WD 01/ 19048 PCT/ U500140355 { -1 Description DUAL AUTOVATI C GAI N CONTROL
IN A QAM DEMODULATOR 5 TECHNI CAL FI ELD The present invention relates to a 2
quadrature anplitude nodul ation (QAM type denodul at.or for denodul ati ng
si gnal s wadnhsmed in accordance with the QAM schene. 1BCHESRERBOIND ART
Quadrature anplitude nodul ation (QAM14is an internediate frequency (IF)
nmodul ati on schenme in which a QAM signal, is produced by anplitude

nodul ating two 15 baseband si gna®PeSChjgHeo®t ed i ndependent|y of each ot her,
with two quadrature carriers, respectively, and adding the resulting

signals. The QAM nodul ation i s used ¢ nformation into
a conveni ent f PE3keAE oML GﬁﬁﬁgCH§§£B&n?g%%gﬁgﬁ%Fﬁg&gﬁggp band 20
occupied by a signal to the passband of a transmssion line, to allow

frequency diVviSi mult L.pl exi ng of signals, or to enable signals to be
radi ated té%qgqug;’FT’ ?ennas QAM has been adopted by the Digital Video

Broadcasti ng (DVB) &he ﬁrgsemﬂ ﬂnxﬁntrahsmaﬂatbﬁn%¢la2HP%¢§@MW3P and the
Mul ti medi t bodi es for the
aanfﬂf 5&46‘ WAk @y e ﬁEﬁBQ@IQt&@ f&n
Ita ? Si na

transm ssi 0 ver Coaxi al, Hybrjd Fiber_ Coaxi al
(HFC) anouemctﬂlm\m wmgn&l@mdt&a;ﬁdu Bit pEROVRRRG R Sty Fhem@¥MDs) TV
networks. 3G,cHhe QAM nodul ati on schenme exists with a variable nunber of

| evel s (4, 16, 32, 64, 128, 256, 512, 1024) which provide 2, 4, 5, 6, 7,

8, 910and 10 Mitls/MEz. This offers up to about 42 Mit/s (CAN¥256) over
an Aneri candrdddin®@ARNTCchannel , and 56 Moit/s over 35 an 8 MHz European

CATV channel . This represents th i val.ent 1 L .0 CAM TV _—
channel s transmittedy® gdrature amﬁiltdﬂé moduQatlon axgﬁ éléﬁz %

intermediate frequency (IF) modulation scheme in which a
OAM signal is produced by amplitude modulating two

15 baseband signals, generated independently of each other,
with two quadrature carriers, respectively, and adding
the resulting signals. The QAM modulation is used to
modulate a digital information into a convenient
frequency band. This may be to match the spectral band

20 occupied by a signal to the passband of a transmission
line, to allow frequency division multiplexing'of
signals, or to enable signals to be radiated by smaller
antennas. OAM has been adopted by the Digital Video
Broadcasting (DVB) and Digital Audio Visual Council

25 (DAVIC) and the Multimedia Cable Network System (MCNS)
standardization bodies for the transmission of digital TV

(PR

signals over Coaxial, Hybrid Fiber Coaxial (HFC}, and
Microwave Multi-port Distribution Wireless Systems (MMDS)
TV networks.

30 The QAM modulation scheme exists with a
variable number of levels (4, 16, 32, 64, 128, 256, 512,
1024} which provide 2, 4, 5, 6, 7, 8, 9, and 10
Mbit/s/MHz. This offers up to about 42 Mbit/s (QAM-256)
over an American 6 MHz CATV channel, and 56 Mbit/s over

35 an 8 MHz European CATV channel, This represents the
equivalent of 10 PAL or SECAM TV channels transmitted



WO 01/ 19048 PCT/ US00/ 40355 -2 over the equival ent bandw dth of a single
anal og TV program and approximately 2 to 3 Hi gh Definition Television
(HDTV) prograns. Audio and video streans are digitally encoded and mapped
into MPEQ2 Woantert stream 5 packets, consisting of 188 BOT/&800/4¥358 bi t
streamis deconposed into n bits packeks. Each packet is mapped into a QAM
synbol represented by two conponents | and Q (e.g., n=4 bits are napped

i nto one 16- OXErsyhboequindlantt bandwidtippell a@Gingle sanal@%6FQAM synbol ).

The | and Q nt r a e sine and a

cosi ne wave i’?gg?rgﬁerén?eip&’ Ifd)!lh%rtggangdtwﬁd'% gfg%gg%:gn(RF) spectrum
The | and Q @6%8?1%?% Qfl?é“{)s@élolgyaﬁnépr @ndaglée@oﬁtr@amsitam whi ch

represents taggReasipl enchias ot hBpy¥al Uastd MERE20¥ BhnbPoPhasE Altd
guadr at %ne coordinates. The transmtted signal s(t) is given by: s (t)

=l cos (2hfot P2CkeLSn ¢MiLAbing 5% WRBRY¥®S+4s the center frequency of the
RF si gn?I | | and Q cormpenal st&émusslgéédbnfpdsbar Qﬂtwaiﬂféfﬁ ESI ng ri'il sed
cosine filterin transgitter and the recei Thus, the resulting
RF spect rum P&° ggﬁ?ére G BREeFo 18 HPR ’zi’tﬁaﬁd tFYBROR(| +a), where R

i s the synbolrepbesenhsdilss it campoaenita 1 Sarid‘le,rQéLgoffmf:@.CHaCﬂ's of the
rai sed cosin i T. 0 on._rate.i t he
. ﬁ&%ed ﬂﬁ: )6'?:% glt 1 n= @ Bl{ig '\ﬂlasp r%{)l

transm ssi on SInce n |dped t 6-one® per tine
unit 1AR | nlﬁtéefpn? 025%'&§Welsmhelbaseﬁm1d singn @l sohpament3y atzhae nmodul at ed

carrier, a degpdubadoind hostad:gh %angrae Skl 88aeR%e0L1 46 ddansm ssi on

l'ine. The receiver nmust control e gain o | npu anplifier that
recei ves t he (SpgRbeY) rkassidg tReasynbdre RadjgeAegaueneyie(RB)i gnal , and

recover the gpe&tfimf I exeencyngf Qt E&n&ﬁzé&ss Iageahsué\ii;?rréﬁlee%%n@%an
functions, a gm nt is relc% .ved nh |/ Q constellation which is the sum
of the a constel ion whic repres nts the possible discrete

15 values taken over in-phase and quadrature coordinates.

The transmitted signal s(t) is given by:

s(t)=Icos(2nfbt)—Qsin(ZnIBt),

20 where f, is the center frequency of the RF signal. I and
Q components are usually filtered waveforms using raised
cosine filtering at the transmitter and the receiver.
Thus, the resulting RF spectrum is centered around f, and
has a bandwidth of R(1+a), where R is the symbol

25 transmission rate and o is the roll-off factor of the
raised cosine filter. The symbol transmission rate is
1/n* of the transmission bit rate, since n bits are
mapped to one QAM symbol per time unit 1/R.

In order to recover the baseband signals from

30 the modulated carrier, a demodulator is used at the
receiving end of the transmission line. The receiver
must control the gain of the input amplifier that
receives the signal, recover the symbol frequency of the
signal, and recover the carrier frequency of the RF

35 signal. After these main functions, a point is received
in the I/Q constellation which is the sum of the



WO 01/19048 PCT/ US00/ 40355 -3 transmtted QM synbol and noi se that was
added over the transm ssion. The receiver then carries out a threshold
deci sion based on lines situated at half the distance. between QAM synbol s
in order WQ0HB8de on the nost 5 probable sent QAM synbdICT/US0Q#idshi s
synbol, the bits are wunmapped usi ng=Bhe sane mapping as in the nodul ator. .
LBuaIIy the bits then go through a forward error decoder which corrects
possi bl e eFFamEBEtesd Syebgh pRE Reismlthat aeasniadded omersymdol . The

f orward ertﬁanﬁeréghﬁin 10 Theuzkbyi¢eRt Bh&tS @aﬂqelsmo%l‘tl gayRre¥hopg role is to
spread t hat, coul.d_have, i.n _bursts and would have

errpors ed 3
ot herwi se ‘ﬁ E\7 ’o‘gbrpa}ﬁﬁ% % AEPESI ?l{"] gg?f?raéi:thal@e aPi§tangetransnitting a
nmodul at ed setwedn QAM asymbodisvéd erg@nlt@tdédfleie deetel abst has been

anpli ti ed ?ﬁhe fi f.act or ensat e
for %tenu%%%%%ylleﬁ %L‘i‘lé ecel gﬁg‘l’%l gn tr}?-.mts é’mﬁp ﬁsﬁg Pbﬁ or ot her
fact ors. |unhapperusfing theesaneamgpping @d riol thieemadplatorat | on of the

signal {0 yLeRity) éﬂéeyi%%ehﬁsﬂ §VEhr Sl e Aty olPof" g%ﬁo 20 control

the level o € sSi often ah auto IC_galn con ®Rircuit,
whi ch cont‘l’lb’r%h tcméfrga&tﬁ srsehble seproneaus sianilsjiiong phetbenadthak or, is

enpl oyed. fE4nsetaay QAMUsﬁnbgﬁt eni‘hé\bfor'ivawe&@rt BecBlgrdi scl oses a  QAM
denngﬁlator f rece&ylng SA é%iﬁ havi ng a 25 _suppressed pilot signal.
(Pilots ext¥i? ]rV V8B taBguPalf oh%t ayer HROSFodlst LentonsPrradt s
necessary,ouncermomge thiazl cobdy hiee ﬂ(ﬁpp&&mﬂi )mTlﬂﬁrstnEﬂulﬁé@Idl ncl udes an
anpllflcat n I | ontrol of the anplification
factor l&%ﬂﬁéﬁﬁbrneggséégéa ?n #é%gkéitg 5P &PT Fﬁ%ESanpling timng
for ar ecel ved si gn&enetpidy, UMS tmmmttﬁ\.img abmoahlabédt siyéaer di scl oses

a circuit gid angeiRaly E@ na@s Qg&f Bagt bsgﬁf%g&ifﬂ apd
automatic gain control atlon art
15 by a suitable ampll catlon factor in order to compensate-

for attenuation in the received signal due to a
transmission path or other factors. It is therefore
necessary to control the amplification of the signal to
control the received level of the signal. In order to

20 control the level of the signal, often an automatic gain
control (AGC) circuit, which controls the gain of the
amplifier supplying the demodulator, is employed. For
example, U.S. Patent No. 5,729,173 to Sato discloses a
QAM demodulator for receiving a QAM signal having a

25 suppressed pilot signal. (Pilots exist in VSB
modulations, but in QAM modulation, no pilot is
necessary, and in general they are not used.) The
demodulator includes an amplification factor controller
in which the control of the amplification factor is

30 performed separately from the control of the sampling
timing for a received signal. Also, U.S. Patent No.
5,761,251 to Wender discloses a circuit arrangement for
achieving both DC offset correction and automatic gain
control for OAM modulation. 1In many of the prior art

35 designs, the automatic gain control (AGC) circuit is
based uniquely on the QAM signal but with feedback to

R
eet Has Been Replaced
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35 designs, the automatic gain control (AGC) circuit is based uniquely on
the QMM signal but wth feedback to This Sheet Has Been Replaced 111111111
ilk TILLIIITITI]T WO 01119048 PCT/ USOQ 40355 -4 other analog circuits.
This can caW@8VIM8 probl em of saturation of the anal og-t Bo(a3ss
converter circuit used at the input of4the denpdutator. Alternatively,
other prior art designs use an AGC circuit that is based 5 uniquely on the
full input sphher. anpleyairquits. rByls rean cgauset hbeippeklet gfal has to

have been pe&&@ﬁi&ﬂloﬁ'df‘%H%da5598b5¥%fﬁiﬁﬂtd1h%BHGE§t£%'éHrédltbe'ng i nput
to the denodul ator. is the obgect of present invention to 10

provi de a CANFE@n%Hu?%E(ﬁnHHﬁanpF 9|QEEPQﬁ%Q¥°EontP%FeERﬁWﬂvﬁﬁﬂuar to the
denodul at or, otReflgeiot Qnﬂf Qeelignsi @&l an Gicet @ﬁtrbemtcmﬁ;@chénba@adl ifier

non-lin arit D satur and within e demodul ator, to adapt the
l evel o the}i@\ §f¥/§ tfaﬂé 6??‘@&5"1%17’51 \A}{PHeH?@ té?ls.LS gain. It is a
further objeetqoirésethatyamhiel dnptid sigmnm(hasataﬁhhﬂennebﬂzparfedtawein t he
gai n contr ol epend es .a ch w.and is
therefore i nﬁég‘éﬁﬁ%ﬁ Pro“f %rant" I@Etéﬁ‘%ﬁf% $ § %8%1 %§e$% aﬂ‘églt[ ﬁ:é’ I nput
signal. It ithe demedwkratoly.ect of the invention to prOV|de a QAM

denodul ator with gain t 65 e tend onverter. 25
SUWARY COF THE INVENHT%%Q%Lgbgbgﬂi gg cts gégggégnfgc eved y a QAM
derodull® or REQVHEE 2 fOARE denedukato ﬁqmr@ﬁrtlﬂers ea%%mntm% &etBut puts a
first signal pihgt £ thd Wekbdana®brf hen dreed \t@dpgéﬁélﬁai sidigaif i rst signal

being used tg, control, 30,18 87 Inols A2 TR 1S Y0LSyiRp)y s the Tnput
saturation, and within the demodulator, to adapt the
level of the QAM signal to the correct level with digital
15 gain.

It is a further object of the invention to
provide a QOAM demodulator wherein the gain control is
independent with respect to adjacent channels, and is
therefore independent with respect to the symbol rate of

20 the input signal.

It is a further object of the invention to

provide a QBAM demodulator with gain control that does not

saturate the A/D converter.

25 SUMMARY OF THE INVENTION
The above objects have been achieved by a QAM

demodulator having a first automatic gain control circuit
which outputs a first signal that is a function of the
received signal, the first signal being used to control

30 the gain of an amplifier which supplies the input of an
A/D converter; and a second automatic gain control
circuit which outputs a second signal derived from the
QAM signal after filtering. The second signal controls
the gain of a digital multiplier which produces a signal

35 which feeds into an equalizer by way of a receive filter.
The dual automatic gain control circuits, situated before



A/ D converter; and a second automatic gain control <circuit which outputs a
second signal derived fromthe QAMsignal after filtering. The second
signal controls the gain of a digital nultiplier which produces a signal
35 whi ch Ye&Y¥%4t o an equalizer by way of a receive fi |RCGYUSO04RES dual
automatic gain control circuits, sita®ed before WO 01/19048 PCT/ US00/ 40355
-5 and after the recei ve f||ters allow for better resistance to

non- | i near fRAe3rtefiskRe bsﬁ%q‘@ﬁalfélﬁ:ﬁrsad?k%%’htf%m The first

aut omati c gesﬂstamééoto(dﬁﬂ;ﬂlﬁbbﬁuties5c§ﬁ§§d(Byidﬂyhaﬁﬁthhe power of the

signal tha n D converter, conprising the desired spectrum but
al so adj a%%ﬁ?é%ﬁ; %e?%n% at have not been conpletely filtered out before

entering the denodul BherfirBti susbiatéct ain neottaod r(acge efirttet A/ D

convegt er u 0.th n aturatiop, can occur dﬁe
to thg AGC EQ?PPO e%@%t%g%c%gge%&%c%%uﬁf%% c);g’tiat FBLeEPt gP ®the receive
filter andA(ﬂeﬁa‘emb?’et%l FOHPriséngakhei dedired cmantrumebutgadboi tsel f. The -

second ACGa&facent aiifels thati HhP l ey he exact
deci sion 15 jghr eg%é)l d of SAM Si nalérgé/%qg@éaﬂn %‘?&Sgﬁslgt #‘tgg?ﬁ

att enuat i oAt RS %f"ttr?é-’lﬁ‘tge§5ﬁc€e’6? dulg Rent Téﬁ-&nﬁéﬂ?‘ﬂsl fhehe first AGC

ci rcuit. BE&:EEmBESG?ig%Tlo@\I_t% Arb Mf@‘r &b Meluskd 8nd BhoGKes agram of
ﬁip/o Interface Un ts N V\/EI ch the denodu] ator of the present
| nve H° (R O%sgtusarion ‘B?%C?F‘EH% tor thReABEnndul ator of the

present i nf/eerﬂbmk 2%Hei gecdndsAAC bébedu ik awaﬂt@fatbheattéﬁt th&C unit  of
W o S e s e Bt chiy 4 Kalnghn o IS Soeond
a section @aceynpt the signal itself. The second AGC circuit adapts
the internal amplification level to the exact decision
15 threshold of QOAM signal levels and compensate for the .
attenuation caused by the presence of adjacent channels
in the first AGC circuit.

BRIEF DESCRIPTION OF THE DRAWINGS
20 Fig. 1 is a block diagram of a Network
Interface Unit in which the demodulator of the present.
invention may be used.
Fig. 2 is a biock diagram of the demodulator of
the present invention.
25 Fig. 3 is a block diagram of the first AGC unit
of the demodulator shown in Fig. 2.
Fig. 4 is a block diagram of the second AGC
unit of the demodulator shown in Fig. 2.
Fig. 5 is a block diagram of a section of the
30 demodulator shown in Fig. 2.
Fig. 6 is a block diagram of the Direct Digital
Synthesizer of the demodulator shown in Fig. 2.
Fig. 7 is a block diagram of the digital timing
recovery circuit of the demodulator shown in Fig. 2.
35 Fig. 8 is a block diagram of a generally known
interpolation model.



30 denodul ator shown in Fig. 2. Fig. 6 is a block diagramof the D rect
Digital Synthesizer of the denodulator shown in Fig. 2. Fig. 7 is a block
diagram of the digital timng recovery circuit of the denpdul ator shown in
Fig. 2. 35WaQ1988is a bl ock diagram of a generally knowPCHYN¥#BS ati on
nmodel . WD 01119048 PCT/ US00/ 40355 -6-@—g. 9 is a bl ock diagram of an

i'nterpol ation nodel used in the digital timng recovery circuit of Fig.
7. Fig. 10'is a bl ockF#fag? ahf of Plogkadiagmamefdd intgygpelatiomoi se

esti mator usRdiNukba SHMEKE diRfieGhi @fmifl ! faidvedly hecdeaodsl Big@r of Fig.
2. Fig. 11 is a block diagramof the Dual Bit Error Rate estimator used in
the denodul aor of Fi g. 2. 10 BEST MODE FOR CARRYI NG OQUT THE | NVENTI ON

Wth reference to Fi gFig, 1theisQdVbdenkRddiadram IO aopbhtBe poEsenind nventi on

| d typical]y !Qﬁ[ f K | f it 92. Th
\ANg;J \/\orkyli:\ic%%{dé'rt Sg’(‘?g %g??s &S é%f P%ggle%\%rhee sl%f?rl? g%gggi%%xg bet \i/een a
signal 95 rexigicudd bfothe dmmdulsonork Eigh the input signal 93 of a
derul ti pl exer. The si gg?l. £p -lfg %mblBEﬁ ﬁf@#ﬁd‘%ﬂ“&% bﬁﬁ%ngy{: into a tuner
s Tr n 't he Tange of 47

96. The tuner accept equenci es’1 0 862 MHz at 20
its input afrrgswRatenoskimatare usedeinecthe rdspadvdyptos af Fidgi e2nedi ate
frequency (IF). This I F frequency depends on the channel bandw dth as
related to the geographic |ocation. For exanple, NTSC, USA and JAPAN have
a 6 ME® channel with |F around 44 MHz, while PAL/ SECAM and EUROPE 25 have

an 8 MHz chqgmﬂJMnbghp¢§i@xgnmyﬁGBQU&PQHETfﬁvgnﬁnun of the tuner_is I nput
to the SAWTIilter  colLE FESARRERGE, tOTRLI ok ip b PP BB T e 07 115

99 of the present invention would typically be used as
part of a Network Interface Unit 92, The Network

15 Interface Unit 92 is defined as the interface block
between a signal 95 received from a Cable Network and the
input signal 93 of a demultiplexer. The signal 95 from
the cable network is input into a tuner 96. The tuner
accepts frequencies in the range of 47 MHz to 862 MHz at

20 its input and down converts the selected frequency to an
intermediate frequency {IF). This IF frequency depends
on the channel bandwidth as related to the geographic
location. For example, NTSC, USA and JAPAN have a 6 MHz
channel with IF around 44 MHz, while PAL/SECAM and EUROPE

25 have an 8 MHz channel with IF around 36 MHz. The ocutput
of the tuner is input to a surface acoustic wave (SAW)
filter 97, the IF frequency being equal to the SAW filter
center frequency. The output of the SAW filter 97 is
supplied to an amplifier 98, which is used to compensate

30 for the SAW filter attenuation, and then the output of
the amplifier 98 is supplied to the QAM demodulator 99.
The amplifier 98 can also have a variable gain controlled
by an Automatic Gain Control signal %4 of the QAM
demodulator 99. It is also possible for the OAM

35 demodulator 99 to be used in various other digital
transmission systems using OAM or QPSK demodulation, such



supplied to an anplifier 98, which is used to conpensate 30 for the SAW
filter attenuation, and then the output of the anpllfler 98 is supplied to
t he QAM denodul ator 99. The anplifier 98 can al so have a variabl e gain
control | eWOB{OMR Autonatic Gain Control signal 94 of thBCERMOUARSRodul at or
99. It is also possible for the QAM 39-denodul ator 99 to be used in various

other digital transm ssion systens u3|n£ QAM or QPSK denodul ation, such WD
01/ 19048 P&¥/ BRgiP4binls, wirglessyilgcpl keoPsy (¥ eld-hageal | oops, or
i n-home naewwbkks. Referring to Fig. 2, the QAM denodul ator 99 of the

present invention i des, an an o] erter 25 whi ch
receives the IF inpﬂg g g tp %# legE% ééﬁtéﬁm9§?¥é%ﬁﬁl Phe I F signal
12 and proﬁheeprasedtgunvéntqmmcumu&udesuan amel eprtcerdifgiegaefayDfFO of the

| Sanal chaweTber o Ryl il eOlnk e AR FOMERLAT 125 i SuPpl i od 1o

and conversion ci rcul ®synt hesi zer
30 i n or dep/Poconvereex Ihsamplsisgthe I aideakblkhdnsl gzr@ﬁu0§5eaout put

signal 14 gfig 5\381%}%&&\)&@5&&&%5&% ééﬁ@e;suﬂ%rk@%x rthsf fid Sty Automat i c

Gain Control “circul for control gain of the
i nput si gn&F9B2 o%ztheThelH’%tcéﬁ%PieHZ%f ‘m? i H@néfeg'ﬁﬁif R8s been

convert?d i éupﬁ.&ﬁ@@atﬂﬂ @Mbahavwgv&rfm% cté}ill‘ﬁiiﬁ!te't‘h%ﬂ (i nphase) and tQ

adrature e bas ie g, recovery circui

Wﬂ’l ch |§}‘E§‘ég et o? s@’n‘% q‘oﬁ:}]%é%?é %F{Bgﬁgﬁ?ﬁf tlﬁ’e %gr‘?ﬁdﬁf’at or circuit to

the symbol sonverththe ntbnsignadi goabsbaseland rs'iqna]e.com&:reyoultpamt 35 uses

2o oDt MONSbaY 2 Ak Sl B YoBlePRel | 48 °Ls "oloo SARLILR LROLpEPU! S ONA
W5 e circui

which allo COVEr "a " very arge ra F rates, as
wil | be 25ffigsthvntemat i rﬂ:?airbélouwrorhels¢lgxial (AGfJJI)helN) gopplied to a

digital mubbhpbdeiidd Gndliffhilicy Bakh 8F AhSChHBft signal 12 of the
15 A/D converter 25.
After the signal has been converted to a
baseband signal having signal components I (inphase) and
Q0 (quadrature), the baseband signal is supplied to a
timing recovery circuit 35 which is used to synchronize
20 the timing of the demodulator circuit to the symbols of
the incoming signals. The timing recovery circuit 35
uses a continuously variable interpolation filter for
sampling the input signal which allows the circuit to
recover a very large range of symbol rates, as will be
25 further explained below. The signal is then supplied to
a digital multiplier 210 which is part of a second
Automatic Gain Control (AGC2) circuit 20. Then, the
signal goes through a Receive Filter 40 and then to an
Equalizer 45. The AGC2 circuit 20 is a digital AGC
30 circuit and performs a fine adjustment of the signal
level at the equalizer 45 input. The digital AGC circuit
20 only takes into account the signal itself, since
adjacent channels have been filtered out by the receive
filter 40, and thus compensates digitally for the analog
35 AGC1 circuit 10 which may have reduced the input power
due to adjacent channels. The receive filter 40 is a



Automatic Gain Control (AGC2) circuit 20. Then, the signal goes through a
Receive Filter 40 and then to an Equalizer 45. The AGC2 circuit 20 is a
digital AGC 30 circuit and performs a fine adjustnent of the si g | evel
at the equWQ®H#POEs5 jnput. ‘The digital AGC circlit 20 orft (S}""tlsgﬂ/g@?nt
account the signal itself, since adjat®&nt channels havée been filtered out

by the receive ter 40, ,and thus cqonpensates digitally r the anal og 35
AGCL ci rcui ts‘i‘bax/ﬁ# IROkaFahsse FRRRRE d PR WRHERS ‘b?%?/ﬁé‘? ts J@é?‘FBfEdJ acent
channel s. Thead¢tens \froh bLel ¥6 0305 WRiGH 2864Ptd ﬂ?@rlttiﬁ@ﬂg40355 -8

squared root_raised cqsi nett¥$r‘: vyp i ch. s pports roll-off t_ct Oﬁs Lrom 0.11
to 0.30, whiTHER TR PHHRY POICPPEERSS ARt S SfgRaPYand
ensures an om}eﬂtzbnndhlghepethamn43dB}her1‘htLlsaalgﬂrt&ca'ﬂt s:es_;leg:rlm.bncant

Lgai st Sad; ARCH U thd Rk oF mdBiGl Orobnt MeDRIAP TheekeBRPE oot
i mpai r ment s @il rgadned édjﬁﬁ%ntrﬂhana64s-su@heasquﬁﬁkﬁﬁrré@

anpl i tude-fr s &Bﬁsalffé%@&%al%aeﬁ9§e% ndd¥h 1R bACERa! M uct ures
can be 10 sel ected, Transversal or Decision feed k wth selectable

central tap BREfTKN SuFﬁeaﬁqu@?SJs‘?%éF@léFufiﬁefﬁm’aﬁqcﬂet°r49h358“ suppl i ed
to the carrigreqitiRMeréspbhssl t 'ﬁﬁbtélgda(i(ifi‘éer stHhen &Rl i@ Begnal . The
carrier _recove C it 50 15 allo t.he acquisition and tracking of a
frequehly of¥ Cteég ﬁFGﬂsggri?la St ﬁe@?ﬁfﬂbl""’r‘%’t e. The frequency
of f set recovsspstitamlebeenbpal ot ddwiagh.a 12C interface. This

I nformati on can be us t ] e d dul at or frequency
in order to reduce th§g§08P£§€€r$%éf @grada %&%ﬁfﬁﬁug gggngF whi ch hel ps
to inprove s\mplb;etd &or ther aaeridghaannvesty smgq‘ait S dfo tdegovear ri er

recovery cir |5e§ gggggied P Fa5%7Re regg‘;é 3{% 1¢Uish 55 and is

al so supplie ower ~“Conparator G rcuit tal Loop Filter
220 mﬁ@E|n allows the acquisition and tracking of a frequency offset

as high as 12 percent of the symbol rate. The frequency
offset recovered can be monitored through a I2C
interface. This information can be used to readjust the
tuner or the demodulator frequency in order to reduce the
20 filtering degradation of the signal, which helps to
improve the bit error rate. The output signal 52 of the
carrier recovery circuit 50 is supplied to a symbol
decision circuit 55 and is also supplied to a Power
Comparator Circuit 230 and Digital Loop Filter 220 within
25 the digital AGC2 circuit 20 to provide a gain control
signal 225 to the multiplier 210. Within the symbol
decision circuit 55, the signal is supplied to a symbol
threshold detector, then to a differential decoder, and
finally to a DVB or DAVIC de-mapper which produces the
30 recovered bit stream 57 sent to the Forward Error
Correction Circuit 60. The output 57 of the symbol
decision circuit is also supplied to the Power Comparator
Circuit 230.
The Forward Error Correction (FEC) circuit 60
35 first performs a frame synchronization 61 in which the
bit stream is decomposed into packets of 204 bytes at the



25 the digital AGC2 circuit 20 to provide a gain control signal 225 to the
multiplier 210. Wthin the synbol decision circuit 55, the signal is
supplied to a synbol threshold detector, then to a dirfferential decoder,
and finAY091/198483 DVB or DAVI C de- napper whi ch produces ROFAISEMBE: over ed
bit stream 57 sent to the Forward Err®r Correction circuit 60. The out put.
57 of the synbol decision circuit is also _supplied to the Power Conparator:

Circuit 23trHe FhRaPacketsrarprihen Bwplied) tej fcdPr 60 35 first
performs ajft e £43C AhanRéati-9lénlon N(RY)I decoder bb, whéeénths deconposed
I nto packets of 204 byt esn?t he Oli]‘i 048 PGIT/ usog/. 40355 -9 output. The
packets arRRFfREF ARSpidesdnterLeqLed ity & CRRGeREEET SHF oron (RS)
decoder 6pertwmmed by thaecRstdeasdexienf ra enaxdavedofind eheors correction is
per f oL med of i[%;:gg f Lr y per packet.
The decggd%ér&il gc%rgij%\%ggqe:s o] ﬁee?igé(i n orérzraeﬁ i%c])'%or géé‘r’g‘.’%g éﬁ@gruncorrect ed
packet s anthfdmnatpes tregardinghthe oincanrattegd peackatshangathket, if there
are any. T ] b ts it er; VB/ DAVI C)
and 17 TrESEER B kel B0 CLEELE hyfls 1P Y B RRES e Bt st

i mpul se noABR anix Foudeptheheantbr selpriedhfernébr interleavR®: with the

same val ue afpydyAa)t ahd A7t er i dqaadiing inkheaBaskehe are de-
scranbl ed for energ[qyft di spersal renoval. The .data qQutput .93 of the FEC

circiPt 60SFEeRHHL AT (HhedSYFtENRIPRS, IPRLSSs foiEe sy RRENR T eHacket s and
i s the outynmdt afhd hdgnddmhdsl been DPteAddividdmdlthy thbi samrervaluat e si gnal s

ohi oh st Ra 90 ST gACERF B ritcitindl ReCotkelR fhe G6ICCti on and
frame pat tscramoest) fior ene2gyadispexshik aemovBilt. Efher dRbaco®kpual 72. As
expl ai ned gpoYe. cid edt!el -BUI BMB6 ! £s Wbt 1AULIL L1 £ mpRESUI LS are
situated before and after the
15 Transport System (TS) packets and is the output of the
demodulator 99. Additionally, bit error rate signals 68,
69 are transmitted to a Dual Bit Error Rate Estimator
circuit 70 which estimate Low and High Bit Error Rates
based on error correction and frame pattern recognition
20 and produces a Bit Error Rate Signal 72.

As explained above, the dual automatic gain
control (AGC) circuits are situated before and after the
receive filters to control the received level of the
signal. The first AGC circuit 10 controls the analog

25 gain of the input signal of the A/D converter. With
reference to Fig. 3, the output signal 14 of the A/D
converter 25 is supplied to a power estimation circuit
110 of the AGCl 10 in order to estimate the signal level
of the received signal 14 and compare it to a

30 predetermined signal level. The power estimation circuit
110 includes a square module 130 for converting the
signal 14 into a square wave to be input into a _
comparator 140. The comparator 140 compares the input
signal with a predetermined reference voltage, or

35 comparator threshold voltage, and produces an output
signal when the level of the input signal matches the



receive filters to control the received level of the signal. The first AGC
circuit 10 controls the analog 25 gain of the input signal of the AAD
converter. Wth reference jo Fig. 3, the output signal 14 of the A/D
converter &xépofgPp!ied to a power estimation circuit Ilpc®rodoomdiss AGCL 10
in order to estimate the signal |level _,gf the received signal 14 and
conpare it to a 30 predeterm ned signal |evel. The power estinmation circuit

110 i ncl udes) gyeidWF @heDEtkBadBtbr Qﬂhx@@nmatv@:gta . gihgnal 14 into a
square wave to be |npu i nt O‘BJZ‘? Y%%rat or e conparator 140 conpares
e

t he input sﬁ?ﬁﬁﬁr§ﬁ°Fh hrash ’r8FeF% %Eﬁaﬁﬁiﬂ? 29§y $B8conpar at or
t hreshol d vabd mm@ﬂdbpradmmmmmu&rcﬁingO whéahet he | evel of the

i nput si gnal t e | USO 355 el of the
conpar at or t'?ﬁr%i Qiea?i: gl f: %ﬁlépqé%lc%%ggaf'gh? rlge{e: T % \90I %Qangﬂl

ref erenBe voftqlgadjaanntbehmsadﬂ‘waadnadwtsathe)rrecﬁemenc'e 120. The

nodi fi cati og,%l_n%cd.gdtac&ggdﬂg 5t,or %&ﬂ%lghgﬁggcea Hetld |n] ot fromadjacent

channel s 12 apts t ef erenc ge accor gly. Additionally, a
det ecti on ofsatmahign éﬁ%%@ﬁt’eﬁ ﬁﬂ%ﬁe@bsthﬁ%tmret Hé&r an¥s any

saturation ighdf¥atAR $AN¥REIL/D %vérftéoan&er@ﬁ &, Feddl gt 0 the
nmodi fication circuit 120 in _order to adjust 10 the reference voltage in

order to el i§hgnale tonthesmedi bicaiionacigruihel 29 ginlorgisds tenr8igHt t he
Corrpfl_r 1130{ 480, réﬁ&leﬁ@bWb%%%glin (Sbgd'éb_etﬁoé\ﬂmﬁﬁdﬂer&?]ﬁr circui tf110 i's
supplie o iital 1o ilter ich remove e carrier-frequency
conponent s YiSh CSREF%'Fn e 511‘@“&&298?? %ﬂﬁmﬁ’}%&é’? Fﬁ@‘pﬁﬂ“é‘?’ﬁal

nodul ati ng fl"HI}UdTHBI estplit shenal gfaltheThewelr gedtalma twap cfirkcnét 150 recei ves
a configurajd rp%l&@ﬁ' £$°% &‘i‘&zfésnseito% t??l@%'iid %1 X'r@:ﬁg’vraga' n

configurati on fo mting non- eari Signal 162 of the
di gi tal | oopthe |qagrr1§50frgquency components and harmonlcs from the

15 signal, but passes the original modulating frequencies of
the signal. The digital loop filter 150 receives a
configuration signal 152 which sets the amplifier maximum
gain configuration for limiting non-linearities. The
output signal 162 of the digital loop filter 150 is

20 converted to a Pulse Width Modulated (PWM) signal 160
which is supplied to an RC filter 170 which produces a
signal 167 that controls the analog gain of the amplifier
of the A/D converter. Another output of the digital loop
filter provides a signal 155 for monitoring the gain

25 value of the digital loop filter. Since the power
estimation is estimated by the digital loop control, the
PWM signal that controls the analog gain generates very
stable control.

The second AGC circuit 20 is situated after the

30 receive filter 40, therefore only having to take into
account the received power of the QAM signal itself, and
adapts the internal amplification level to the correct
level before threshold decision. The second AGC circuit
20 compensates for the attenuation of the first AGC

35 circuit 10, which is caused by the presence of adjacent
channels, and also adapts the signal level exactly to the



20 converted to a Pul se Wdth Mdul ated (PW) signal 160 which is supplied
to an RC filter 170 which produces a signal 167 that controls the anal og-
gain of the anplifier of the A/D converter. Another output of the digital

| oop filwew/peods/i des a signal 155 for nonitoring the garcr/assoMesssie of the
digital loop filter. Since the power-i1jestimation is estimated by the
digital loop control, the PWMVsignal that controls the anal og gain

gener at es de¢$sianaﬁﬂneshoﬂdrmbvelheoﬁemnndmeﬁlghhauitwiahis situated after

the 30 r hepgf o Ve s vi ntpo account the
recei ved g%%fe%/&rééthtg{ﬁ%l ! {: %ﬁéﬁg SJ‘% ?5 ?ﬁs #Hf”el?%al
anpl|f|caII%#PYQRKHCMﬂ§UﬂﬁeléoﬁﬂEQlledéM%Hﬂbeﬁb@ataﬂreshbinldenlS|on The

second AGG L) Igtlithe %Q.c%eipﬁaéa&fﬁcﬁﬁ dgLe qthfeea&a&'tgm ﬂﬁlﬁﬁ lfst AGC 35

circuit 10, which s .caused g he presence of adjacent s and al so
adapt 3 t he?l§ GHINEIRIIES ERgcELgnel (it GHD i51 Ahemu SUPEHi efiobe 40855 - 11

deci si on tf&cﬁﬂvﬁ(fﬂhreﬁ SOQfeqhslilﬂﬂfmsyﬁﬂd dﬁ&&herreéébﬁéﬁf 4@ Fig. 4, the
out put si q@ of t he é recove C|r P?% % gplled to the digital
mul tiplier rzc_LLbI of 3h&*P 86ﬂ8 A?i?‘(:?‘rc i SP aFarEAe% plier 5 210
mul ti pl i esredvesiyyrelrewitti 50 is férérbam]pplnt@dat powbe comparatorf i | ter 40,
equal i zer and | C C S ai ned_above. The

out put of (#_:r car ;ﬁéO: 0%r gégvgﬁé%ﬁi ?%ﬁ télg(fﬁltt 12 Wﬁég*z 'f‘%a’éei)omer
conpdfat orthejquiiput zignel bRelzemorhe ABTrdiercrecogéryheihcebpares 10 the
output si gty 92 Jt0mst mcaaiﬁ@é r%%%eaﬁ' rlBBht £i YLD Spget of QAM
values. A digital loop filter |ters out error srgnals and

provi des af e Ot GInY eryasl SmltSo atqﬁ’epapg‘lsiars Aupeipl centrolo,

Addi t:j onal $ignala 22sgel t337d§2§ﬂt$JB i 1Mipda @ rf lzqm t hﬁddieié@éli;mp filter 15
in order to noni

he F 5 and 6,
t he afore?reﬁ‘i’tqncﬂ‘}egza F(?Et %l%?&é’f%h&% C%ED%? e tgp %1 ter an

15 in order to monitor the amount of gain.

With reference to Figs. 5 and 6, the
aforementioned Direct Digital Synthesizer (DDS) 30
- digitally tunes the signal 14 from the A/D converter 25
to be within the bandwidth of the receive filter 40 even

20 in the case of a large frequency offset of the'receiver
and provides more flexibility in the frequency values
used by the input signal. The Intermediate Frequency
(IF) to baseband signal conversion is accomplished by
using a combination of a first DDS 30 before the receive

25 filter 40 in order to digitally tune the signal within
the receive filter bandwidth, and a second DDS 545 within
the carrier recovéry circuit 50 to fine tune the signal
phase after the timing recovery 35 and equalizer 45
circuits.

30 Referring to Fig. 6, after the IF signal 12
passes through the A/D converter 25, the output digital
signal 14 of the A/D converter is supplied to a
multiplier 304 that is part of DDS1 30. The multiplier
304 converts the digital signal 14 into two parallel

35 components, I (inphase) and Q (quadrature) which form a
QAM symbol. These signal components proceed through the



digitally tunes the signal 14 fromthe A/D converter 25 to be within the
bandwi dth of the receive filter 40 even 20 in the case of a |large frequency
of fset of the receiver and,provides nore flexibility in the fre uency

val ues useWOWYI308% | nput slﬁgnal The Internediate FrequeRET/USPY4EISS; o
baseband signal conversion is acconpli~H#2ed by using a conbination of a
first DDS 30 before the receive 25 filter 40 in order to digitally tune the
si gnal wi t hi Recehee rEbldiare 40i | earabbirini 4f RndaRATEIEKARPYIEY 545 wit hin

t he carrier pepoNEty, Gdd GxplladledOabdVie. t WeFekRengi Bdaig pPIBsSanafter the
i mng recov

35 and equalizer 45 circuits. 30_Referrin 6,
after the | Fc§f¥§h%¥ gecoy %ié’séérf:ﬁ?%u% e uges Eoﬁ%%‘?‘f%r}cb%éfl%ﬁél gut put
dihgi tal si gdateaﬁsﬁﬁ%ghﬁr_?ﬁhﬁ a?avelrplﬂ{se offgppl detletb 85 mﬂxfauplru er 30|4
that is_part DD mul L] |er n |ta signal 14
into th:)3 par g?Fefe%%vecrolfﬁ?ortT‘g’ﬁt gaq gjs gﬁdgb %%n%tﬁ aS:ure) whi cﬁ form
a. QAM synbdiglﬂ'mbsmw gmrlcmbrrp@rmm sthe syebdlt de begtiarhe M@OEL19048
PCTI USOCO/ 40335 %cE,I k%? eéoregoq}éq] |dzg5g4§?%c&r1r Jdger recovery 50

circuits, as explalne ove errin carrier recovery
circuit 50 i hbrodes %FlfIr?é?qt}@ﬁényq!s@t fd@t dafoBRat 1R (AR henasgdphase

of fset detec},532a84usuithed thAk gf@?ﬁ% ihtheraetr & r&dfitlthet 0 be sent
to the di gltgl Ye é:ct%Jrcglt 20rand he dé'gnbol rdet ection ci rcwet 55. The

frequed®y of féé‘c:e?’efé%mgé&dé&hoﬁéwq osrléld‘alt RPGUEPR SR MO Vienttdef ace and
the informtpon eproberatead Therﬁ@@Bﬂﬁtltdﬁechnnelsérwwﬁy ashaorder to

[educe (e 10, LLT SIS SERLoRA o SR NS AL o2 NS e the DI
circuit 30 i frequetcy cvithCavaplébte adaemgnbyforthttonmeediveaccuracy before
e het o chHhdFTadd, TIpRRS S BIGESHRY ba8 B A flgnal 15 537
15 537 to the DDS2 circuit 545. Employing a dual DDS
structure to control the down conversion of the IF signal
to a baseband signal is advantageous in that the long
loop frequency down-conversion is optimal for frequency
recovery since it is done before the receive filter 40 in
20 order to maintain the maximum signal energy before
equalization and carrier frequency estimation, while the
short loop carrier phase recovery is optimal for phase
tracking, especially in case of phase noise on the
signal.
25 Referring to Fig. 6, the carrier recovery
frequency feedback signal 527 is supplied to an adder
circuit 306 within the DDS1 circuit 30. The adder
circuit 306 adds the frequency feedback signal 527 to the
configured IF frequency 27 and the resulting signal is
30 supplied to a phase accumulation circuit 305 which
accumulates frequency elements determined by the
frequency feedback signal 527. The signal is supplied to
a constant table 303 containing sinusoidal values which
synthesizes the signal. The synthesized signal 316 is
35 supplied back into the multiplier 304. Referring back to
Fig. 5, the second DDS2 circuit 545 operates in the same



structure to control the down conversion of the IF signal to a baseband
signal is advantageous in that the long |oop frequency down-conversion is
optimal for frequency recovery since it is done before the receive filter
40 in 20“&‘&@?"‘30 mai ntai n the naxi mum si gnal energy bePGTASOMARSE i zati on
and carrier frequency estimation, wiitBe the short |oop carrier phase
recovery is optimal for phase trackin esgecially I n, case of phase noise

on the ~sMGRREr S¥CRBECFRANLY osﬁ}%{esé,%eﬁh*é eaPPERAt rk@RAd y23% r equency
f eedback sifgtdle pREsesdetept icikduitas3sdderhecpicely SOFisEy hin t he DDS1
circuit 30. The adderv cir%tjt.%ggzagﬁﬁ t he fgeguenc f eedback signal 527
to the c&AFEGEFedSPRVEFETRMAEIRS, The RESH LT t?rﬁﬁlﬁiﬁﬁﬂ i s 30 supplied
to a phaseoatrodledt psailtlaiar t (VBID woi be uaeduand apesvidexjueency el enents

det ergni ne h : eqUEenS agk signal 7 “The sianal is supplied to
a congsnt an?’e?)aeg%eggﬁgs‘ggnf%lggn‘fér\é?glq’n&?ﬁ a?év?t?é‘g?évﬁi%rad q{si%nt hesi zes the
si gnal . Thesdghalephaeed noigeiloRB3tdhe sigBaduppl i ed back into the nmultiplier

304. Referring backgien Fiferencd t® $852N9, DBSR Eiffi tradnr rates in the
same WO 01119048 PCT/USC£74035§: -13 n%ﬁner except %ﬁguréﬁ synt hesi zes t he

out put si GiECUEE735opseRea phake lydade: copFinpeusiy adartif® el y digital
carrier rau@eepylatishnfibtes B5NaRA rebafpYOhyatite it QilghiQscill ator
Scoloy AR oPREseRoLPRE S RelReaSy et HhkSFRRERELGH R4 or ence o
Fig. 7, thsetiimtegpotatien yfundtricwist whichsese dgfidd rad efurmttiionuousl y
opposed 1§t ar b banpl S, IREeLPRL S B B OPY L S Tt on
f uncti ons interpodptidafused i thendiimdng secovery (¢imeyistard® ilsg Interval).,
the met hoge®inelNh8" ROF@LECILATH -t /1) (Hfind / FHLMPAGRYBRY Circuit 35 is
15 Interval). This allows the interpolatio# filtering to be
totally independent of the symbol rate in terms of
performance and coﬁplexity and provides a better
rejection of adjacént channels since the interpolator
rejects most of thé signal outside the bandwidth of the
20 received channel. { '
The objective of interpolation in modem
applications is to process digital sampiés x (kT,) 325
produced by an analog to digital converter -at rate 1/T,,
in order to generaﬁe "interpolants" y(kTi)-365 at rate
25 1/T,, with 1/T; multiple of the transmission baud rate
1/T. .
The following will describe interpolation with
a time-continuous filter. The mathematical model is
described with reference to Fig. 8. It includes a
30 fictitious digital to analog converter 802 which produces
analog impulses 814, followed by a time-continuous filter
h(t) 804, and a resampler 806 at time t = kT,. The output
interpolants 820 are represented by '

35 y(kT,) =Y x(mT) h(kT,~mT) (1)




defined as a function of t/Ti (tinme/lInterpolation 15 Interval). This all ows
the interpolation filtering to be totally independent of the synbol rate
in terms of performance and conplexity and provides a better rejection of
adj acent chwowrpi®sssi nce the interpolator rejects nost of PERESH4BISA]
outside the bandw dth of the 20 recertdd channel. The objective of
interpolation in nodem applications is to process digital sanples x(kT,)
325 produced by an aRelfegribg dragk 410 Fdavert ckhet¥essm®le/ T in order to
generate "i = YokT i t 4 oW Frdfldd pl e of
the transm gsﬁ%%}sr a%égi -glﬁeTfﬁ@'?'ﬁggfr%?I%yw?aﬁéﬁétmig:rﬁcg%%gr_%%ti nt er pol ati on
with a tinmeosehiliatasusssi |t Bhe mureriseddnfrREFohinkoscd11aE8Er | bed with
reference t 0358 Grfudels 6! ¥gsars It felachi tinesmTl.gi tRE fors&al og

converter 802 which produces anal og inmpulses 814, fol].owed by a

ti me- cofit i nudbtERF} I%‘g"r gsh??)”é%‘&t,al"fiﬂc?lg‘q‘? s&mpiRicldd \g%e )épat_: kTi. The
out put i nt ef pedsENipl BSADSBERE N ePr-L M} eladyodmryeldTahir frg x€me Tadt (kTT- n)
(1) WO 01119049 PCT/ USQQ) 40353 -14 Referging back FLg.. .7, thedesanple -
instants t =& PRTAPE- gel RS FELY ségﬂﬁi‘reélé%a% V2 gﬁn%?%?#g%lna]osci |l ator 358.
The nuneri cagignaiont,r shicbhdtbstihTarepreSédtpriiudemet wdnseghbes at each

time nl,. T I rst o] is an overflow signal ?, which indicates
that a resgfn%%% Ilsenssa?ﬂgﬁte ?ﬁgfi %% has occurred during the |ast T, period.

The set®nd signal 362 The pumeri¢alhy ewatrodigdapseill 368atsf Ti

represents thg gt < BGeal Beond ASi (nhesATBheeL BRI s cHd FaRsBUNTTi cal |y
controlled oscillator 358 i controlled by a signa m i,ch estimtes

S |~ W(,
the ratio 1T#/F: 130 Rractical RO 3RRicREiPrBAs, " ithyis deddivierefled by a
loop filter ¥p6 didogeFilyen PhasErBfdnObyeat pHREOIeor estimator or

timing error detector 354,
15 The mathematical description of this can be
written with formula:

nim)= [n{m-1)-W(m}] mod -1
{{m)= 1 if n(m-1)-W{m)<0 (2}
{(m)= 0 if n{m-1)-W(m) 20

20

Prior interpolation methods, which use a filter

h(t) normalized by the sampling period T,, introduce a T,
basepoint index and a T, fractional interval. In the

25 interpolation method used by the present invention,
formula (1) above is rewritten with h being a function of
a variable X+T;. This property of the function h allows
the timing and frequency response of the interpolation to
be invariant with respect to the interpolants rate, and

30 thus with respect to the baud rate. To achieve this,
first note that the sampling instants mT, can be written

as follows:



timng error detector 354. 15 The mat hematical description of this can be
witten with formula: r (m =[n(ml1) -Wm | nmod -1 (m =21if rl (m1):
-Wm <0 (2) (m =0if ri (m1)-Wm>-0 20 Prior interpolation methods,
whi ch usWOR1AME er  h(t) nornmalized by the sanpling per?‘gﬂvqﬂﬁf,‘“’ﬁ%troduce a
T, basepoint index and a T, fractiebdt interval. In the 25 interpolation.
nmet hod used by the present invention, fornula (1) above is rewitten with
h being a function of a vari®B=LTi-n(mMi% property of the function h
allows the timng and frequency response of the interpolation to be
invariant with respect to the interpolants rate, and 30 thus with respect
to the bawﬂefétﬁ(mir Olﬁcﬁh@\tﬁ:.ﬂébtsoutﬁhtsbf nené& ﬁ&tﬁtaddﬂemsaﬂplwg instants
mrl, can mﬁltten foll M? 013%9048 P /USOO/40 5 5 n8
=1nfi -n( %e‘? ‘i‘?r(fﬂ')"”ls (ehe 4 r 2ERCR F LRt Ad®enco and (1 m 1)
is ®he nuah*e,r OfIrﬂ:\t@Riﬁ.lbdmg (:he—niijegnmcmﬂez@aupn CtHa treeontiat s .
I nt roducin the |nt t _con aln aIl such that 1,=1,
? cans% 5\[ 3 én%nllu]?aol{lg Fahy Q‘fl

formula (1 ?‘lrf( =1+rj (M) Ti])
(3) .1 rrﬁwllQGSAssum ng that h(t) is afi nlte Iength i npul se response

over the interval [ I1T1, 'I2Ti , formula (3) is rearranged wth index ]

= k-1: 15 y(kT) _ a(kj) 9‘(3); j=rl wth: a (1T) X (rrB)(:?)[ (j+n

(m) Ti] X{mT) * h[ (k- 1+n(m))T]T
mIJ
10
Assuming that h(t) is a finite length impulse response
over the interval [I,T;, I,T;]}, formula (3) is rearranged
with index j = k-1: a
: I.
15 yUkT,) =j2 a, [ (k- T, (4)
=1'1
with:
a,(1T;) = ) x (mT,)*h[(j+n(m))T,]
mel, .
20

The latest formula shows that the interpolants are
computed by summing and delaying (I,+I,+1) terms a;(1T;),
where a;(1t;) is the accumulation over the time interval
[1-1)T,, 1T;] of the multiplication of input samples

25 x (mT,) by coefficients hi(j+n(m))T;].

| With reference to Fig. 9, aj is practically

implemented with a multiplicator—accumulator operator 908
which is reset when the overflow signal {{(m)=1. A
coefficient hi(j+n(m))T;] is delivered by a coefficient-




BOX, 20 The latest fornula shows that the interpolants are conputed by
summ ng and delaying (11+12+1) terns aj(IT.), where aj(lti) is the

accurrul ation over the tinme interval [1-1)Ti, 1Ti] of the nultiplication of
i nput sanpl ¥0 ¢BIYM8( niTs) by coefficients h [ (j+n (m) Ti]PCTAPWKOISES er ence
to Fig. 9, aj is practically inpl emermte with a nultiplicator-accunul at or
operator 908 which is reset when the overflow signal

coefficient FPEPWRREFFHiRLIqek FO° veFR By 1P HO &Y M cPéhPSV@‘mV‘iQIMS
PCT/ USOQ 403%he nﬂlﬁeﬁﬂ@@lﬂ;ﬁtdo@ltrbb.mﬁh QQ&Matﬂbzar(Ncopuplm (m being out put

by the nunerically cotrplle S [t is. noted that the
nul tiplier-accunul at or %F% g‘t‘ +' éﬁ%é‘(’i‘g&%’ﬂ' ﬁﬁcW‘l’éJt M sum of aj

is 5 conput edpah:ateeqtlefmqtib/nﬁy 1f0; and ahatathe i of = hJsgh nunber of
mul tiplicati t) r ces d i ng_ A d. This
al l ows the T|%8 gﬁ%#&%@l%&o%e?'gghgég a I%g%ger H'rrlgat?lrépollngg 32 &ﬁ ein
regards to T3umbed af rewkiigdsicetiqueacyumakaivicdishaire nﬁocmctls to sanpling
frequency. Fﬁhrﬁﬁ cLi g (F,L riea?gpﬁbd.h[ Jgja)dg, eble -pol ynom al function

a i

of rl over the |n erv & Bi (n) Pol ynomi al s of
degree 3 havén§é§ﬁ°1éﬁ%%é'r? fl’éf"eaapi%ﬁ%a in SearesPOnRR dike this is

of 15 reduceeeeaﬂfayt@élm 8AATA SdArovaitd rlelhlvficy BandgRtn Rer f or mances for
the i mpul se res } with only a fewintervals Ti (typically 4 to

A ﬂ-&rtlcﬁﬁgr‘p‘raﬁrmo? MRlHR9, SEEABAPSY s can al so be used to further
reduce the conputati ored prectlieslt yeashes, HYgde9TeEe ndyby and 20 nunber

Compt ed by FORTIPSIRG SieseBR PR, PUer (o visrdabnt® the Sdccrar © o
constraints b (§#R) Tilmpylsk. r sdomeomihls) of degree 3 have been
chosen for a practical implementation because this is of
15 reduced computation complexity and allows very good
performances for the impulse response h(t), with only a
few intervals T; (typically 4 to 8). A particular form of
the polynomials can also be used to further reduce the
computational complexity. Once the degree, form and
20 number (I,;+I,+1) of polynomials is chosen, the parameters
of the polynomials are computed by minimizing a cost
function that represents the spectral constraints on the
impulse response h{t).
It is also noted that the wariable 1n, used for
25 computing the coefficient h[(j+n{(m))T;), does not need any
additional computation and approximation, as is the case
for prior art T, - interpolation methods.
With reference to Fig. 10, the previously
described carrier recovery circuit 50 includes a phase
30 noise estimation circuit 506 and an additive noise
estimation circuit 507 which produces an estimation of
the residual phase noise and additive noise viewed by the
OAM demodulator. This estimation allows the user to
optimize the carrier loop bandwidth in order to reach the
35 best trade off between the phase noise and the additive
noise. The received QAM symbol 504 is supplied to a



It is also noted that the variable rj, used for 25 conmputing the
coefficient h[(j+r}(m)Ti], does not need any additional conputation and-
approximation, as is the case for prior art T3 - interpolation methods.
Wth ref fQHAB, Fi g. 10, the previously described caPETAISIV493S5very
circuit 50 includes a phase 30 noisk/estimation circuit 506 and an )
additive noise estimation circuit 507 which produces an estimation of the
resi dual P¥BRe! ptactdon sFdoerisioniklock &A8d bfhehsecabiedec@AMul at or .

This esti spiben sdzim/sgsat bem&e&nt p/oocasdfaﬁﬁt@%ewﬁ%hl 5 L9OPe bandwi dth in
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addi ti ve hor QAR/I% lesdgansnd5eri @Mt o a WO 01/ 19048
PCT/ US00/ d@isdl, -bhit &WIfféebattb@dfaﬁe ¢ inviiee.bl ek 80@bolThe recei ved

QAM ssynb&té&didé %O%%t Bhg! egég%scoor OL*’Q@?P%%F PEBF’QPES close in terns of

di st ance pOSSi rans ©di fferent because of
noi se. Theransmidgitesl @Mesyimbalbl by ks hdegi fex thet iménimak pr obabl e

transmtt M e HlQleenP e f nce between the
recei ved %%M sy r% ar? " éggl g%egi‘?%n@n% t%m@kﬁg%g’%ib??hr eshol d
symbol s) . #%Pﬁmﬁfstew ﬁuebeifﬁbbthwlmd Fymbpdsk . 508ndehEs M nes whi ch QAM

10 synbolwags tiHenRgfibolcdetdBLib® ) etween the
deciﬁe eO:A nbol 3__09 angtt hslre?;%%éél@%ssﬁﬁiéﬁmih% théﬁgsel%tgrm ned by
0

M
t he rgpsmitiednowins east yfeenaﬁaueﬁe (¥ESkrror signal 512

i s suppl i exiron tHetWeendehedddc (¥el SR WIyndRY B09eash ehetheceibadhase noise
506 and oi 7 mato he se_noi se est tion is based
on the gi}nﬁlﬁa)é"n ssq%(l?}arég 8??% %(’K/) he\/\/ﬁ‘gl e®UX9F dYet °‘% i ved point -
deci ded @Wllggnmllﬁ thei srtrand tlse IMsherderedignay 502 {AM symbol s havi ng

oo s RSB HLLe O0 i Lo B0 d¢ e oo prace
15 phase noise 506 and additive noise 507 estimators.

The phase noise estimation is based on the
least mean square error (dx+jdy), where dx+jdy =
(received point - decided QAM symbol). This error is
considered only for QAM symbols having the maximum and

20 same amplitude on I and Q (E|-+;jhh. The mean phase
noise is then given by E[dx*dyy=—hP E(ph?}, where E
represents the mean and ph is the residual phase noise.
The phase noise estimator result 518 does not depend on
the additive noise.

25 The additive noise estimation is based on the
same error signal 512 as in the phase noise estimation,
but the error in the case of noise estimation is based
only on QAM symbols having the minimum amplitude (kaFl)
on I and Q. The mean additive noise is given by

30 E[dx*sgn(I)*I+dy*sgn(Q)*Q)2] = E[n?], where n denotes the
complex additive noise. The additive noise estimator
result does not depend on the phase of the signal.

With reference to Fig. 11, the recovered bit
stream 57 from the aforementioned symbol detection

35 circuit is supplied to a Frame Synchronization Recovery
(FSR) circuit 61 within the Forward Error Correction




represents the nmean and ph is the residual phase noise. The phase noise
estimator result 518 does not depend on the additive noise. 25 The

addi tive noise estimation is based on the sane error signal 512 as in the
phase noi seW@a1%#& i on, but the error in the case of noi SETASY4Bi on i s
based only on QAM synbol s having the-&Bni num anplitude (la 1=1) on | and
Q The nmean additive noise is given by 30 E [dx*sgn (I) *I+dy*sgn (Q *Q
2] = E [n2] {FBfHedecndesnéfes ¥ FS@O@QP—’@W‘édGﬂ tqlwmmsgé threbaldi ti ve

noi se esti MedHeanl &%‘Ebt ﬁQ@Eété‘QSf dererdtes &Eetmaoiﬁ:#&ft henghgnal . Wth
reference to Fi e recovered bi stream 57 fromthe aforenentioned

symbol det ectil}%g’aﬁ(e&?r 8Pt STRP L RshitOd Foale Fraee sy fONPSATrz8¢i on Recovery
(FSR) ci rcuiwmﬁ:h Wafllﬁltﬁlhbea Feswet dafEIfrl‘engQDﬁwré ipdt Herns\\O£F0£hé 9048

PCT/ US0Q/ 40355 FEC d The F R t 61d the bit
streamPnto t°§'e faZ%Hggfl‘(r?’e"g tlﬁEQSﬁP Cﬁét?rmteﬁeggggggggsar ee |

supplied to @ MnPaﬂdﬁetho@hrﬂmﬂorﬁﬁtmm cbuomlaﬂ aynchxondeatioh

recogni zabl spaée{rq‘l ?{?, Ltt Elgdlgp{I rg%ﬁd% fﬁ&le%? Id)érl ar gg+ unber of

frames in o arn"a |on as synchroni zation
patterns, t qummpnenaodwmbwrtﬁwe aFE@IéthﬁbrErrm Ratienf ormation is

nput 0t ddviskleod 167 68" el I EBERTBAE 735 Ofnd B2 tDuRLBRR Uni t 70

The bit stream 10 packets then are supplied to the de-interleaver and FEC

decode}Ouni tPaskalisi thepr 8EacEPRHedvbectrs darintrrlnaverspgAaFES3 in the
manner descrddi@fiedbonet EHewEDEH Qﬁ:to@lﬁb%s €hé MBEC AR taUBALPAE tO a
counter 705 wi thin e | BER u 70 . and then tq.a second Error
Rate ostinattyoRed PR6inThaS SRS SECERE, PRYVBER TB& FREFEFEARIE 716 and
the second BifRoxsticdakee sapplikhd t@o at @oansett WS avithioc ehe ngalml t 710
whi ch compangs, (gt yg BER ARLPUS a sLBbRa%YE%ANY Hattlest Thotspt i on
15 716. The outputs of the first BER estimator unit 715 and
the second BER estimator unit 716 go to a software
processing unit 710 which compares the two BER outputs.
This gives additional information about the type of
noise, such as whether caused by a burst or by a
20 distribution error. For low bit error rates, such as
less than 1073, the second bit error rate estimator 716
will produce the more accurate value. For high BER, or
in the case of burst errors, the second BER estimator 716
is not precise since the correction capacity of the code
25 is exceeded. In this case, the first BER estimator 715
would be more precise.
The Dual Bit Error Rate Estimator circuit
allows it to be possible to evaluate the quality of a
transmission link even in case of a severely distorted or
30 noisy channel, which can help to identify the cause of
bad reception. In particular, the FEC decoder 65 gives a
very accurate information when the interleaver strength
provides sufficient error spreading to distribute errors
uniformly over the frame and below the correction
35 capability of the error correcting code, but very
inaccurate information in case of long burst errors.



noi se, such as whether caused by a burst or by a 20 distribution error. For
low bit error rates, such as less than 10-3, the second bit error rate -
estimator 716 wll produce the nore accurate value. For high BER, or in
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burst noi ecoder may show a relative low bit error rate
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-20 Cains 1. A quadrature anplitude nodul ation (QAM) type denodul ator
conprising: 5 a first automatic gain control (AGC) circuit outputting a
first signal, the first signal being a function of a second signal from an
anal og-t o- dw@ diaboas converter and being used to control an mOTVUES0e/40385 gai n of
an anplifier, the anplifier being el eciggcally coupled to 10 and supplyi ng
an input signal to the analog-to-digital converter, a baseband conversion
circuit electrically coupled to the Gredimsg-to-digital converter, a second
automatic gain control (AGC) circuit 5 including a digital multiplier,
the second AGC circuit being electrically coupled to the baseband
conversi on &krcli quagiatdinepaepl hude tnadul adiignal(QB¥hetyde rd signal  bei ng

derived fromyam&ihsiesdlconiphr@sihfttering and controlling an amount of gain
of the digital multiplier, 20 a feceive filter electrically coupled to the

digital 2nul tiplier, a %dimsér apbepdtely @ine sentpelndpefleimadly coupl ed
to the recei gatputtig antipsedecongn A frurdikstSso8ah1 B GlYy IS the QAM

si gnal afterffil erin the 25 fourth sjignal bein sqggliﬁq tqQ the second
ACC circuit, “UARE P [SeFepd s1 e i#‘%&? enpapadeerwididdaly coupled to

the carrier cenwverter G betingndséedcts \dongroleanf anslht Sorain 3¢ whereby a

fifth signal _on . Ut pu i . the synbal detectyon cirguit.is a
denodul at ed at%&gﬁ]{%%xe té:lhgngﬁ?ﬂrﬁesr P§1€eleg ﬁggcgﬁéﬁa#éblcé’é’é’ e %2 11111
1111 1101111and suppkying ap dhpwt | $ignall to tBeMVBhaldg-itid-kii gM®aldl/ 19048

a baseband conversion circuit electrically
coupled to the analog-to-digital converter,

a second automatic gain control (AGC) circuit

15 including a digital multiplier, the second AGC circuit
being electrically coupled to the baseband conversion
circuit and outputting a third signal, the third signal
being derived from a QAM signal after filtering and
controlling an amount of gain of the digital multiplier,

20 a receive filter electrically coupled to the
digital multiplier,

a carrier recovery circuit being electrically
coupled to the receive filter and producing a fourth
signal which is the OAM signal after filtering, the

25 fourth signal being supplied to the second AGC circuit,
and

a symbol detection circuit being electrically
coupled to the carrier recovery circuit and receiving the
fourth signal,

30 whereby a fifth signal on the output side of
the symbol detection circuit is a demodulated data output
signal.

msﬂil mﬁ“flmild R O O A




-21 2. A denodulator, as in claim1l, wherein the first AGC circuit further
includes: a power estimation circuit for estimating a signal level of the
second signal and conmparing the 5 signal |evel of the second signal with a
ref er encWOSAW4Y | evel, a detection of saturation counf@VUHOMPHH t he

power estimation ci rcwt for countiTéthe number of saturation of the :
second S|2nal and %ngstlng the level, 10 of the reference signal a digital

loop filter elfedsodRRForoupfeintolaifh puMhsredr the ponet i mation
circuit, ehcwitpuhatherdihctudesati on (PW) generator eIectricaIIy coupl ed
to an output of the ital o 15 filter [ genera the first signal
in a PW fornmat. % ﬁo&ﬁ}:éﬁgpo%smﬁtcu& fol%r Sﬁhﬁl?t R9t%e power
estinatioﬂi@ﬂalnhaV€éspﬁnﬁhessaqoaﬁt$Ignakuﬁyﬁ.@meHEInQOthecond si gnal

nc! 4ol nge AAE MyAN IS sdeola ITRUI Aidh A% elelrEhat L ?na\:ttere' n the

second A clirculrt 1ncludes a power conparator circurt electricall 25
coupl ed tde¥¢lr carrier recovery circuit for conmparing the fourth signa

recei ved fromthe GAlitREti8AOYE! ¥afuFfilidn clunlte® FEENSh ERLI MBI QAM
values. 30 5. A denodylator, as.in claim4, wherein the second AGC circuit

i ncl udes EP?EEM?§Q1W45ﬁ9nfFPFEPlElﬁﬁtr?QEﬁqﬁPg 588pP§HbF6 @fh output of the
power conpatwiatiot lofithe BecOndesDghdnidiid a@SustitbatAeliedelt her

i sin 35 tim recovery circuit electrically coupled between the
ggba ggaQQﬁsﬁ%ﬁ$ EpgguﬁngB receive a signal therefrom and the second
AGC circuit to prow ddgdtsilghabpbfifktenreldatixdicpdligt edupaegl ©s of the

recei ved g Al Yt Re TBbErSsEindBPRATRIR, 208 | 1 1 1T HE Ik 11
a pulse width modulation  (PWM) generator
electrically coupled to an output of the digital loop

15 filter for generating the first signal in a PWM format.

3. A demodulator, as in claim 2, wherein the power
estimation circuit estimates an entire range of the
20 second signal including adjacent channels.

4. A demodulator, as in claim 1, wherein the second AGC
circuit includes a power comparator circuit electrically
25 coupled to the carrier recovery circuit for comparing the
fourth signal received from the carrier recovery circuit

with a set of optimal QAM values.

30 5. A demodulator, ‘as in claim 4, wherein the second AGC
circuit includes a digital loop filter electrically
coupled to an output of the power comparator circuit.

6. A demodulator, as in claim 1, further comprising a
35 timing recovery circuit electrically coupled between the
baseband conversion circuit to receive a signal therefrom
and the second AGC circuit to provide a signal based on
interpolated samples of the received signal there%g;_;__ﬂ__ﬂ_________

gL
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Wc) 01/19048 PCT/USOQ 40335 -22 7. A denodul ator, as in claim1, further
conprising an equalizer electrically coupled between the receive filter
and the carrier recovery circuit. 5 8. A denodulator, as in claiml,

further conl¥Pi0MMe8 a forward error correction circuit el ®STUSIHMSS coupl ed
to the synbol detection circuit for r§2E|V|ng an output signal therefrom
said forward_error correction circuit grodUC|ng said fifth signal. 9. A

quadr at ur e dﬁpl|ﬂhdkﬂmﬁﬂ$}F§9Fona§(QQWFhﬁ%He s dEWBERG Rt BRI HEREsRAG: 15 an

anal og- t o- di girli#l 1 A @)le@:@ﬂ!@ﬁl?j? Gurled bebRbas Eh&Ciddeadlel ¥iteup! ed to
and receivin nal froma flrs% anplifier and outputting a
tro

éhg'flrSt g

second sign3pd the 9%5F1§ t HREPY X H AT XS | (AGC) circuit 20 being

el ectrically coupled to and receiving the second signal fromthe A/D
convertgr circuit and producing a third signal that is a function of the
second Signal, the third signal being used to control an anount of gain of
the first an!bl i f iferden@siudabasebasidinc @dedmsitonferthen tedmpinigingl actrical ly

coupl ed 10 ARGfACPIeH:BY E:Bfr%@&.{cﬂu igenir biost ﬂgaeﬁf MRt EL circuit

and producin rth h sig aseband si gnal ,
atimng rec rwacéieﬂieﬁﬁi-% eirquit; £gr| yeCQDV%%FﬁIE@UttDuﬁnd recei vi ng

the fourth siofall ahdrateell §8id Fdrvard akesal céﬂaécﬁl%nb@i%u%

i nterpolated sappl.es of | the fourth signal, a second AGC circuit including
a digi tq mre %qﬁ’saﬂﬁefégﬁknﬁfgﬂgé ‘circuit being electrically 35 coupl ed
to and receiving the fifth signal fromthe timng recovery circuit and
outputting a sixth signal, the sixth signal being derived froma QAM

signal after filtering,
o. A quadrature amplitude modulation (QAM) type

demodulator comprising:

15 an analog-to-digital (A/D) converter circuit
being electrically coupled to and receiving a first
signal from a first amplifier and outputting a second
signal,

a first automatic gain control (AGC) circuit

20 being electrically coupled to and receiving the second
signal from the A/D converter circuit and producing a
third signal that is a function of the second signal, the
third signal being used to control an amount of gain of
the first amplifier,

25 a baseband conversion circuit being
electrically coupled to and receiving the third signal
from the A/D converter circuit and producing a fourth
signal, the fourth signal being a baseband signal,

a timing recovery circuit being electrically

30 coupled to and receiving the fourth signal and producing
a fifth signal that is based on interpolated samples of
the fourth signal,

a second AGC circuit including a digital
multiplier, the second AGC circuit being electrically

35 coupled to and receiving the fifth signal from the timing
recovery circuit and outputting a sixth signal, the sixth
signal being derived from a QAM signal after filtering,

_—
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Thi s Sheet Has Been Replaced "L,"P CL MIIl~~~~li | WO 01/19048

PCTI U300/ 40355 -23 the sixth signal controlling an anount of gain of the’
digital multiplier, the digital-nmultiplier producing a _seventh signal,
recei ve WPIOU#04%eing el ectrically coupled to 5 and recBrRVSIFHR sevent h

si gnal fron1the digital multiplier filtering the seventh signal to
produce an I ghth signal, an equalizer bein electrlcalli coupled to and
recei ving ?%eSJéftdhtsrigéiad-n&PnFFBH%’h‘é ARy oft griRnAE ¥Beproducing a

ninth si gédditl @AITHiP] ilee;O¥heYdidi tal-tmilei iR ielrepirbdaalihy acoupl ed to and
receivi ng the nt h si gnal fromthe equalizer and producing a tenth signal
which is Qﬁﬁw after filtering, the tenth signal being supplied
15 to the second A@Cnacmawbtfimﬂerdbedngnﬂiﬂcttﬂnadﬂbonoupleduto whi ch

prodgces %%%/%2% nrhggse 'sev@nPﬁ"‘@I%rE%rgf}ro% q:rhechr %Eltg_lWI thin the second

AGC circuit ctrica eceiving the tenth
si gnal fr@#ﬂt#ﬂ#kﬁﬁrﬁnﬁ'fﬁé@GVéng e cseanth ﬂﬂﬂ@aéoﬁerpegﬁ?@Faﬁwr circuit
conpari ngei el edidhalsi gnal with a set of optimum QAM val ues, and a forward

error correction circuit being _electrjcally cqupled to and receiving the
el eventh signal frdmadeligRboPeiR? 18T iGaldy: codpdepr BauRRAg a twel fth

25 si gnal reaéivaly ﬂﬂeeel\gmtht Bighg@hafrém thelamedikat gdidataan@ut put signal .

@ denqgﬂ&ator as N a|n1 wherein the first AGC circuit further
|ncﬂ des:P PFBﬁ Lircuit for estimting a signal |evel of
t he second S|gnal andmmaﬁparragoVéey circuit being electrically

coupled to and receiving the ninth signal from the
equalizer and producing a tenth signal which is the QAM
signal after filtering, the tenth signal'being supplied
15 to the second AGC circuit and to a symbol detection
circuit which produces an eleventh signal,
a power comparator circuit within the second
AGC circuit and being electrically coupled to and
receiving the tenth signal from the carrier recovery
20 circuit, the power comparator circuit comparing the tenth
signal with a set of optimum QAM values, and
a forward error correction circuit being
electrically coupled to and receiving the eleventh signal
from the symbol detection circuit and producing a twelfth
25 signal, whereby the twelfth signal is a demodulated data
output signal.

10. A demodulator, as in claim 9, wherein the first AGC
circuit further includes:

30 a power estimation circuit for estimating a
signal level of the second signal and comparing the
signal level of the second signal with a reference signal
level,

a digital loop filter electrically coupled to

35 the output of the power estimation circuit, and

a pulse width modulation (PWM) generator
electrically coupled to the ocutput of the digital loop
filter for generating the third signal in a PWM format.
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signal level of the second signal with a reference signal level, a digital
| cgop filter electrically coupled to 35 the output of the power estimation
circuit, and a pulse width nodul ation (PW) generator electrically coupled
to the out PO OYIMN4he digital loop filter for generating POBUSINISSSI gnal
in a PWMformat. This Sheet Has Been Reglaced 11~~1111 11111 11111 11111
[r 1 *>cLbas e rerrt~ 1 rer il W 01/19048

PCTI USQQ 403b5. -BR4lempdulaigrpdas atrorcladam iR, cwheérne i), thehgosiem t he power

estimation chieihdt R idT#astABsLMdTes AN g.signal, the
entire range of the secqnd, si gnsé i ncl u%‘ gfl?lt%eace %é%%nel s. 5 12. A

denodul at or , $8E°%% %H%%'chﬁ,h%?@r#ﬁ P& gee @ |§be $ecand sijgnedrs out

adj acent cha,fm@hmjrxfg)@dglaeeﬁevgmﬁhelsg,gnal 10 13. A denodulator, as in

cl ai m95 wherein the data output signal is in a MPE&R transport stream
format.~ 15 14. A denodul ator, as in claim9, wherein the first AGC
circuit includes a detection of saturation counter for detecting
saturation ijynth verter_ciJcuit 15, A dempdul ator, as in claim
10, wherein :P%e 3%\%%%@2?%%1 ih & R Sch}iﬁ%I’é%”é &ECrINCof
saturation £olerfiltersoontiadjadentnehibenedf frdmirtdid aevehthhe second
signal and a%i'él}gli’ng the level of the reference 25 signal. This Sleet s
Been ngl ace 1 1111ff 1121111112111 N

13. A demodulator, as in claim 9, wherein the data
output signal is in a MPEG2 transport stream format.

15
14. A demodulator, as in claim 9, wherein the first AGC
circuit includes a detection of saturation counter for
detecting saturation in the A/D converter circuit.

20

15. A demodulator, as in claim 10, wherein the power

estimation circuit includes a detection of saturation

counter for counting the number of saturation of the

second signal and adjusting the level of the reference
25 signal.
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