éYNCHRCNCUS TI MER ANTI - ALI AS FI LTER AN 2205719 GAI N STAGE BACKGROUND
- .OF THE | NVENTI ON 1. FI ELD OF THE | NVENTI ON This invention relates to the
field of progranmabl e clocks to be used in denodul ating receiving channels.

2. BACKGROUND ART Wth the increased popularity of comput ers&?r}?gdﬁg
processi ng syst ens, SYNCERONOES FTIMER CANTIMALIASt FILTEReANDEEN conmputkesss an ;j}ta

bases has i ncrease&{f‘%ﬁr Tool Tor rnplenentlng conuni cati on between
conputers is the nodem I ch all ows conmuni cati on aver tel ephone |ines of

data‘fax serial form Mdemis short for "nmodul ator/ denodul ator". Raw data

si gnals, also known as "baseBBRQRGROUNDOR| THE IMNVENDIONr opri ate for

transm ssion at high speed. In order to efficiently transmt the data over,
for exanple, phone lines, it is first nodulated to a hi gher frequency by '

using the data Sl okt MI ate a carrier wave. For exanple, phase
shift key (gSK) ?ﬂ'?q‘trad% t ude nodul ation (QAM schenes are
typically used #his iaventiion zalatéd itogthatfielid bfgbrdgrmehle aslocks

Cor respondi ngly, when the nodul ated data is received by another nodem it
nust be dentRiBeteed inAencdulpting recedying ghappelgypyed, | eaving the data

signal . Wep datgJeanbffia@d Py @ modem it is filtered and anplified as

necessary prror sampl ed and converted to a digital signal. There

is a certain anmith thenincaeaasdopomilasditytdf momputersmand datai ssion. This

noi se, althg%%&LJE?ig systems, the n§ed fof comnnnication between '
computer§ and data.bases has increased. A popular tool for

U ~ implementing communicatioh between computers is the modem, which
allows communication over telephone lines of data in serial form.
Modem is short for "modulator/demodulator®. -

Raw data signals, also known as "base band" signals, are
inappropriate fcr transmission at high speed. In order to
efficiently transmit the data over, for example; phone lines, it
is first modulated to a higher frequency by using the data signal

. 1ts¢1: to modulate a carrier wave. For example, phase shift key
_'(PSK) and quadrature amplitude nodﬁla;ion (QAM) schemes are
typically used as a way of transmitting data at high frequencies.

COrrespoﬁdingly, vwhen the modulated data is received by

F*) - . another modem, it mnst_be demodulated, that is, the carrier must
‘be removed, leaving the data signal.

When data is received by a modem, it is filtered and
amplifi;d as necessary prior to being sampled and converted to a
digital signal. There is a certain amount of noise associated
with phone line transmission. This noise, although not
‘necessarily at the sampling frequency, may cause aliases to
appear, resulting in data compromise or loss. In order to

eliminate the noise, anti-alias filters are utilized.
In the prior art, anti-aliasing filters have typically been



L4
necessarily at the sanpling frequency, nmay cause aliases to appear,

resulting in data conprom se or loss. In order to elimnate the noise, o
anti-alias filters are utilized. In the prior art, anti-aliasing filters ¥
have typically been i npl ement ed t hrough conti nuous tine, e
resistor-capacitor (RCy circuitry. However, such RRC anti-alias filters

have a poor tinme constant tolerance which nay be as |arge as plus or m nus
50% In addition, a large silicon area is required when inplenmenting R C_

Iy

filters in integrated circuit format. In order to faciliate anti-aliaskfs,

it is desiyggh biertddPtRrodit ciintindodl Hink! eﬂﬁmrcwf&cﬂwweé{ .

subsequent sw tched- capacitor stages require [ ow sanpling rates
m ni m ze selrcuitry.caBawever sudhcR-C lentiraltiasifijtezschav pedritinene

fol |l ow ng denodul ati stages., |n the prior art, the | ow frequenc ,sanpling .
signal s weFEnBEaRk &éggﬁw‘bgdéﬁifhnwgb{)l%k”% af plus ox; EP%Cess'or-s

or with cosl mha L s1196868 T £ st ﬂeﬂ i t ek h | ow
cost indepg%dgﬁﬁ%rodrgn*%e'tiliner ass.?cﬁgtgﬁélwt _ gﬁﬁ-ﬁﬁ.g'\s‘hgﬁ?ers and
t he gai n sRagefifteraddm intesjrated. circuit fopmies obj ect of the present - '
invention to provide an accurate anti-aliasing filter wwth a cl ose

tol erance time ERRAAMK: F°If“f’§i§§9. %%“BBT%CQ%\“@ fiesdred &t SapRAS | on
to provi de g38a WM en A hign' #hddilently 8&&8“5%3&&6{- Yubbbihénts 'dwiteRedd €2 I N

capacitor stages require low sampling rates to minimize silicon

area and to reducn'the processing rate regquired in the following o
demodulating stages. . o ' _ o/
In the prior art,-the low ttequency'sambling_signals’wefé
prdvided by progrimnable timers on digital -ignal'pfocessors 6:
with costly external logic. Théretoie, it is desired to p:ovide
a low cost independent programmable timer associated with anti-
alias filters and the gain stage of moden -receivers. |

It is another onect of thé'prcient invention to prdvide an
accurate anti-aliasing filter with a close tolerance time
constant. o o

It is yet another cbject of the present invcntion-ﬁo provide
an anti-alias filter which consumes very little silicon area in
integrated circuit applications. '



i'ntegrated circuit applications. - 3 - SUWARY OF THE PRESENT | NVENTI ON
~A synchrenous. tiner anti-alias filter gain stage utilizing swtched
gapacitor circuitry is described. A high frequency sanpling clock is

i nputted to a switched capacitor anti-alias filter. 1In the preferred
enbodi ment, a clock of approximatley 921.6 kilohertz s utilized. This fast
clock is divided down by a programsedbke tinmer into a | ow frequency sanpling

clocgﬁ£o drive a signal gain stage. The fast clock signal is also divided
dowmn a fixed rate to provide a clocking signal to a band pass filter.

The band pass filter and SIDPMARY| OB THE PRESENT QMNENTION al ways have an
i nteger relationship with each other for synchroni zation. The cl ock i nput
to the gain stage, depending on the progranmed divide down of the high

frequency clocih syncRPYAGIN t10EP dhdilalligs DANGEIAGALE | dtaife uelbANE . [N
gain stage is always in an integer relationship wth the anti-aliras filter
so that edgeitshedhcepacitomcirsuitiy decdebetilmdn t Achigl itrakuency il ter and
gain stage. In this nannfr, a | ow cost programmabl e cl ock may be

i npl ement eﬁ"&ﬁ’n}’ﬁ‘gaﬁlaﬁl‘i is, inputted (te ayswitched, capagitom aatinphiag o
anti-aliasegty rsodl ' f ti t] - | -alias
filters. ﬁiééés"\?ﬁ tc eghgﬁkcﬁe?ggbgﬁnﬁoﬁépﬁgg, filltéftiérékh%g%é’ eB'g% %ﬁ%]lbe uracy
than R-C f 92166 kilohprtacis nailiced ANgnis £4st ¥loeRUiS @AvAled "@oun By

constant. In
a programmable timer into a low freguency sampling clock to drive
- a signal gain stage. The fast clock signal is also divided down
W at a fixed rate to provide a clocking signal to a band pass
filter. The band pass filter and anti-alias filter clocks
thus alwvays have an integer relationship with each ofher for
_synéhronizatioh. The clock input to the gain stage, depending on
the programmed divide down of the high frequency clock, is
asynchronous with fhe band pass filter. However, the gain stage
‘is always in an integer relationship with the anti-alias filter
so that edge synchronization is achieved between the anti-alias
filter and gain stage. Ih.this manno;, a low cost programmable
clock may be implemented with an anti-alias filter/gain stage.
Switched capacitor anti-alias filters are used in place of
\*) _ éontinuous time, R-C nnti;alias filters. The switched capacitor
anti-alias filter has greater accuracy than R-C filters,
approaching the range of 0.2% accuracy of the time constant. 1In
additiéﬂ, the switched capacitor anti-alias filter requires 1§ss
siliéon area than egquivalent R-C filters in integrated circuit
implementations. DC offsets are eliminated by preceding and
- following the g&in stage by first order high pass filters. The
prog:amnﬁbility of the lovw fregquency sampling clock rate, by
changing the divide vﬁlues, allows the received baud rate to be
tracked.



addition, the switched capacitor anti-alias filter requires less silicon

area than equivalent R-Cfilters in integrated circuit inplenentations. DC
offsets are elimnated by preceding and followi ng the gain stage by first’
order high pass filters. The programmability of the |ow frequency sanpling
clock rate, by changi:ng the divide values, allows the received baud rate to

be tracked. -4- BRI EF DESCRI PTI ON OF THE DRAW NGS Figure 1 is a block
di agram of a nodem architecture. Figure=24i=s a block diagramillustrati ng
the preferred enbodi nent of the present invention. -5 DETAI LED L,A

DESCRI PTI ON OF THE PRESENT Wlwm apyosiINeet h a pr ogr ammabl e
timer is described. In the pti on nurrer ous specific
details, such as frequency, divide ratios, gain, etc. are set forth to
provi de a nore thorough understandl & of the resent invention. It will be

obvi ous, however, Rigurmodcie s pleek $lagramof a mederhanchddeutunessent ion
may be practiced wilho ‘dtzti‘fsuebigsﬁ'iiﬁtﬁtﬁilﬁtﬁ@lﬂé*ﬁl’. b?i?m wel I

known circuits an .
‘smbodiment of the pronnt dnvention.



features have not been described in detail in order not to unnecessarily
-obscure the present invention. Referring to figure 1, a block diagramof a
podem such as may be used with the present invention is illustrated. The
nmodemis inplemented with three separate functional blocks, a

m crocontroller 32, a digital signal processor (DSP) 22 and an anal og front
end (AFE) 33. The digital signal proce$ser 22 is coupled to the

m crogantrol l er 32 on bus 34. Both the mcrocontroller 32 and DSP 22 are
couplad to AFE 33 through bus 35. 1In addition, the DSP outputs gain

control signals and {DETAIGED (DESORIPTION UFS THE PREEEN INVEMFfON33. Digital
output signals are coupled to DSP.22 on line 2I. The raw data is inputted

to microcontroller 32 on line 36. Received data, after being converted to
outputs. modul at od ddt S <ES Y8 nped B & pEeodfuibbre Rined 1810°, ccei ves
nodul at ed t iGeseFibed. LN In €Ra8! foXidwhhgCaesbripBibRf Midaedustepedilgigst rated in
figure 1, the DSP 22 is used for receive signal denodul ation, gain and
timng recodetailentsush aghSxequencyy t dinjdeadrabione gadnal eben@recseti er
622, " nandeeth hE Yravadp AT SEpEoWI wnderstend e o8 T mEORRREl or
converter), inveRtDSR! S DU AUERRYSus) howalek £Ses LABRY! SkMed in the
art, that the present invention may be practiced without these
specific details. 1In other instances, well known circuits and
k_) features have not been described in detail in order not to
unnecessarily obscure the present invention.
Referring to figure 1, a block diagram of a msden such as
may be used with the present invention is illustrated. The modem
is implemented with three separate functional blocks, a
microcontroller 32, a digital signal processor (DSP) 22 and an
analog front end (AFE) 33. The digital signal processor 22 is
coupled to the niérocontrcller 32 on bus 34. Both the
microcontroller 32 and DSP 22 are couéled to AFE 33
through bus 35. In addition, the DSP outputs gain control
sigﬁals and timing control signals on line 24 to AFE
,K~) 33. Digital output signals are coupled to DSP 22 on line 21.
The raw data is inputted to microcontroller 32 on line 36.
Received data, after being converted to digital form, is
cutputﬁ‘d'by microcontroller 32 on line 37. Thd’n;dem outputs
modulated data suitable for transmission on line 38 and receives
modulated transmission signals on line 39.
In the embodinent illustrated in figure 1, the DSP 22 is
used for receive signal demodulation, gain and timing recovery
control, phase splitting, adaptive egqualizing, cﬁrrier fecovery

and slicing. The microcontroller 32 conﬁrols the AFE 33 and DSP



and error detection. The AFE 33 is an application specific signal

processi ng stage and i ncludes substantial portions of the transm.t channel
and pass band processing for the received channel. As noted previously, inh |
order to inprove the efficiency of anti-aliasing filters, it is desired to.
sanpl e the data at a:high frequency so that out of band noi se sources may

be attenuated and renoved fromthe received signal with the aliasing. In
addition, it is desired to provide a<+d®&wcost programabl e cl ock which. can
drive subsequent gain stages at |ower frequency rates. A |arge nunber of&

| t digit st _suitgble f ' troller 37°
and Dsp 222 TeR  ERE s Solhetins 39 Rbe ath B0Bop o FmasFELMCics.
H gher COSbrpecifRaeets, TtdriRleRivRbad ORAMED she hahlifed Wupalic i {GIlI T e

dedi cati on of code space and silicon area. The present 1 nvenlion allows
i npl enent adn@rexyoradgtegtiomabl e cl ock on AFE 33 so that | ow cost

processors may Je ytillzed as nmcrpcantroller ~and DSP 22. Referring to
figure 2, a bl o‘?‘? g#%nﬁ |ﬂ%§??§f‘fﬂ3‘§°f‘hel’b?’e?’§=r'Pgsnmmﬁ#n%f t he

present i ngtigeé Ghd Intlhdéd substantif) pREE! StEdEmit3 chanhdiPut t ed
to | ow passe??-l ter (f_‘PF) 12.. Theaguﬁ)lut 141%‘)‘1?61%&%5 t|:s | r?;%%t fiégn'%éol band

pass filtepnd gmms bsndTprocassing for dheBPEcéived chapneled to anti-aliasing

filter (AAF) 17 se output 18 is inputted jo gain stage .19. The out put

31 of gain stad® \%%Ieg Pﬁ)‘&"{“@ ¥y of'érﬂfaaﬁ EB %H‘Qﬁ%?’&_l Wﬁrﬂ%&’ﬁé!‘%ﬁlﬁ 20.

The out put aféd-al1148Eng 01 sedraRult ol dasdrih € stnpial el MARE 4 High 22
ro

Digital signal processor 22 outputs a gain cont si gnal
: regquency so that out of band noise sources may be attenuated

-z N,

and removed from the received signal with the aliasing. 1In i-)
addition, it is desired to provide a low cost programmable clock
which can drive subsequent gain stages at lower frequency rates.
A large number of low cost'digitgi processors ixiit suitahle for
use as microcontroller 32 and DSP 22. These low cost processors
do not include programmable clocks. Higher cost processors ﬁay
implement programmable clocks but such require dedication of code
space and silicon area. The present invention allows
‘implementation of a programmable clock on AFE 33 so that low cost
processors may be utilized'al nicrocontioller 32 and DsSP 22.

Referring to figure 2, a block diagram iilustrating the
preferred embodiment of the present 1nven£;on is illustrated.
The received data signal 13 is inputted to ‘low pass filter (LPF)
12. The output 14 of LPF 12 is inputted to band pass filter
(BPF) 15. The output 16 of BPF 15 ig inputted to anti-aliasing
filter (AAF) 17, whose output 18 is inputted to gain stage 19.

The output 31 of gain stage 19 is 1nputt§d'to analog tb
digital converter (ADC) 20. The output 21 of ADC 20 is inputted
to digital iignal ﬁrocessor (DSP) 22. o |

Digital signal processor 22 outputs a gain'ébntrol’signallzs
to gain stage 19. DSP 22 also outputs a clock control signél 24



to gain stage 19. DSP 22 al so outputs a clock control signal 24 -7- to
switch 25. Swi'tch 25 is a three way switch which nay be sel ectively coupl ed
to dividerA 27, dividerB 28, or dividerC 29. The Input to dividers 27 - 29
is the output on Iine 26 of high frequency clock 40. C ock 40 provides the
¢l ocki ng signal to AAF 17. As previ ously7rmot ed, AAF 17 is sanpled at a

relatively high f yenc 921. g!kllohertz m* ferred
enbodient) ng g‘ %?l’ i PN RY, AWiteh, 89 BOE® 40 is '
al so c¥tipl ed  eaguelyély b@ﬁh&? duDE%OﬂlfeﬂivogsMh&s K ot @D#dadt & g, band

pass filter e preferre ment vider 42 divides the high
frequency cl oShe4dnpyt to Aividerx 20n= 2hdedthe mtpntlcﬂaﬂm Hm! tdght 0 | ow

Potput | 14 of dsedyentd 4iask: 18y ° Geakidn Frbyiey tR PSS plgp ke T
transmtted sipggpahy|n L) Gﬂ&nﬁf%ﬂ&%’ mnﬂs ﬁnd..abmci& QOFPI Vet

magni t ude and phase equalization™for a typical transm ssion |ine. Theyband
limited outputhigh Ste@incys (scyi 92iLSckiilohetts {1V therprefuived enbédinent)

anti-aliasing.g|n_the t of resent invepntjon, AAF 17
is a second oﬁ?é’r‘?ﬁwgiaésﬁ gt%’?etrlb\m‘gh‘ﬁf ssn{‘g'h EH&’P°¥(? gl-@\%'th 0.1
dB ripple. |t gAlgel cBEpIEW ithpdugh WiRiRbr 44120 DEVIAG RS ERRI olBYK Wignai
utilized without departing fromthe scope of the present I nvention.

41 to band pass filter 18. In the preferred endodinent, @ivider

42 dAivides the high troquo_ncy olock 40 by 6.

In operation, ths data signal 13 is inputtsd to low pass

filter 12 to attenuate noise which may cause aliasing problexs.
The output 14 of LPF 12 is inputted to BPF 185 to sliminate the
local transmitted signal in adjacent frequency bands and provide
cenpromise magnitude and phase equalization for a typical
transnission line.

The band linitcd output 16 of !P!' 15 is inputted to AAF 17
for turther anti-auning. In the prctc::od andodiment of the
presant invention, AAF 17 is a second order low pass filter with a
pass band egqual to 3 KHz with 0.1 4B ripple., It will be
ecbvious, however, that any suitable M'r.uy be utilized without

\_ departing frem the scops ©2 the presant invantien.

!'hn output of AAF 17 is coupled to prograxmable gain stage
19, 'I.'hc gein of gain stagse 18 is oontrenod by DSP 32. A
contrel signal 23 generated by D8P 23 is inputted to gain stage

19 to control the gain, 1In the purorrda sxbodiment of the
presant invantion, the gain range of gain stage 19 is gero to 48 '
@B in .375 B steps. '

After amplitication, the anmplified -19:\&1 31 §s inputted to

ADC 20 and, in the preferred emdodizent, convarted to an 8 bit



The output of AAF 17 is coupled to progranmabl e gain stage 19. The gain of
gain stage 19 is controlled by DSP 22. A control signal 23 generated:by
DSP 22 is inputted to gain stage 19 to control the gain. In the preferred
enbodi nent of the present invention, the gain range of gain stage 19 is
zero to 48 dB in .375 dB steps. Affer anplification, the anplified signal
31 is inputted to ADC 20 and, in the preferred embodi ment, converted to an

[err] bit 2's conplenent for serial transm ssion to: the DSP 22. H gh |
frequency Algog it/ £ Sudr AR nkh A1 O e84 ¥nd Dep/\3aP Vi Ously notied,
t he high sanple Trequency ards In e m nat| ng aI|a5|ng problens ‘The cl6ck

40 i s coupl ed Bighifisgdanty cllauldaloSpfavidewa samplee dloekets ahreahodi ment
d|V|ders 7, 28 gnd 29 divide by 97, 96 and 95 respectively to provide a
nomi nal ORRRY moted, khe high smRie; frmguensy addsgdd | n an alternate

enbodi rrent.lﬁi L1k d,FE&/ | U | 29,
128 and 127. ﬁg jp')rogrzl'gmmgve’!:”fi"::)lgﬁ'L e%rgége ﬂnv\gé’g?i.%a‘%"siiﬂﬁl enent ed
by the di @6l&€osasvidexrdd 2and 29 oCiIndthe Prosdrrodcentiddiaent] diviadess 27 - 29
are always chosen to belruexgg val ues. In this manner, high frequency

cl ock 40 ﬁ?pu??eamlc?%#".’ﬂ‘ AMafs and 95 rn#nmimwatomipmth the
ook TRl Rt Sh B P BAOEK G BudhoRngt) "8 P 20
an alternate embodiment, a 7.2 KHz clock is provided by setting
divider values of.129, 128 and 127.
The programmable clock of the present invention 15
implemented by the dividers 27 - 29 and clock 40. The divide
values of dividers 27 - 29 are always chosen to be intdger
" values. In thié'ﬁannef, high frequency clock 40 inputted to AAF
17 is always in an integéf relationship with the clock signal
output of the divider stage to clock gain stage 19 and ADC 20.
However, not all of the divide values of dividers 27 - 29 are in
an integer relationship with the divide by 6 value of
divider 42. Correspondingly, the clock driving BPF 15 is
asynchronous with the clock signal driving the gain stage 19 and
ADC 20. Howevor, the clock signal of BPF 15 and the clock
signal of AAF 17 are alwvays in an intcger relationship with each | W,
other. (High frequency clock 40 is divided by an integer, 6, to
generate the clock fo.BPP-lS). Thus, the l;mpling of AAF 17 is
alvays edge locked with the output of BPF 15. |
rurther, the clock signals of AAF 17 and gain stage 19 are
always integer related. This is because, rngardloss-of which of
dividers 27 - 29 is selected, each divides high frequency clock 40
by an_integer_value."lhus, gain stage 19 is always edge locked
witﬁ.tp; valid 921.6 kHz samples of AAF 17. Thus, even fhough
clocking of BPF 15 and gain stage 19 is asynchronoﬁs, the circuit



an integer relationship with the divide by 6 val ue of divider 42.
~Correspondi ngly, the clock driving BPF 15 is asynchronous with the clock
‘'signal driving the gain stage 19 and ADC 20. However, the clock signal of
BPF 15 and the clock signal of AAF 17 are always in an integer relationship
with each other. (H gh frequency clock 40 is divided by an integer, 6, to
generate the clock to BPF 15). Thus, «tfie. sanpling of AAF 17 is always edge
| ockegt=wi th the output of BPF 15. Further, the clock; signals of AAF 17 and
gai n #age 19 are always integer related. This is- because, regardless of

whi ch of didfdﬂfespEZsen‘Q%&ﬁﬁﬁ@ﬁ@mﬁ%ﬁﬂ%ﬁ@r&éﬁmcy clock 40

by an integer value. Thus, gain stage 19 is always edge locked wth the
valid 921.6 kHz Thenpregragmabilty of thescleck 40 addgin tdvingredoveefF 15 and

i t i - h t i it th i ti
o event oo, Ao HOF SRy Aate He Shp apin Bape 4P e ARLuRYRA RO40 ai ds
in tining regdvdckmihg Wit GatBCcfobi! | #He 'drftrol &inA212q ?hggﬁgéﬂ?ﬁe

adjusted to the incomng bit rate clock. The control signa rom DSP 22
i s used to imused tacseleati ohecot dividegd 2 - 2acto ttrmadkatiNe bk cdbck he

e I AP
g 71 A 0 gl Wphlfs SRR rbtan L "0 2 |0
recovery algorithm which uses the dividers 27 - 29 for tracking
the recovered baud rate. |
k~) By utilizing a low sampling rate in gain stage 19, large
' unit capacitor ratios may be employed in the gain stage 19 (due
to relaxed settling requirements). Utilizin§ large unit
capacitors in the gain stage 19 results in a low input offset
signal to the gain stage.. In this manner, clipping at the
maxinum gain setting of the gain stage 19 is avoided.

Thus, a low cost, effective receive timing scheme has been
described.

o



unit capacitor ratios may be enployed in the gain stage 19 (due to rel axed
ng requirenents). Wilizing large unit capacitors in the gain_stage

11namnl|||n||mw o et ol the pai st age 15 i 5 avol ded Tous,

a loweccost, "effective receive timng schene has been descri bed. f -10-
1. Aci rcwt for receiving and denodul ating a data signal, said circuit ..

conprising: clock signal generating neans for providing a cI ock at a fifst

frequency; first clock dividing neans coupled to said clock signal . =¥

generating nmeans for dividing said firsé,10l-eck signal by a first divide
val ue, said first clock dividing neans tting a second cl ock signal
- having an integer relationship to said clock signal; first filter

" means coupled to said data signal - and to sai d second cl ock signals. said

f t filt d.dat a _sigpnal C [

Count ed o sal a odeonck JRAe 8F WAL sBSdRkoo DR BT & 'GON. a TR0
anti - al i asi nggdtd b@teﬁﬂ\ﬁnﬁ“ﬂnﬁw: coupl ed to said f| rst cl ock si gnal ,
said second filter means

cloek otgnu gnmutlng neANN zo: p:wxung & Slock at &
giret Creguency:

girst clock dividing means coupled to said cleck eignal
gensrating t.iuno for dividing sald f2irst clock signal by a firvat
aivide value, sasi¢ girst olock dlvlding seans outputting & .u'cond_
olock signal having an integer uhtionshtp to sald 2irst clock
signaly

2irat 2ilter maans eouploa to sald data signal naa to said
second clock signal, said £irst filter seans cutputting a second
data signals | : | | |

second £ilter weans eoupled to said second data signal, saiad
sscond gilter means being an antisaliasing iltar (AA?), said AAT
ooupled to said 2irst olock signal, said sacond gilter means
outputting a third data signal: ) |

gain stage 2eans coupled to said third data signal, sald
gain stage xesns being for amplifying said third data signal and
outputting a fourtn data signals

second olock dividing means coupled to sald girst cleck
signal :e: selectively &ividing said girst elosk signal by one of
a p:l.unuty of seoond Aivide values, said dividing zeans |
cutputting & third eleck gignal coupled to said gain stage means,

. -said secend clock signal being g synchronous with said third clock

signal, eald third clook lllnll being in an mteger ‘relationship mth
said €irst clock signal)

control means ceuphd to saia elock dividing nesns, sald
control means uheting said one of n!.d plurality of second

a
-



~Obutputting a third data signal; gain stage neans coupl ed to sai d thiTd—data—
~stgnal, said gain stage neans belng for anplifying said th|

and ocutputting a-fourth data signal; second clock dividing Iﬂ#i@%ﬁ' Q,I
said first clock signal for selectlvely dividing said first ¢l o€k si

one of a plurality of second divide val ues, said dividing nmeans outputting

a third clock signal coupled to said=gHin stage means, said second cl ock

si gnal=being a synchronous with said third clock S|gnal said third cl ock

si gnalsbeing in an integer relationship with said-first clock signal; -

control mesivideuyslnes: dependens! ovkanlianctintgofiekittersin csaidhinth sigpmd .

sel ecting said one of said pluratity of second - 11 - divide val ues
dependent on an anount of jitter in said data signal. 2. The circuit of

clai m 1 whereingsai dinel 63kcdit 02 cIBBN WREPELS Gaid Papsk rﬁ&%.i— dds (BPF).

3. The circuit of claim2 wherein said AAF conprises a swtched capacitor
anti - al i as comprises A banficpass fiiltenf (BEFR)i.m 3 wherein said first divide
value is 6. 5. The circuit of claim4 wherein said first clock signal has
a frequency of approximately 921 kHz. 6. The circuit of claim5 wherein

said plurality §f seg@Ngircuit of claim 2 wherein said AAF comprises a
switched capacitor anti-alias filter.

4. The circuit of claim 3 wherein said first divide value
is 6.

5. The circuit of claim 4 wherein said first clock signal
has a freqﬁency of approximately 921 kHz.

6. The circuit of claim 5 wherein said plurality of second

divide values comprises three divide values.

7. The circuit of claim 6 wherein said second divide

values comprise 95, 96, and 97 respcctivély.

8. The circuit of claim 6 wherein said second divide
values comprise 127, 128 and 129 respectively.

9. The circuit of claim 1 further including analog to
_digital converting means coupled to said fourth data signal for

converting said fourth data lignal to a digital value.

10. The circuit of claim 1 wherein said control means



_divide values—comnprises three divide values. 7. The circuit of claim®é
wher ei n sai Mﬁm d divide values conprise 95, 96, and 97 respect.ively. 8.

;mumm!m im6 wherein said second divide val ues conprise 127, 128
ively. 9. The circuit of claim1l further including anal og.
t o* di gltal converting nmeans coupl ed tq said fourth data signal for
‘converting said fourth data signal fo 3 digital value. 10. The circuit of
claim1l1 wherein said.control neans - 12 - conpri ses a di g| taI signal.

proces sempibibs 85a8gPER1! kaghnlOp2olaidora (dsp) ,S¥ e

outputti ngécontrol 5|gna to Seglg gegong oFgc |’\7| ng rreans inre '%;g‘nse

to chariyeadi ratei drbsadar data signal and outputting control signal to
said second clock dividing means in response to changes in said

baud rate.




