the

25. The method of claim 21 wherein the predictive
filter is reprogrammable dynamically to match the varying

characteristics of the modulated carrier provided to the

B W N

summing element.

26. The method of claim 21 wherein the number of filter
stages, the weightihg gain for each stage, the center

frequency of each filter and the bandwidth of each filter

[ 7S B S B

stage of the predictive filter are programmable.

27. The method of claim 26 wherein the predictive
filter is programmable responsive to changes in the carrier
frequency of the modulated carrier due to Doppler effects,

transmitter/receiver oscillator drift and changes in the

gl W NN

characteristics of the modulated carrier.
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characteristics of the nodul ated carrier. -50- 28. The nethod of claim
21 wherein the number of predictive filter stages is programmable. 29. The
met hod of claim 21 wherein thﬁm"f m g a nodul ated carrier to the
anal og summing el enent conpri MII I’Hﬂm lmoupl ing a desired nodul at ed

carrier and at |east one adjact&nt® nddul®atéd tarrier to the anal og summ ng

poi nt, and wherein the poles of the predictive filter stages are

programuabl e to coincide with the frequencies of a nodulated channel and an
adj acent nodul ated carri er.

1 2§. The method of claim 21 wherein the number of

2 predictive filter stages is programmable.

29. The method of claim 21 wherein the step of coupling
a modulated carrier to the analog summing element comprises
the step of coupling a desired modulated ca;rier and at least
one adjacent modulated carrier to the analog summing point,
and wherein the poles of the predictive filter stages are

programmable to coincide with the frequencies of a modulated

EN Y« LS 2 IR~ VS R O B o

channel and an adjacent modulated carrier.

—
—
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