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SYNTHESI S I N A QAM DEMODULATOR 5 TECHNI CAL FI ELD The tion
reldtes to a quadrature anplitude nodulation (QAM ty wmwm “Wr for
denodu- lating signals nodulated in accordance with the

BACKGROUND ART Quadrature anplitude modul ation (QAM is-an ™ 1'HE eemeeh—ate
frequencwd éFpsgredul ati on scheme in which a QAM signal BE0H#WEed by

anpl i tude nodul ating two base 15 band si gnal S, generated i ndependently of
each other, with tw quadrature carri ers respectlvely, and addi ng the
-resulting signals. The QAM nodul ation is used to nmodu- late a digital
information into a convenient frequeiReriphasd. This nmay be to match the
spectral band occupied by 20 a signal to the passband of a transm ssion
line, to allow frequency division nultiplexing of signals, or to enable
signals to be radi afBEChyDSGEIARISARERHISES INQAMRANS DEMORULATOPt ed by t he
Digital Video Broadcasting (DVB) and Digi- tal Audio Visual Council (DAVIC
and the Multinmedia Cable 25 Network System (MCNS) standardi zati on bodi es
for theStransPEEEICAL GTIREYi tal TV signals over Coaxial, Hybrid Fiber

Coaxi al (HFC), and M oy MH i1mRREE: BhSkEl Btlest £ONa Wiied:eas1:8y St ens
(MHOS) TV networks. The M nmodul at.i on schege eéiits-vm' h _a yari - 30 able
nunber of | e¥@PLiiude ﬂ?d@?t‘é’f P28 swpe 8F5OUUIBLAT LT CHBIOVI de 2, 4,

5, 6, 7, 8, Batinng dlyndtd trcilHredThnsaotbedsnap wbthbomt F2IMit/s

( QAM 256) cybr_an Anerican 6 MHz CATV channel, and. 56 Mit/s over an 8
Lvl hz European E(‘EA?I'V channel . This represents the 35 equi val ent of 10 PAT,
or SFCAMI TV channels transmtted

BACKGROUND ART
Quadrature amplitude modulation (QAM) is an
intermediate frequency {IF) modulation scheme in which a
QAM signal is produced by amplitude modulating two base-
15 band signals, generated independently of each other, with
two quadrature carriers, respectively, and adding the
reculting signals. The QAM modulation is used to modu-
late a digital information into a convenient frequency
band. Thiszs may be to match the spectral band occupied by
20 a signal to the passband of a transmission line, to allow
frequency diviscion multiplexing of signals, or to enable
signals to be radiated by smaller antennas. QAM has been
adopted by the Digital Vidco Broadcasting (DVB) and Digi-
tal Audio Visual Council (DAVIC) and the Multimedia Cable
25 Network System (MCNS) standardization bodies for the
transmission of digital TV signals over Coaxial, Hybrid
Fiber Coaxial (HFC), and Microwave Multi-port Distribu-
tion Wireless Systems (MMDS) TV networks.
The OAM modulation scheme exists with a vari-
30 able 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
an 8 MHz European CATV channel. ‘'his represents the

35 equivalent of 10 PAT, or SECAM TV channels transmitted
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-2 over the equival ent bandwi dth of a single analog TV pro- gram and
approximately 2 to 3 High Definition Tel evision (HDTV) prograns. Audi o and
video streans are digitally encoded and napped into MPEQ transport stream
packets, 5 consisting of 188 bytes. The bit streamis deconposed into n
_bits pac®O ®{1837¢ach packet is napped into a QAM synbol PEEJSeE®ASed by two
conponents | and Q (e.g., n=4 bits are,mapped into one 16- QAM synbol, n=8
bits are nmapped into one 256 10 QAM synbol). The I and Q conponents are
-filtered and nodul ated using a sine and a cosine wave (carrier) lead- ing

to a uni queoRadi enkr egueRsYett RMpas@eCddnins Heihgaed an@1egMpongpbs are
usual ly represented.as_a consteliah%oii whi ¢h rgprezents tEe Eossible
discrete vaPagl-t 8REnBUET* B FRLY §€’é%&“dﬁh&? tir& 080 i RYLEECD The
transnitted (HSrynapregtamss ghweio ynd Sidgo stcesmE2atkotiigialhy(2rrfot)
20 where 10chRolile GRB! BLoHLEMIENOIed NEopRlAN By cbnB B gOMPONENt S

are usual ly tered waveforms using rai sed GoSine tering at the
transmit t er CARE1EhéBeedi &% . LYTP¥s, the resulting RF spectrumis centered

around f, o0 and has arhangit difr&dm R({ ®Bconifieiedl Rnits hheisxnbalkkirans 25
m ssion rate_and % Lﬁ_thg_[glliofj fgftpr of the [ai%e cosine filter. The
symbol tran§htssi SACFaPRCTE 1Rt PRIFCY (HEY Pl §¥10R b EPFEPER 8 nce n
bits are nappedwbocomponé&dd syndod @er(d.ige w4t blkB ake fegpedto recover

the baseband.sionals,brom: 30nbe mbduhated carlgre 2 demodylator is used
at the re- ceivi ng en t ransm ssion |Ine. He.recel ver mnmus control
the gdidn of ChMesymbal) anpFh¢i Brandal suwwingedst hee §iilgnred, andcover- the
;xérrb_ol flreq%etagya%dtheiﬁggaaéin@@hd recQehd heveantkerikreayengy of the
SI ghal . er
9 ing to a unique Radio Frecuency (RF) spectrum. The I and
Q components are usually represented as a constella;iun
which represents the possible discrete values taken over
15 in-phase and quadrature coordinates. The transmitled

signal s(t)} is given by:
s(t)=Icos(2nfbt}-Qsin(2nfbt),

20 where f, is the center frequency of the RF signal. I and
@ components arc usuvually filtered waveforms using raised
cosine filtering at the transmitter and the receiver.
Thug, the resulting RF spectrum is centered around £, and
has a bandwidth of R(l+ai, where R is the symbol trans-

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

In order to recover the baseband signaleg from

30 the modulated carrier, a demodulator is used at the re-
ceiving 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 signal. After

35 these main functions, a point is received in the I/Q



35 these main functions, a point is received gin the 1/Q WD 02/103976

PCT/ U501/ 40095 -3 constellation which is the sumof the transmtted QAM
synbol and noi se that was added over the transm ssion. The receiver Lhen
carries ouL a threshold decision based on lines situated at half the

di stance between QAM sym 5 bols in order to decide on the nost probable
_sent QAMwosoznibml’e From this synbol, the bits are unmapp@ETESPHEYY he sane
mapping as in the nodulator. Usually, the hills then go through a forward
error decoder which corrects possible érroneous decisions on the actual
-transmtted 10 QAM synbol. The forward error decoder usually contains a

de-interl eav&s, OB d Qe v&lﬁcﬁwpl%pltﬂéds@mt o€r EReStthadémi coed dsave happened
in bursts and vvoul d have ot herw se égegeen rmégedlffl uié to correct. As
e

c
noted above,SYEPqL Rt SWSHS Yot WRE 5°¢&f v FEEOVEr The sanpling

frequency ofridersignale @nh tcmr:re@eveutt helbaeshetd f degeiey fseche RF

signal. Often n 1Ok, At hg ﬁbgrbgeﬁg&@ M;_[I Jecovered
after the recel%len? lt&g% Iha%f th% lg'%a tent No. 19 to Bhatt

descri bes a keatsiser <P1efé@v 20 Geﬁrwdewﬂleﬁilienélpaﬁl ﬁ@oﬁa?]r?res?r‘ﬁr t@ﬁf exed

processor fog, meoIPensadh NthfOrsyvRiAr,r ke b&equaﬂeyuﬁﬁéﬁﬁéd J&@@arri er
recovery systemis used in a televi |on 31 ggc)Frec ive e . 619

patent, a di FetSUPYi TAPPRHATfedr & sigl YL

n the car recovery
circuit and tSeh 0gat eiraliigiera afozﬁrdmuépm ﬁlelcbderuwhic}andoard!@w; pass

filter unit._The. ]Ffl rect di %agecgy t%gsrozlerthgegggugﬁcgrgﬁglgy@tg&y control

to an input BPgRar processor 1ocated before an anal og-fo- digital
conver &bon c@Miustdeh cafré efonwentsy ey oFy sespgerngfuat by neen it 2 30

digital, a vg lflg‘éefﬂ«\@é%}é’i'v@{’o@%dl@tl%f cQaVGQ)celaa eaeeérraickytmeeﬂur red.
Havrngapure ital_carrier recovery elimn ed for the VCO

and provi desc‘au%@t are happered rige RESFS BoeVer: d‘tﬁ@"ﬁu?éﬁ?”d’r%‘?tal

.carrier have been more difficult to correct.

As noted above, it is necessary for the re-

15 ceiver to recover the sampling frequency of the signal
and to recover the carrier frequency of the RF signal.
Ooften times in the prior art, the carrier frequency is
recovered after the receive filter. For example, U.S.
Patent No. 5,315,619 to Bhatt describes a carrier recov-

20 ery system including a time multiplexed processor for
compensating for a carricr frequency offsct. The carricr
recovery system is used in a television signal receiver.
In the '619 patent, a direct digital synthesizer is used
in the carrier recovery circuit and is located after a

25 bandpass filter unit and a low pass filtexr unit. The
direct digital synthesizer sends back freguency control
to an input signal processor located before an analog-to-
digital conversion circuit.’

In carrier recovery systems that are not purely

30 digital, a voltage controlled oscillator (VCO) is gener-
ally regquired. Having a purely digitel carrier recovery
eliminates the need for the VCO and provides a better
carrier recovery. However, the purely digital carrier
recovery systems of the prior art generally recover the

35 signal frequency after the receive filter. One disadvan-



recovery systens of the prior art generally recover the 35 signal fr
after the receive filter. One disadvan WO 02/103976 PCT/ US01/ 40095
that results froma systemthat recovers the signal frequency after
filtering is that the signal has lost its nmaximumenergy |evel after
filterin
.present

conver si on

%w%resulting ina lower signal gain. 5it is an object of t
VHR @410

PYA to provide a QAM denodul ator havi ng PaTASSbVS
circuit that has a purely digital carrier recovery pro-

thus elimnating the need for a voltage controlled oscillator. 10 |
- further object of the invention to provide a QAM denodul ator in whi
correct signeige frleguenssuits reoayer egsheforRatheetoeeiyectd |dQnain or der

[ equency ostTIBITAT Lo ) HARPLAROTE. FROENTIENF 190" LotV 1o ats
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he
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have

been achi evetPBYyH (RIERIEIY i afpeirt ddétaodubat resul€AM iwpee denodul at or

having- a paidwet sidgect gigital synthesizer (DDS) circuits. The
DDS cirguit
nd digitally tines e PIeGhaPEWFRRi AT EREE ebTSALHqT ther  bandwi dt h.

filter
The second BBSricle cUIGAM SlamdduilatarCRELiRG LEBAYEHINEI Fiidrdieeat ed after
the receive {ilder. and ves to fine_tun he 25.signal phase. The purely
digital (L G ngghytﬁégbggieﬁﬁﬁrb?r STt Hge P&t r ol | ed

oscil | at or
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20 first

is located in a baseband conversion circuit before a receive

S

{afED) ,thuls mliatiineg inge theedeédr far VCG-¢ Dedipe used.rodneéd aso
provi des a heidieriLadsier recovery in terns of accu racy and the residual
phase f@

frequen
mai nt ai rpzdvel dwrxd MAN SiegRak18BeEgYn RRdch Stitd S OREd TRl gnal

ise of the signal,. The 30 dual DDS structure is optimal for
imce i THEthEReOBPEF eOf heh¢ clarans ifan [tcter in or der

frequency is recovered before the receive filter in order
to maintain the maximum signal energy before equalization

and carrier frequency estimation.

SUMMARY OF THE INVENTION

The above objects have been achieved by a quad-
rature amplitude modulation {(QAM) type demcdulator having
a pair of direct digital synthesizer (DDS) circuits. The
first DDS circuit is located in a baseband conversion
circuit before a receive filter and digitally tunes the
signal within the receive filter bandwidth. The second
DDS circuit is within a carrier recovery circuit located
after the receive filter and serves to fine tune the
signal phase. The purely digital carrier recovery emu-
lates the presence of a voltage controlled oscillator
(VCO) , eliminating the need for a VCO to be used, and
also provides a better carrier recovery in terms of accu-
racy and the residual phase noise of the signal. The
dual DDS structure is optimal for trequency recovery,
since it is done before the receive filter in order to
maintain the maximum signal energy, and is also optimal
for phase recovery, since the short leoop carrier provides
for better phase tracking, especially in the case of

phase noise on the signal.



for phase recovery, since the short loop carrier provides for better phase
tracking, especially in the case of 35 phase noise on the signal. WO
02/10397& PCT/ U501/ 10095 -5 BRI EF DESCRI PTION OF THE DRAWNGS Fig. 1 is a
bl ock diagramof a Network inter- face Unit in which the denodul ator of the
present inven- t.inn may be used. 5 Fig. 2 is a block diagramof the
_denodul aMsr02p397¢ he present invention. Fig. 3 is a bl ockcaitsgt/smesof the
first AGC unit of the denodul ator, shown in Fig. 2. Fig. 4 is a block

di agram of the second AGC 1.0 unit of “Phe denodul ator shown in Fi g. 2.
-Fig. 5is a block diagramof a section of the denodulator shown in Fig. 2.

Fig. 6 is agplaek pdicegnasrely bherhrssiwidetal Synthesizer of the
denodul at or shown in Fig. I is a block di aeg:ir am of the digital

2. 15 Fig. 7
tining recovery circdi-€-of tlﬁeadléﬂ‘b‘alﬁl%"c%r%%ai NEWerko InEEg- 8 i s a
bl ock di agr &mcef Unigender ahb yhk Bhvndendder fodatd OnHddHesdnitdindehs a bl ock
di agr am of noi nteg/p | at i og 20 nodel used in the digital timng recovery
circuit of Firg™ ™7 Ffg"%E6-is a bl ock diagram of a phase noise and
addi ti ve noi se estiwaFag. dséd anbldwek syidyotandeifecthd demociulattor: of t he
denodul at or 8% Fh@sed+ 4pvERh9iodl 1S a block diagramof the Dual Bit Error
Rate estimator used in. the _denodul ator of Fig. 2. BEST MODE FOR CARRYI NG
OUT THE | NVENTI ON W t K+Pef ér éfic® PHo®f Piagrameipitaddiddt &66r undb 99 of

the present dfn¢det demodtbéokyphemh | ¥n beigiserd. as  part of a Network
e ace It o2 angibet 1otk LNEfLa "RCR 'o PRl S1EnedeRe the
10 unit of the demodulator shown in Fig. 2.
Fig. 5 ig a block diagram of a section of the
demodulator shown in Fig. 2.
Fig. 6 is a block diagram of the Direct Digital
Synthesizer of the demodulator shown in Fig. 2.
15 Fig. 7 is a block diagram of the digital timing
recovery circuit of the demodulater shown in Fig. 2.
Fig. 8 is a block diagram of a generally known
interpolation model.
Fig. 9 is a block diagram of an interpolation
20 model used in the digital timing recovery circuit of Fig.
7.
Fig. 10 is a block diagram of a phase noise and
additive noise estimator used la Lhe symboul detection
circuit of the demodulator of Fig. 2.
25 Fig. 11 ls a block diagram of the Dual Bit

Error Rate estimator used in the demodulator of Fig. 2.

BEST MODE FOR CARRYING OUT THE INVENTION
With reference to Fig. 1, the QAM demodulator
30 99 of the present invention would typically be used as
part of a Network Interface Unit 92. The Network Intexr-
face Unit 92 is defined as the interface block between a
gignal 95 received from a Cable Network and the input
signal 93 of a demultiplexer. The signal 95 from the

35 cable metwork is input into a tuner 96. The tuner ac-



signal 95 received froma Cable Network and the Input signal 93 of a
denul ti pl exer. The signal 95 fromthe 35 cable network is input into a
tunér 96. The tuner ac WO 02/103976 PCT/US01/40095 -G cepts frequencies
in the range of 47 MHz to 862 Mz at its input. and down converts the
sel ected frecluency to an internediate frequency (IF). This IF frequency
_depends Y&H2UIA¥7¢hannel bandwi dth as related to the geo@CAsNL40894 ocat i on.
For exanple, NTSC, USA and JAPAN have a_6 tHz channe]. with TF around 44
M—Iz, whi | e PAL/ SECAM and EUROPE have afi"8 MHz channel with I F around 36
"MHz. The output of the tuner is input. to a surface acoustic wave (SAW

filter 97, thptlsF fiee@uercksbehngneatdhgd Gt hey Wfﬂcl gy @ capter
frequency. The o%%gut of, the SAWflIter 97 is F ied to an anpllfler 98,

which is usédSt 6"ESpERSa e ™y BPIYPEESARY (92 ERPSFeSSY 8Ad2Rhen t he

output of tinéeamekiibicer £98qiensyppired tThihearrAMdlpRdy akgendd. The
amplifier 9%c§§11a|(.§;1 e ple gaiyn .controlled 15 by an Automatic
o BB SN R NLRR 5 ST SO Sl

Gain control signal 94 of deno b“possi bl e for
t he QAM dend@GP&L6R -99Foroesamnied NTSCVrarUS@usami [FPAHI driatval at 6aMBzi ssi on

syst ens usbngn@awl of +QPPK depbdal &1 ihan, mheaspmg%%m ks, E“% ess

| ocal Ioopsh i g éworks 20 Refeerrin \

denodul at or §§eofan hgﬁﬁrg BREST ¥t i 1gh a}lﬁ%ﬂ?de"é Mﬁanaﬂ‘é@ eBteigi t al

(A/'D) convert ehe2Gunhichsr eﬁﬁhveisot&%dxl:fald&puicfﬁlﬂﬂ@ wlz%e TB.QW) A D
converter 2% I t I s roduc ectrum
around the ge%?grg ??qugﬁcy Fg“g&?u?rhcg ekile‘f% et tfzt %ufbg'felél gnal 14
of thetlA/ D E68RGERt éFegsenty . suPpt | @tiny: @hadehsrd cfomztenrss‘a)nlel rcuit that
- cludes guppnech BhOhhabnSyNENSSIger AN & dgld ACQouaLL Lhe | F

signal to a baseg signal. The output signa converter 25
is al so suppPFel™o°fHe Bét?ﬂ%'ft‘?iﬂ’taotﬁé’ﬂ c a4} irhepnth6l cerpeti of (AGCL) 10

-for con- trohki agpihéianabegigaswomifiidded rpwet o2ivgaaehodd18fot heg .
The amplifier 98 can also have a variable gain controlled

15 by an Automatic Gain Control signal 94 of the QAM demodu-
lator 99. It is also possible for the QAM demodulator 99
to be used in various other digital transmission systems
using QOAM or QPSK demodulation, such as radio links,
wireless local loops, or in-home networks.

20 Referring to Fig. 2, the QAM demodulator 99 of
Lhe present invention includes an analog-to-digital (A/D)
converter 25 which receives the IF input signal 12. The
A/D converter 25 samples the IF signal 12 and produces a
digital spectrum arcund the center frequency F, of the IF

25 signal 12. The output signal 14 of the A/D convertler 25
is supplied to a baseband conversion circuit that in-
cludes a Direct Digital Synthesizer 30 in order to con-
vert the IF signal to a baseband signal. The output
gignal 14 of the A/D converter 25 is also supplied to the

30 first Automatic Gain Control circuit (AGC1) 10 for con-
trolling the analog gain of the input signal 12 of the
A/D converter 25,

After the signal has been converted to a base-
band signal having signal components I {inphase) and Q
35 (quadraturc), the bascband signal is supplied to a timing



Al D converter 25. After the signal has been converted to a base- band

si gnal having signal conponents | (inphase) and Q 35 (quadraturc), the
baseband signal is supplied to a timng WO 02/103976 PCT/US01/ 40095 -7
recovery circuit 35 which is used to synchronize the timng of the
denodul ator circuit to the synbols of the incomng signals. The timng
_recover yYWA®EMH%¢ 35 uses a continuously variable inter BERASPGHIS | ter for
sanpling 5 the input signal which allows_the circuit to recover a very

| arge range of synbol rates, as will be further explained below The
-signal is then supplied to a digi- tal nultiplier 210 which is part of a
second AutormstdqyexGaidir@mrﬂtr a5 WAGCR) iei usedt t20syrddienonife gignal goes 10

t hrough a Re@lq.{‘ e L8l % r&glltargggoggr% L!,eqal {ger@.nen%he A circuit

20|sad|g|ta circui & fine ad e signal
| evel at thelfuding eiamls- anihe ThEigs gFeadveace %W@EH‘E 20 vsrdsy at akes

into ac- cowﬁnﬁlhﬁloﬁsg@alvdﬂl%llfe ﬁt@@ﬁo@@t?&@nfl%@ﬁn@éﬁ s the been
fil tere? out the recei ve l.ter 40, and thus. conpensates digitally for

the anafog AGY Tt ongl W‘i’ll(?ﬁ RAYOTSVEDT eTRESH: § He i TRRAVSFoRer due to
adj acent chamellssrgEherangeeiofe simbber rdfes s @ Sl doe roOttHed sed cosi ne

type which supporitsod diopf.f E@lgtggangio O %n Spf]&eoeéSQ:OM|dch .accepts

the timng recovery circuit output S|gn S an out - ot band
rej ection hitHemtlid®lisezdBl0Thing chi gﬁlmlctanf@f rej setdnwh Avipmedses t he back

of f margin @fid hedlelowriickatechaca:bngd. aophast asl acels: Quanel s. The

equal i (er 45 cogpq%nsat es for different 25.inpairments encountered on the
net work? sucH% FeKSFEF Vea kit EIA0 f"f‘%ﬁu"e*h%‘?  FhEBFriEfreddy
res ponse Tvithee agal2i zdr-csiitURDUERS acabgbeas ei@@tchi@rb&y&rﬁs’ﬂfo%s

Dect 1 on | sfliacle WAl AGKac! a8 eygenicly AR FoSLl 1 T, o b UYL sional s
.recover input. The digital AGC circuit 20 only takes into ac-
count the signal itself, since adjacent channels have
15 been filtered out by the reccive filter 40, and thus
compensates digitally for the analog AGCl circuit 10
which may have reducecd the input powecr due to adjacent
channels. The receive filter 40 is a squared root raised
cosine type which supporte roll-off factors from 0.11 to
20 0.30, which accepts the timing recovery circuit output
signal and ensures an out-of-band rejection higher than
438dB. This significant rejection increases the back off
margin of the Network Interface Unit against adjacent
channels. The equalizer 4% compensates for different
25 impairments encountered on the network, such as undesired
amplitude-frequency or phase-frequency response. Two
equalizer structures can be selected, Transversal or
Decision feedback with selectable central tap position.
The output signals of the equalizer 45 are
30 supplied to the carrier recovery circuit 50 to recover
the carrier signal. The carrier recovery circuit 50
ailows 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 inter-

35 face. This information can be used to readjust the tunex



the carrier signal. The carrier recovery c.i.rcui t 50 allows the
acquisition and tracking of a frequency offset as high as 12 percent of

t he synbol rate. The.frequency offset recovered can be nonitored through a
12C inter 35 face. This information can be used to readjust the tuner WO
02/ 103976 PCT/ USOL/ 40095 or the denodul ator frequency in order to reduce
.the fil -WPdRMEg7degr adati on of the signal, which hel ps POIURIrOWE the bit
error raLe. The ouLput signal 52 of th§8§arrier recovery circuit 50 is
supplied to a synbol decision 5 circuit ™55 and is al so supplied Lo a Power

- Conparator Circuit 230 and Digital Loop Filter 220 within the digi- tal
AGC2 ci rcui tor2@1e0 qeivoviade tdrgai8qtenty oln Sbana t&&emet heemghtipl ier

210. Wthlnthes I, Si.on_Cj cuit 55, .t,h is supplied to a
symbol t hr esH61 g%&(gﬁgégbfm ?ﬁeh{‘?oshgrb‘-i‘]f‘fé'f}blﬁ?i? écd:d’elmp RYSfinal |y
to a DVE3 aﬂldDMItCedEUHBppEE whrcé qmnq_ﬁinnc&ggzm sec afended katriskr eam 57
sent to the Eqr) g. EEEQ{ugOFBe%'QQ% dg'?doot t%gs@ab'me QUL RUL 57 of the

synbol deci si on CI Fcuit 1s a rrpar PAtor Circuit
230. 1% The SR&CHard SBr PBE &Br péeei %WQ]—‘-E@} &t rec Raweg0 Cofipegetper f orns a

frame synchigriczatd aB06ananpWhi €81t heop biri1 sy €2 ke Hecompesad kbt o

packets of s at the._  _output. ackets are then supplied to a
de- intorl eéverlg%ér%rg ReEGUShI 8th°(‘?2§)?v‘b"2"é(fgé4“16‘5 CE s ﬁﬁgngg packets are

de-interl eavxed thwedmuhehpaieor 220t i ONitisiperthe foamited Myectike cRScélecoder of a
TR T OF | Buskt 963 LYt EknaReL e PAGKS]sd 1%, B0 JRERALI LR PLOVI des of her

informa- tion re g € uncorrec ets the position of the
correctded byEESc ﬁ’rt' hé pRcket a ‘fiiffﬁié@%tﬂeﬁ]e Gappders Rpd cfepiﬁﬁé‘,Ycaﬂ be

sel ected for e iopt @Ab@@vaé—m&é’pe{ DM@(@A\{JJQd@%% Jdle Thederth Lic

i ncreases the Stl’eggt of the syst emwg?al nst |rrpu se noi sSe, but assunes
that the sig&*™had B&BhR Fft ‘é%‘?e%@’é‘ﬁa tHF %% COFMEFAPTe CAECEAE  noni t or .
. After RS desodi nghet betpaekﬁtsOﬁrehd&sﬁmﬁﬂmﬂaeﬂsaeﬂ Qnrenengy sdisper sal .

,rennval' Th%u%% q gukgukthPowe£ 8omparator Circuit 230.

15 The Forward Error Correction (FEC) circuil 60
first performs a frame synchronization 61 in which the
bit stream is decomposed into packets of 204 bytes at the .
output. The packets are then supplied to a de-
intecrleaver and Reed-Solomon (RS} decoder 65, where the

20 packets are de-interleaved and then a correction is per-
formed by the RS decoder of a maximum of 8 errors (bytes)
rer packet. The RS decoder also provides other informa-~
tion regarding the uncorreccted packets and the position
of the corrected bytes in the packet, if there are any.

25 Two depths can be selected for the interleaver: 12
(DVB/DAVIC) and 17. The depth 17 increases the strength
of the system against impulsge noige, but assumcs that the
signal has been interleaved with the same value at the
monitor. After RS decoding, the packets are de-scrambled

30 for energy dispersal removal. The data output 93 of the
FEC circuit 60 is constituted of the MPEG2 Transport
System (TS) packets and is the output of the demodulator
99. Additienally, bit erroxr rate signals 68, 69 are
transmitted to a bDual Bit Error Rate Estimator cirecuit 70

35 which estimate Low and High Bit Error Rates based on



FEC circuit 60 is constituted of the MPE&Q Transport System (TS) packets
and is the output of the denodulator 99. Additionally, hit error rate
signals 68, 69 are transnmitted to a Dual Bit Error Rate Estimator circuit
70 35 which estimate Low and High Bit Error Rates based on WO 02/103976
PCT/ USOL/ 40095 -9 error correction and frame pattern recognition and pro-
~duces a BiO02HP¥¢ Rate Signal 72. As expl ai ned above, tRETAGA/408%t onati c
gain control (AGC) circuits are si_tuagteci before and after the 5
receive filters to control the received®level of the signal. The first AGC
~circuit 10 controls the an.a.log gain of the input signal of the A/D

converter. \Wbdp rcefxereera@ent Anfl grame pae O Biccyrdalonl 4nef pkie A/D
converter 25 is sup %él ed to a power _es |rrat|on circuit 10 110 of t he AGC1

10 in order FEEH tteEFﬁgrsF@F\ﬁI SjeRt 7of the received signal 14 and
conpare it to a prederer explactedi goate] ested .dublle sumuwetatEt igBEni on circuit

110 includ u dule 1.30_for_cony i into a
square vvave%t%o%ﬁzﬂl ﬂ(pg;gqonf%cg‘ E?)n?)z?a?brr“altfo’i b%#he C(ggnp%?Féet ofh'f40
conpar é€s t hasagine fidtalrswiohcanprel tee eredaiced diesredned rdlet age, or

conpar ator theshol dTh\éOEE_égé 28R progucesy aniuAW HORdk1when the |evel
of the input signal matc es the level of the conparator threshold

vol tage. Th&Enpir &06r LPRIESROFRRY oPf agfe® P S W&r& Ence Wt age, can be
adapt ed by a'd‘flaﬂ‘leﬁlldéaﬁ:loOEl‘lgl r3, cuhé dlZquU_hﬁlgm flidacatfi amheciar/oui t 120

noni tors Lhe nce .of. 5| rom cent hannel s 125 and adapts

t he reference V6 t%%geggccor HE}L Al %i‘?% QC rE"latnecctll NN gf

sat ur atl on édéntdr tllliﬁAaétleéﬂsmher@er tdnesrse.ﬁ@uec témey ssatnadafliegelin t he

A/ D convert e and, fefceaeedseagﬁalaﬁ'%@' cdrpd e US| C%ereet%wu't 120

in order to ,adjust the referénce voltage in order to elimnate the
sat ur ati on. MARES sigeadi dREPLlgoeThE NPONRI THe RdPaY igcuit1810t he out put
-signal of thedlodes estigimier meinitdi 134d1fbr converting the signal 14

into a square wave to be input into a comparator 140.

15 The comparalor 140 compares the input signal with a pre-
determined reference voltage, or comparator threshold
voltage, and produces an output signal when the level of
the input signal matches the level of the comparator
threshold voltage. The comparalor threshold voltage, or

20 reference voltage, can be adapted by a modification cir-
cuit 120. The modification c¢ircuit 120 moniltors Lthe
presence of signals from adjacent channels 125 and adapts
the reference voltage accordingly. Additionally, a de-
tection of saturation counter 115 detects whether there

25 is any saturation in the A/D converter and, if so, sends
a signal to the modification circuit 120 in order to
adjust the reference voltage in order to eliminate the
saturation. After the signal goes through the comparator
140, the output signal of the power estimator circuit 110

30 is supplied to a digital leop filter 150 which removes
the carrier-fregquency components and harmonics from the
signal, but passes the original modulating frequencies of
the signal. The digital loop filter 150 receives a con-
figuration signal 152 which sets the amplifier maximum

35 gain configuration for limiting non-linearities. The



30 is supplied to a digital loop filter 150 which renoves the
carrier-frequency conponents and harnonics fromthe signal, but passes the
orlglnal nodul ating frequencies of the signal. The digital loop filter 150
receives a con- figuration signal 152 which sets the anplifier maxi mum 35
gain configuration for limting non-linearities. The WO 02/ 103976

. PCT/ USf | WOA308337¢ 10 out put signal 162 of the digital | oBETUSIKPISIS0 s
con- verted to a Pulse Wdth l\/bdulated1 PWW) 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 5 A/D converter. Another output of the digital

loop filterouppavi §Q§nalsﬂ.€m&£f 165 forgi@nl tedghgithergakn yal usnof the
i g1 tal 1 00BeEGREY P, ot RE EMF AP gt SIRRE L ARP) 1 EHE ARt o aa

gener at es vesysspabhedcoq adowmrfﬂltdﬁm{ﬂbmmn@hA§Eodubeu|& 20gnhsalsi t uat ed
Ehe' T ecel ved potir Cof "L RE" CAIT &1 Ghal 14 BT CUnd a3t e thE LhiEthal
anpl i f Pcat | BAPI EPBVEEESE he Loptler q%ﬁﬂ%ﬁnﬂf’E@ﬁoﬁegﬁﬁﬁéshgbﬁ gdet¥eron. The

second AGC @tb@uﬁés 20sCoARENSH 5o MordiN®ratieruat Hanol-ihe krst ACC
cir- cuit 10 ause %.the xeserlce of adj acent- ~channels, and

al so adaptstPﬁe %Pbﬁﬁ? ?89%I BRETE y HRGh&D ed@@W?FoﬁSFHPEEh%Pd1$eveIs of
Lhe QAM si gaatim¥itel bef ehe 20i ge£l tibdd g;on‘i:,rotlhEtﬁb!t pr sighat 42 of the

Limng recoyrael UofiLLBUL! che SHPhLJ el o Efe@%rg.' ET;B Leg, 210 of the

second AGC circuit 2 e digita I er nuYt res The si gnal ,
whi ch10s théﬁoéupplled to the receive filter 40 equallzer 45 and carrier

recovery 50 25 Circui §ficase&xith aidtedahaMe. 25he oWt PUb ek gfeefa{g' d er
recovery circuit 50 is fed back into a power conparator _circuit of the

second AGC EFFEHVE SBLGAT chl corparefere e lyutgyingi §Rakake $Rbm the carrier

-recovery ci&acubtint the received power of the QAM signal itself, and
adapts the internal amplification level to the correct

15 level before threshold decision. The second AGC circuit
20 compensates for the attenuation of the first AGC cir-
cuit 10, which iy caused by the presence of adjacent
channels, and also adapts the signal leavel exactly to the
decision threshold levels of Lhe QAM signal. With refer-

20 ence to Fig. 4, the output signal 42 of the timing recov-
ery circuit is supplied to the digital multiplier 210 of
the second AGC circuit 20. The digital multiplier 210
multiplies the signal, which is then supplied to the
receive filter 40, equalizer 45 and carrier recovery 50

25 circuits as expleained above. The cutput of the carrier
recovery circuit 50 is fed back into a power comparator
circuit 230 of the second AGC circuit 20 which compares
the output signal 52 from the carrier recovery circuit
with a set of QaAM wvalues. A digital loop filter 220

30 filters out any error signals and provides a gain control
signal 225 to the digital multiplicr 210. Additionally,
a signal 227 can be provided from the digital loop filter
in order to monitor the amount of gain.

With reference to Figs. 5 and 6, the aforemen-

35 tioned Direct Digital Synthesizer (DDS) 30 digitally



with a set of QAMvalues. A digital loop filter 220 30 filters out any
error signals and provides a gain control signal 225 to the digital

mul tiplier 210. Additionally, a signal 227 can be provided fromthe
digital loop filter in order to nonitor the anount of gain. with reference
to Figs. 5 and 6, the aforenen- 35 tioned Direct Digital Synthesizer (DDS)
- 30 di gi t MG e1IY7€©2/ 103976 PCT/ US01/ 40095 -11 tunes theP€Tgisal/408% from t he
A/ D converter 25 to be wthin the bandw dth of the receive filter 40 even
in the case of a |arge frequency off.set”of the receiver and provides nore
~flexibility in the frequency val ues used by 5 the input signal. The

| nt er medi at euﬂﬁqltﬂ‘i@)sl(glnﬁh ha rPamebrada sh UhGhvEAMErS] Qi) ks, acconpl i shed
by using a E;OI nati on of rst DDS 30 before the receive filter 40 in
order to di d‘flt é’atn‘r‘?@’lgl bnﬁiﬁ fhenrRcehee rBl 1w A mvaredmhdhe@w dt h,

and a second:aIBI36cE4@ \iatrigien frequéficeadffeet r @COMeS WeidiGtdt a5 to fine tune

t he signal %de@ o ecov A2 and equal i.zer 45 circuits.
Ref erri ng t(%ﬁ% . e?ﬁﬁﬁkﬂ}gﬂ gnrgl &i%{ p%% e(':’snctlﬁroug‘n‘mgl_lllléq Elb
converter 2&he H@%’l‘ft ﬁl}tgnéllglt’?dhe shppahediatd Bihrauwrdycoivor ter | s

suppl i ed t 0 xasaWac sla.@nl&lﬂ ebm?»eéswétlg Sa P Pf sHAPB L, 3Q:5 1 Hhe ,mul tiplier
304 converts t nto two Earallel conpo- nents, ;.|

(i nphase) arfd™ %1(1&5%‘ 1atc’ﬁr 5) \HﬁFEhD]P%r?T?ab s’iﬂﬁ)dqeceliﬁ’é%élé-l‘:@?al
conponent s prlodeedriderotghdibetal Bgetwge f the esidihl e\iiuﬂillrzaﬁhé&eand carrier

recovery 50206/ 1GYick$: 138 aRXRLAI ned abowe. Referr g 19.£Lg. 5, the

carrier recovery circuit Inclrutles a req ency 25 circuit
and a Phase cérrder decever$35icintti 50 forfimesowere n:gxd hel goanlr ipesei gnal s

to be sent t@.the t@;eglttlﬁlng%CSbéfylisZQn r@ﬂngég;g%' §leglion circuit

25 55. The frequency of recovered can e noni t rough-an 12C
interface and the inf &eE8FFoRYcEA Beoused aften adg &t Stllwélatluriéﬂr frequency

-in order topeedese thif®ugh Lhe A/D converter 25, the output digital
signal 14 of the A/D converter is supplied to a multi-

15 plier 304 thal is part of DDS1 30. The multiplier 304
converts the digital signal 14 into two parallel compo-
nents, ;I (inphase) and @ (quadrature) which form a QAM
symbol. These signal components proceed through the
receive filter 40, ecualizer 45 and carrier recovery 50

20 circuits, as explained above. Referring to Fig. 5, the
carrier recovery circuit 50 includes a frequency offselL
detect 525 circuit and a phase offset detect 535 circuit
for recovering the carrier signals to be sent to the
digital AGC2 circuit 20 and the symbol detection circuit

25 5%. The frequency offset recovered can be monitored
through an I2C interface and the information can be used
to readjust the tunecr freguency in order to reduce the
filtering degradation on the signal and thus improve the
bit error rate. This information can also be sent as a

30 signal 527 to the DDS1 circuit 30 in order to recover the
frequency with complete accuracy before the receive fil-‘
ter 40. The phase detect circuit 535 sends a signal 537
to the DDS2 circuit 545. Employing a dual DDS structure
to control the down conversion of the IF signal to a

35 baseband signal is advantageous in that the long loop



filtering degradation on the signal and thus inprove the bit error rate.
This information can al so be sent as a 30 signal 527 to the DDS1 circuit 30
in order to recover the frequency with conplete accuracy before the
receive fil. ter 40. The phase detect circuit 535 sends a signal 537 to
the DDS2 circuit 545. Enploying a dual DDS structure to control the down
_conversi YO BfiY¥Nie | F signal to a 35 baseband signal is XE¥AIOHEPEHuUs i n t hat
the long | oop WO 02/103976 PCT/ USO1/ 40095 -12 frequency down-conversion is
optimal for frequency recov- ery since it i.s done before the receive
-filter 40 in order to maintain the maxi mum signal energy before equal -

i zation and sGRchic@icyf @%%e%}aveétswﬁais 0P mi # & tﬂeecﬁj&r ky 2ek@op carrier
phase recovery is optinmal for phase track- ing, especia in case of phase

noi se on t h&%S §lAIC® ieflér FPRG PBTRYY. e ‘E‘Ff”emc‘é? rﬁlérterreé@véw tre-
quenncy feedh@ele SicgnadinF2lni &haumkmﬁnt@l@mﬂd&e&r@ e folte e3@@1Wi t hin

t he DDS1 cir.cuit, 30. add er |rCU|t adds- the frequency feedback
Signal 527 COATETORRA ST ea™1 M PRUGUBRCY ST i n & T O e T GOG Enal i<
suppl i ed tdomplegsuerizat pinglsat reqoeerzum mm chrracdwnd dtresk-frequency

el enents detjgiyni RRGDY hhG fheguaacxffsﬁﬂ@@%I& Ml GigHg signal is
supplied to a constant t abl e 303 cont ai ni ng si nusoi dal val ues whi ch

synt hesi zes the si gnﬁefeﬂ%’éngyﬁf’hgégze@ sttty eaysivedtBack into
the inul Li plgueihc304 el isAgnRackat o; i gup@ntrhercseﬁpmd@sarcl rcuit 545

operates in th ner _exc t hat nt hesi zes, t he .out put signa
537 of the phage%ggfeg?' 5$Fc§$% lg3kre W%t %%Te|§ldléﬁF§]c&§FP?§r recovery
el i m -lhat es Oheddee dhicof requenti ageedbatk od1@th s |tat ohe( VBB igto be
used and pr é?@&; i 8ha' V. f .ac nd t he
resi dual phggggﬁgﬁge of %%mﬁﬁbﬁ naF Egg €é§$ﬁ eregﬁu§%0§%%M&€§X of

timng recoér ¢ %ﬁarscﬁuatw%lul}@ésoa syapelt ride Vd—'@rfth rARSSTIA) aé?@&ptl ve i n-

frequency elements determined by the frequency feedback
signal 527. The signal is supplied to a constant table

15 303 containing sinusoidal values which synthesizes the
signal. The synthesized signal 316 is supplied back into
the multiiplier 304. Referring back to Fig.. 5, the second
DDS2 circuit 545 operates in the same manner except that
it syntheslzes the cutput signal 537 of the phase detect

20 circuit 535. The purely digital carrier recovery elimi-
nates the need for a voltage countrolled oscillator (VCO)
to be used and preovides a better carrier recovery in
terms of accuracy and the residual phase noise of the
signal.

25 With reference to Fig. 7, the timing recovery
circuit 35 uses a symbol rate continuously adaptive in-
tcrpolation filter 352 for resempling the input signal.
As opposed to prior art methods of interpolation which
use intcrpelation functions which are defined as function

30 of t/T, (time/sampling Interval), the method of interpola-
tion used in .the timing recovery circuit 35 is defined as
a function of t/T; (time/Interpolation Interval). This
allows the interpolation filtering to be totally inde-
pendent of the symbol rate in terms of performance and

35 complexity and provides a better rejection of adjacent



terpolation filter 352 for resanpling the input signal. As opposed to
prior art nethods of interpolation which wuse interpolation functions which
are defined as function 30 of t/T6 (time/sanpling Interval), the nethod of
interpola- tion used in.thc timng recovery circuit 35 is defined as a
function of t/Ti (time/Interpolation Interval). This allows the

interpol MOBAMYT¢tering to be totally inde- pendent of FPREUSIMNEIS rate in
ternms of performance and 35 conplexity fgd provi des a better rejection of
adj acent WD 02/103976 PCT/ 11501/ 40095 3 channel s since the interpol ator
“rejects nost of the sig- nal outside the bandw dth of the received

channel . . Thﬁmhieacélsa&mcé tH Qh@@kﬁbﬂ.@ﬂotnr@”ﬁ)@@ﬁé aRPit -o€aHONS g s 1O
process dlgltaja %%¥%§§ §ﬁ¥ 5) ﬁroduced 5 by an analoq to digital
converter at*%at® G 95 g@ﬁeFE?ere‘i'?Fﬂé‘”r‘bdF}ét“rﬂ y(le) 365 at
rate 1/Ti, with 1/Ti The tagleetafet b inaasposstbon baidndddne dppli-The
followng w £l t l.a nt i,guous filt The
nathenatlcafkh:gﬁﬁglgpﬁﬁiggghr% g&gﬁ %&re?m %%%gﬁpgp 39% gh* P?u?%gludes a
ficti--2Li oy diTyiarH1aD tansligd tadneenvertgo2aphizte plr/ouuces ozdet og

i mpul ses 8140 i<k b-)inagetﬁb%anEQntyn!é@qs Fdd &8 ralt el &)/Tgoéhn &nd u

sesanpl er 8%5 R E The out i.nter pol ants 820 are

repr esent ed 991§u35k? & oL Lth§($ﬁa35WF%%FPn Bavf rptei j/Referring back to
Fig. 7, the resanple Jrhm-foanamﬁgtwﬂkT@e@zﬁfmelmtaélqsblbyua;mmw cal ly
cont rol | ed PLAREIIS ALY 06 £ ThE, NUEEL ALY RO L0l Lech aecl] Tator 358

produces two signals at each tine T5 FT7 s an overfl ow
si gnal 1%, vWﬁQﬁ?ﬂlﬁGKbaﬂéélﬂﬁéﬁreaceeSanﬁi@ i fist aftt 1ncludéﬁ Ya Hastdecurred

during the lashis dES:iRehi Qg aﬁagoaeegﬂge&g@aéoﬁ%i& %xﬂaJJeasC“ onal 25

signal r), suc that r7Ti represents the time sjnce
nalog impulses 814, followed by a time-— contlnuous filter

h{t) 804, and a resampler 806 at time t = kT,. The output
interpolants B20 are represented by
15

y(kT,) =} x(mT, ) h(kT,~mT,) (1)
Jjn

Referring back te Fig. 7, the resample - in-

stants © = kT. are delivered by a numerically controlled

20 oscillator 358. The numerically controlled oscillater
358 produces two signals at each time mT,. The first
signal 361 is an overflow signal {, which indicates that
a resample instant (t = kT;) has occurred during the last
Ts period. The second signal 362 is a Ti-fractional

25 signal €n, such that nT, represents the time since the
last resample instant.

The numerically controlled oscillatox 358 is
controlled by a signal W(m) which estimates the ratio
T¢/T;i. In practical modcm applications, W{m) is delivered

30 by a loop filter 356 driven by a phase error estimator or
timing error detaector 354,
The mathematical description of this can be

written with formula:

35



| ast resanple instant. The nunerically controlled oscillator 358 is
controlled by a signal Wn) which estinates the ratio T$/Ti . In practical
modcm applications, W(m is delivered 30 by a loop filter 356 driven by a
phase error estimator or timng error detector 354. The mat hemati cal
description of this can be witten with fornula: 35 WO 02/103976

CPCT/ USOIVASBYB376 _ 14 - r1(m). ~ [r] (m1) -Wn) | nod - 1PET{UHE40095
ifrr(m-1.)--Wm<0 (2) (m:OifJ%EQ-WMZOSPHorHﬂmpmmim
nmet hods, which use a filter h(t) nor zed by the sanpling period T,;,
~introduce a TS basepoint index and a T. fractional interval. In the

i nterpol ati on nethod. used bymy he[presety imvieabdonl for- nmula (1) above is
rewwitten with h being a fu ion of_a,10 variaple rlIT,,. This property of
the function h allows the ?ﬁﬁ'} ng' dld{Peqlicéy F&sponse of the (2)

interpolation to be invarignk)wdhsgspett -onibe interpolants rate, and
thus with respect to the baud rate- To achieve this, first note that the
sanpling instants nfs can he witten 15 as follows: MI1, Tj-1l(m Ti where
ri(m i% the direct oHEPRE sRtefeclrolAndiqihnds), mwhich0uskeanfnbeer of

overflows (h(®)lhogiagezbd0nyprhd ddhB idg Trbing KU ogducifno-d he 4 nt eger
.interval | beat hat .c%nt.ai ns all msuch that 1me1, formula (1) can’now be

witten as “FOFPORET 2BIGTkINS) 2 =L Trpgtigophripteryat. (13 e (m) ) Tj])
(3) Assuni ngtelablhttpni seahbd nhdad [1QNGIHE igHE-S® [RASPARSEn  O¥EE. t he
interval [14lhs 1371kpovb0f BUba. e ds S8 12095 W L ERdex o= k-1 30
10 variable n+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

thus with respect to the baud rate. To achieve this,

first note that the sampling instants mT, can be written

15 as follows:
st=lmTi-n(m)Til

where n(m) is the direct output of the nco and {(1,-1) is
20 the number of overflows ({ = 1) since t=0 up to time

t-mT,. Introducing the integer interval I, that contains

all m such that 1,=1, formula (1) can now be written as

follows:
25 y(kT,) = 21, (zr,‘ X(mT,) « h[{k-1+n(m))T,]) (3)

Assuming that h(t) is a finite length impulse response
over the interval [I,T;, I,T;], formula (3) is rearranged
with index § = k-1:
30 I
y(kT,) = Z; a;[ (k-3 T,] (4)

-

"

wikth:

35 a (1T,) = » x (mT,)*h[(j+q (m)) T}

mel,



y(kTj) _aJ [ (k-.7) Tj] (4) J=i2with: 35 a.(ITl) x (r T) h[ (J+rl
(m) T.J nmeTl WO 02/ 103976 PCT/ US01/40095 The | atest fornula shows that
the interpolants are com puted by summ ng and del aying (11+l2+1) terns a;
(] Ti) , where aj(lti) is the accumulation over the time interval [1-1)T;

1Ti] of the nmultiplication of input sanples 5 x (ml,) by coefficients
Ch((j+rl WOO0FPIG] . Wth reference to Fig. 9, aj is pr&CTIUSal{0pos

inpl enented with a nulti pIicator-accumﬁTSator operator 908 which is reset
when the overflow signal Z(m =1. A coéef- ficient h[(j+r](m)Ti] is

- delivered by a coefficient 10 conputation block 909 with an input n(m

bei ng out putrhy 1atbecngsRmugcal kMow®ONE KOl | @k oSfld1ndNGD: 4R It is
not ed t hat th%egugglngl i er-accu(r;[ul ators operate at freq uenc¥ )1/T and t hat
i

the sum of upEtag gpaf Gt L+ Fortermoisatilo T,/Ti, a
hi gh 15 nuuwberreofa outhi plsi cakl aneamnauimlmaﬁee p&ﬂ@@&&ﬂ:@m@uri ng a

l ong Ti per |[qd1)}h| sl.f;tl | Qus th@en%ih%ﬂ%‘@{c?r?lgfofnél?r have | | onger tine

i npul se response n regards nd a narrower requer?cy “pandwi dth in
regards to FAREE) n@’f‘?%ﬁ@ﬁ;ﬁﬁm@mwmﬂmﬁu‘ehl reasons, h[ (j+f)T1] may be

pol y- nomi al funC“OnWQf_h' FeOMgEntded gy v, [ 14 plarchalhy(l +r|) Ti ]

= P have b A t
o e e ORYBBERRER PheEHL RGO B et S BoRpPERT: Joane

al |l ows verywhadotl per réEeEOWHﬁﬂCE]Sef(&Feﬁﬂ’ﬁe)w rgres riespeise A(tpefwith only
a few int egf\_(g&énp h([t(éghqﬁz %Lb furt reggr y cul gge%gr m of . t he

polynom als can also b uce~t Re conp LEAET onal
conpl ebd ty. copputehéodelleck POP nwiird anumbmut (@ @)l mmg)buppbynbm als is

chOfe]p tPetnar AREL! 82yt BENBP-PALY NI Bl 1% @8 GRMPULRY by minimizing a
cos unction It is noted that the multiplier-accumlators

vperate at frequency 1/T, and that the sum of aj is com-
puted at frequency 1/T;. For a low ratio T./T;, a high

15 nunber of multiplication-accumulations are processed
during a long T; period. This allows the T, -
interpolalor to have a longer time impulse respense in
regards to T,, and a narrower fregquency bandwidth in
regards to sampling frequency.

20 For practical reasons, hi{(j+n)T;] may be poly-
nomial function of n over the interval [0,1], and
hi(3+n)Tyl=p;{n). Polynomials of degree 3 have been
chosen for a practical implementation because this is of
reduced computation complexity and allows very good per-

25 formances for the impulse response h{t), with only a few
intervals Ty (typically 4 to 8). A particular form of the
polynomials can also be used to further reduce the compu-
tational complexity. Once the degree, form and number
(I,+I,+1) of polynomials is chosen, the parameters of the

30 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 variable 11, used for

computing the coefficient hi{{j+n(m))T,}, does not need



that represents the spectral constraints on the inpulse response h(t). It
is also noted that the variable r},. used for conputing the coefficient
h[(j+ri(m)Ti}, does not need WO 02/ 103976 PCT/ USQOL/ 40095 -16 any
addi ti onal conputation and approximation, as is the case for prior art T.

- interpolation nmethods. Wth reference to Fig. 10, the previously de-
_scribed W&®2{1817¢ ecovery circuit 50 includes a phase 5 RETAEIEHDI AL oNn
circuit 506 and an additive noise esti-_pation circuit 507 which produces
an estimation of the residual phase not%e and additive noise viewed by the
- QAM denodul ator. This _esti.rnat-i.on allows the user to optimze the

carrier | oomdandudtidn Aefthe:baasAA B8 PESIndd; 45 28, aff Jefween the
phase noise and t el ezldeli ti vg}?gi se.l, The rée]éﬁéi vedeAM synboIQLJS&?}%i S

suppl i ed to EXYMRT " 645 dn or HEERA G o @ESHORS - The recei ved QAt 4
synmbol 504 is a poi nwiith l/d@ereardi tatesgWhich tie ghase dusikeges  of

di stance to a ssi ble transmtted M s o] but.is 15 different because
of noi se. Thsecfg%rﬁéolcéa’é?e?(ﬁ iroeﬁot‘)’fa(lfggg\l%‘ﬁ%{%e%? dje%cjolhé‘ﬁwa M5ESr obabl e
transm ¥t ed "QANISS yARSGIMatipn sdacuhtng0$ oand han nidd tiwelirstisec @sttét-ween t he

re- ceived GAMisH™Gl-ANRG RRSSkALent HARGAALL e QM ¢ l.eshol d
synbols). In tl'J;i ) vva; t he synbol detect ilon 20 bl oc%%%ggrg&fgb%enes whi ch

QAM synbol &S 4ies ARESE] NOTPRe aPEa3RAMEEYS TRILAS &7 QUAS) Rer tiher OBYt ween

E) he ﬂeci ded aaedwdﬂwﬁaﬂﬂd 5@9»1_@1_@5Ehﬁaf.ﬁ£ﬁiﬂhﬁlb@“&}$é/dﬂi§ﬂ-rEtQAOEﬁi‘EIm‘?;tz%rm neld
y the LMS enror t.hod .,505 as_kno in the art_and the L error signa
512 is suppﬁ:lrhéad cv?nr}%ﬁ%ghgoé)gm 5%‘”%2’3“5%%? %f?aoqéfc}’r‘?wgﬁstthe phase

noi se 506 arfdaaddiafiify detmwiese tHh@7pkase et Ox s . aridi et iph as®l indivee nedisemat i on i s
based on thend §asis AR r (fx+] : dxt] = {re- ceived
poi nt - deci ded ,QAMlsynbo%,g.'%ﬁﬁbgﬁeg%rg%(ség%%lﬁ%@gogear)és onllyd%or QAM
synbol s havit®§ %ivE raxidarhsded daaek 50R. The received QAM symbol

504 is a point in I/Q coordinates which is close in terms
of distance to a possible transmitted QAM symbol, but is

15 different because of noise. The symbol detection block
508 decides on the most probable transmitted QAM symbol,
by searching for the minimum distance between the re-
ceived OAM symbol and possible transmitted QAM symbols
{threshold symbols). In this way, the symbol detection

20 block 508 determines which QAM symbol was transmitted.
The Least Mean Sqguare (LMS) error between the decided QAM
symbol 509 and the received QAM symbol 504 is determined
by the LMS error method 505 as known in the art and the
IMS error signal 512 is supplied with the decided QaM

25 symbol 509 to each of the 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 = (re-
ceived point - decided QAM symbol), This error is con-

30 sidered only for QAM symbols having the maximum and same
amplitude on I and ¢ (b|1-jlab. The mean phase noise is
then given by E[dx*dy}=-bP 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

35 noise.



anplitude on | and Q (lal )- j la)) . The mean phase noise is then given
by E[dx*dy}_-la 12 E(ph'), where E represents the nean and ph is the

resi dual phase noi se. The phase noise estimator result 518 does not depend
on the additive 35 noise WD 02/103976 PCT/US01/ 40095 -17 The additive

noi se estimation is based on the sane error signal 512 as in the phase
_noi se esWOewi08A76  but the error in the case of noise eddIELe®i s based
only on QAM synbol s havi ng the m ni nrum litude (lal-1) 5 on | and Q The
mean additive noise is given by E[dx*sgn(T)*l+dy*sgn(Q*Q 2] = E[n2], where
n denotes the conplex additive noise. The additive noise esti mat or resul t

does not depend on ! havhastelsdehRoskanale YhAb: 6161 66 arfl the

recovered bit 1.0 stream 57 fromthe aforenenti one etectl on cir-
cuit is supplded ' ﬁ%lsﬁﬂéhﬁénﬁatlpﬁnp%%%v%@yse ‘F%R)madﬁlt%ult 61.

wi thin the Rartwaite Hner Gor reef icaBe (aEEEa)lQew@Ieimaﬁ@lonThss balRe@ rcuit 61
deconposes th b| eam. i nto_packets. of 204 byt t u t. Then,
15 the packecfrgel ﬁsfé'{)lsiyé@otq Qaylflgnﬁhﬁa?fré?lﬁu t‘ﬁyf § ’5# mai nt ai ns
a count>5 of rcecdgrarzalﬂ e [Jatet ercrs aﬁdnhwefnameeou@rgwsmflfy ciently large

nunber of fr@[rz@@rgdhmdef+dg@gmb%a>ﬂaddi tﬂ&ﬁ?' %ﬂé?é”ﬁta%té&%ea

synchroni zation patterns, i's not encoded by the FEC encoder. This 20
i nfor mati on q%“ﬁ%ﬁ?htaq%t&vf 1""ic’rl§te Bi T2gr ?6?11?2%1‘{% T eees N PES of the
Dual BER unitdestl.t HiedidotsSigpamspackehs phhes &f erisaipplded to the

de-interl eaver and FE co uni t 65 roduces the MPEG TS data
out put si gnal in ﬁ?&%ﬁ%@f‘f Ellgg’cFPbEagabg{? t%ex%%?‘fee’%etdagﬂlé: errors 69
25 ar e1@uppI°i'red=d_no B2 cﬁnmtethe?@&owetnlanmbhed[bmhboBElFémmtlom ciand then to

a second Bt frrofg tlh%td R ar F%&ég%ﬁch?&%%&&&{ %ovférg;t BER

estimator unit 715 an e sec- i mat or to a software
processing JfiR) FﬁBG’qml“chG’r*ﬁﬁlﬂés"bﬂeF@WBETW’pL&”%rr"Hﬁl@fgl ves

(FEC) decoder 60. 41he ¥SR circuit 61 decomposes the bit
stream into packets of 204 hytes at the outpur. Then,

15 the packets are supplied to a lrame Pattern Counter &2
which maintains a count of recognizable patterns of the
frame over a sufficiently large number of frames in order
to obtain additional information, such as synchronization
patterns, that is not encoded by the FEC encoder. This

20 information is input into a first Bit Error Rate Estima-
tor 715 of the Dual BER unit 70. The bit stream packets
then are supplied to the de-interleaver and FEC decoder
unit 65 which produces the MPEG TS data output signal 93
in the manner described above. The correctable errors 69

25 are supplied Lo a counter 705 wilhin the Dual BER unit 70
and then to a second Bit Error Rate estimator 716. 'The
outputs of the first BER estimator unit 715 and the sec-
ond BER estimator unit 716 go to a software processing
unit 710 which compares Lhe two BER outputs. This gives

30 additional information about the type of noise, such as
whether caused by a burst or by a 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

35 crrors, the sccond BER estimator 716 is8 not precigce since



30 additional information about the type of noise, such as whether caused
by a burst or by a distribution error. For low bit error rates, such as

| ess than 10°3, the second bit error rate estimator 716 will produce the
nore accurate value. For high BER or in the case of burst 35 errors, the
second BER estimator 716 is not precise since WO 02/103976 PCT/ US01/ 40095
~-1.8 the“¥f18¥¥? on capacity of the code is exceeded. | KCEA{SAV4¥%se, the
first DER estimator 715 would be nore pggcise. The Dual Bit Error Rate
Estimator circuit al- lows it to be possible to evaluate the quality of a 5
- transm ssion link even in case of a severely distorted or noisy channel,
whi ch can hetipe toordentidy ¢dmcidys e fothebaddeetepekoacded. pard ivhilsar, the

FEC decoder - o05. 01 ¥ES @ M GRUIALRHENG 8 TRLL PR MheRoLhe I dilerd eaver

strength provides sufficient error spreading . errors 10
uniformy over the frahe #prbdidwEercBrEECESbANEPa-Cbitiity adf- t he error

correcting cosies Dutryesy ddBeaatd yAfQLRBLERE Matase oFf 4 ong burst
errors. _A copparison betvxjise,e ‘the two tﬂgg%s_”f’lnfor |- tion provides a way
to deteCt the KN VT Mo SBYerTors t15%60fi Bh FaSBeLaty o FHEFYRY W8T k. Thi s
al l ows, for noisyaricenealet edtidn aih Wedépheo adeatifecepei omds gdue to

burst noi se r obl e 8! has oLSE, -fadz in etc. |In sone
cases of ver@guf1 g]%gé%%résgf' n(rﬁﬁlsgj%%g%lgﬁc glelgo%%? %%‘y”‘% LOWQBa el fvel y | ow
bit error raver2eetuaighiradrmeitichne weenotienaytonleavecusyezhaath a parti c-

ular i nstantpedvddéd sl £81 oW LR MRY.-BaVeng0p! 81 8t ¥inald &1 8dthe
i nfprrrgéi on con éal[]t carri echlgég he transgi s- sionlink, e, g TV pj ctures,
audi o sdund, W OTHRe BXRY =S AREOPSLPY e FRKESCHIORAIRS to
det er nmi ne- t hei PEceassecd éhepairriccanag soten Bot +é&uy sedo@iddie prob-
llem WO 02/ 19r§§gn.ﬁmfgrénu%%1/éaosoe950f _ljé%g burst errors.
A comparison between the two types of informa-
tion provides a way to detect the kind of noise errors
15 which may occur on the network. This allows, for in-
stance, detection of whether a bad reception is due to
burst noise or other problems such as phase noise, fad-
ing, etc. In some cases of very large burst noise, the
FEC deccder may show a relatively low bit error rate
20 although all of the errors may have occurred at a partic-
ular instant of transmission, which may have completely
aitered the information content carried by the transmis-
sion link, e.g. TV pictures, audio sound, etc. Thec Dual
BER Estimator circuit makes it easier to determine the
25 cause of the poor transmission and thus solve the prob-

lem.




Claims 1. A quadrature anplitude nodul ation (QAM type denodul at or
conprising: 5 an analog-to-digital converter receiving an input signal and
producing a first signal, a baseband conversion circuit being electrically
coupled to the anal og-to-digital converter and receiving the first signal
and produci ng a baseband 10 signal, the ha.seha.nd conversion circuit

i ncl udi nYOL21P¥93¢ . direct digital synthesizer (DDS) cir @GT{USOHIP¥Ccei ve
f-1.7-ter being electrically coupled to, _the baseband conversion circuit
and receiving the baseband signal and'%?bducing a filtered bas(-band
-signal, 15 a carrier recovery circuit being electrically coupled to the
receive filter and receiving the filtg{gd,sbaseband signal and producing a
QAM signal after filtering, the carrier recovery circuit including a
secured DDS circuit, and 20 a synbol detection circuit being electrically
coupl ed to Lhe cé& rqwerdragooveranpdiitadiet maadlaecehvipgrl heypdAM signal after

filtering, SV A0 t..sl.gnal of the synbol detection circuit is a
denodul at ed data dutputqgﬁgﬁgﬁ*'gﬁ5 2. A denodulator, as in claima1,
wher ei n®the first DDSawcignadiag-iteclkdddésad oohvépterrre@eivintermdul ator, as

in claim2, wianeiddhe fHddthLR8ci30 & keuit fughber includes; a first
adder cireuit being eIe&}ricaII cou to . the carrier recovery circuit

led to, .
and receiving a freqien&r é@ﬁv§?§haﬁ FrorrthePeBr9i er recovery
circuit, WO X036 RCHABAKHAAMRIRhe- 2RaBodi £61APHASEL a6sWABY R ON

circuit beir&%d receiving the first signal and producing a baseband
10 signal, the baseband conversion circuit ircluding a first
direct digital synthesizer (DDS) circuit,

a receive filter being electrically coupled to
the baseband conversion circuit and receiving the
baseband signal and producing a filtered baseband signal,

15 a carrier recovery circuit being electrically
coupled to the receive filter and receiving the filtered
baseband signal and producing a QAM signal after
filtering, the carrier recovery circuit including a
second DDS circuit, and

20 a symbol detection circuit being electrically
coupled to Lhe carrier recovery circuit and receiving the
QAM signal after filtering,

whereby an output signal of the symbol

detection circuit is a demodulated data cutput signal.

25
2. A demodulator, as in claim 1, wherein the first DDS
circuit includes a multiplier.
3. A demodulator, as in claim 2, wherein the first DDS
30 circuit further includes:

a first adder circuit being electrically
coupled to the carrier recovery c¢ircuit and receiving a

frequency fecdback sigral from the carrier recovery

circuit,



electrically coupled to the adder circuit, and a first constant table being
electrically coupled to the phase accunulation circuit and supplying a 5
synt hesi zed trequency feedback signal to the nultiplier. 4. A denodul at or
as in claiml1, wherein the carrier recovery circuit includes a frequency
of fset detector and a phase offset detector, wherein the frequency offset
.10 det ec&¥024037 i es a frequency of fset signal to the fPEEUSOHRS cjrcuit
and the phase of fset detector supplies 3 phase offset signal to the second
a

T Sc.ircuit_ 5. A denodulator, as in ¢l*aim4, wherein the second DDS 15

~circuit further includes: a second adder circuit being electrically

coupl ed to the phase @f fgektdgh8stoscanfulLs0iY idiGduiPhrsegof f set signal,
a second phase accunyl.ati-on circuit beiqg 20 electrical]y coupled to the

second adder®*&GtEdiE LinGOovR €8 HRITRBRIWT T E beid el ectrical 'y
coupl ed to the secondapliasetacetsyhat i tdbis Nealitg anltecttipEiMiyng a

synt hesi zed phase f ¢2dRagk 5Lk Lond N1 Ll '8t RS Gl Uio1ying a

5 synthesized trequency feedback signal to the multiplier.

4, A demodulator, as in claim 1, wherein the carrier
recovery circuit includes a frequency offset detector and
a phase offset detector, wherein the frequency ofifset

10 detector supplies a frequency offset signal to the first
DDS circuit and the phase offset detector supplies a

phase offset signal to the second DNDS circuit.

5. A demodulator, as in claim 4, wherein the second DDS
15 circuit further includes:
a second adder circuilt being electrically
coupled to the phase offset detector and receiving a
rhase offset signal,
a second phase accumulation circuit being
20 electrically coupled to the second adder circuit, and
a second constant table being electrically
coupled to the second phase accumulation cirxcuit and
supplying a synthesized phase feedback signal to the

first DDS circuit.



