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SYNTHESI S | 60931}49%&MDULATCR 5 TECHNI CAL FI ELD The present inv it SEBE004
relates to a quadrature anplitude nodul ation (QAM type denthIn/ o$00/s0698r
denodu- lating signals nodulated in accordance with the QAM schene. 10
BACKGROUND ART Quadrature anplitude nodul ation (QAM) is an internediate
frequency (IF) nodul ation schene in which a QAM signal is produced by
anplitude nodul ating two base 15 band signal s ener at ed i ndependent|y of
each other, with two quadrature carri§¢ §C¥E§Bg€?ively, and addi ng the
resulting signals. The QAM nodul ation is used to nodu- |ate a digital

I nformation into a co ' enc band. This may be to match the
spectral band occupi e?&g@@gﬁmls HERLHaEN bhrdRA¥f DEMOPURATOR S| on
line, to allow frequency division nultiplexing of signals, or to enable

si gnal s tocbe rada gg by_smal l er antennas. QAM has been adopted by the
Digital Video Broauc %PnEI?BpB) and Digi- tal Audio Visual Council (DAVIC

and the Multinedia Cable (MCNS), st andar di zat i on bodi es
for the transm ssion of d?é?t g?&}%%ﬁlséi gﬁg’f@@ &y I& A6 | F b updnatyae
Coaxi al (HFC), &WalifedevmoduistionpdORMDi tipeb deniddu Algre!gss d@c@gﬂm
(KIDS) TV netwoik inahgigggﬁgnggéa;ign sghene exists with a vari - abl e
number of |evels (4,16, Sea-0128tedsan acsordemse witihcithe @itde 2, 4,
5 6, 7, 8, 9, 8¢heme. Mit/s/MHz. This offers up to about 42 Mit/s

(QAM 256)qgover an Anerican 6 Miz CATV channel, and 56 Mit/s over an 8
MHz Eur opean CATV channel. This represents the 35 equivalent of 10 PAL or
SECAM TV channeBACEKGROSNDtART 14 SEP 7004

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
resulting signals. The QAM modulation is used to modu-
late a digital information into a convenient frequency
band. This may be to match the spectral band occupied by
20 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. QAM has been
adopted by the Digital Video 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 QAM 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. This represents the
35 equivalent of 10 PAL or SECAM TV channels transmitted




WO 02/ 103976 -2 PCT/ US01/ 40095 over the equival ent bandwi~th of alsi S 20
anal og TV erDlﬁflgﬁbs and approximately 2 to 3 High Defihition Tel evision
(HDTV) prograns. Audio and video streans are digitally encodreirusu/seaped
into MPE&R transport stream packets, 5 consisting of 188 bytes. The bit
streamis deconposed into n bits pack- ets. ‘fach packet is mapped into a
QAM synbol represented by two conponents 2 and Q (e.g., n=4 bits are

mapped into ong - g&?} 1038, bits . ped into one 256 10 QAM

symbol ). The | aﬁ%ﬁQ@ggrrpo e&]tas}e rte%qcfwé%& %a rﬁidw]eﬁ énakiqidha siae

and a cosi ne wa¥9&aficarnderppireadmaitedyt @ &N %%Mflﬂérﬁ%?”@'le(ﬁ@ion
s a

spectrum The | Q onents are usual ly represented a
constel l ation &ﬁ?@%@%&%&ﬁ‘?g tﬁ‘é‘dﬂﬁ’sw ¥idiesc s¢rearms wae tdllepitaauey 15

i n-phase and quemicadedeandomgppatieSntEh nsQ signal_ s(t) .is given
by: s (t) &l cos_{2nf oh%1 -Qsin_(2nfOt) % V\he%?g&l;sg%lrs!: [sﬂ:ge@@h&gcm@quency
of the RF igna?.n?lﬁ nngéo 8nbwtesare usual | y filtered waveforns using

raised cosine filtering ahet e+t Ltter .and the receiver. Thus, the
resulting RF spectrumis cent erggd%grg%u 41F05HEMPRES, IDERI drilk SoparkE+a) ,

where R is the 8%%bol EaFhnpackstnissinappedt enasdaaghm ts?.%q_l L~ f.agt
' eis f/e %t 5 o6P eﬁ]e

of the raised i fi e synbql transmission ra
transm ssi on b?%sr%k?%, bé‘ﬁlﬁégeggﬁi ?saﬁaeQméﬁeE-tronﬁﬁele&Nmmmbppdr tine

unit 1/ R In orikyo toneect6verMt Sombasebang sigRaksef 0.t he nodul at ed

carrier, g de%a& (b5 used, at _the re- ceiving gng‘gg?et élkttPaf??ﬁi égﬁﬁn

| i ne. Thé receiVer nﬁg]? tont T8 Thengalncerponentapareafpliteired hhat

receives the maghilated@coyehgtessyablsfLequency of the signal, and

recover the carygjer,_frequepcy of the Rg}’giéngﬁggﬁﬁt‘g‘fiv%??ﬁﬁg‘éeﬁ&i head-

functions, a poitfl ¥2 3eR19e8 RadincFreQuencBEPREPOSPEOLOAMI038RE T ang
Q components are usually represented as a constellation
which represents the possible discrete values taken over

15 in-phase and quadrature coordinates. The transmitted

signal s{t) is given by:

s(t)=Icos (anot) -0sin (ZHfot) '

20 where £, 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 £, and
has a bandwidth of R(l1+a), where R is the symbol trans-

25 mission rate and o is the roll-off factor of the raised
cosine filter. The symbol transmission rate is 1/p% 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 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




PCT/ US01/ 40095 -3 constefTation which is the sumof the transmittdd SEMIO
synbol and r\gb%znbi;% was added over the transm ssion. The receiver then
‘carries out a threshold decision based on lines situated at PRIIUSO1/#095
di stance between QAM sym 5 bol s in order to_gi_eci de on the nost probable
sent QAM synbol. Fromthis synbol, the bits”are unmapped using the sane
mapping as in the nodulator. Usually, the bits then go through a forward

error decoder Walelst@natg! I Qle &1 roneous, deci si ons on the actual

transmtted 10 QAM syrrbg‘l . %%g%ﬁg?lv\grsd th& osrunble%%g'g?e USRI e QA% a

de-interl eaver ®YObOL and invise thatadauitadddd dréathe WOl rkans Jappened
Y As

i n,bursts and V\q.ﬂled %vevot h%?l\ém se have been nore difficult to correct.
noted above, it 1'S AeceeyRty ‘A6H FREEIES PRt & diresheldt slagigiem dwmmd ng

frequency of thensildnes sintthated @¢Oowan £ 1§ {{d FAHENC he RF

si gnal . ten %’i Tas Jn the prior art, the %ﬁﬁiﬁ?ééque%gj e&dVer ed
after the Pecei P81fi ifePrdes toxdepide PrsSthePaiastt hiobai 13 et gam Bhat t
describes a car gifbol€CO¥re S inghuyding a tinme nultiplexed
processor for conpensati ngg\ﬁc g;ﬁig é rr ?&r‘ %P%q&’@hgcfy &1¢ JEmerRed aFing

recovery systenFh€ §38e mappingl esi shothei goduletesi versudiny 'endid s
s used in the carrier recovery

patent, a direc o [ esi zer
circuit and is It:gggt gé a#égtgg 35 TREHASSs 8% deqaaer addch Icownests
filter unit. Thposeibldet edirpneahissRechesions oxetdie haak.dr 3%‘3—{&9?5&%'3 rol
to an inp% Si g@ﬁ{ groce sorgiﬂocat ed before an analog-to- digita
conversion circtlit. M‘E’E rri éPer EPBYEFY eyFramdieassiernsuadilypwoaitpins3G
digital, a vol tdgeineekriebkesd @aekkL! @ : i r-.ally required.
Having a purely di glgt gl carrier recovtg(r% g"é‘élciq-'))r?i r?.}tes gﬁé‘ltnéa 5 VCO
r

and provides a B8t aver Ppppenpedoiar Purtdeewad woha dirseley atihgirvalse
carrier recoveRryveybbeRBmeket EEfEEE%{E]Ltagb %‘g&‘%'e%'f' y _recover the 35 signal
il e dis

frequency after the receive filter. advan 14 SEP 2004
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.
Often 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 carrier frequency offset. The carrier
recovery system is used in a television signal receiver.
In the '615 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 filter unit. The
direct digital synthesizer sends back frequency 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 required. Having a purely digital 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-
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recovers theygpdfdér frequency after filtering is that the signal has | ost
.its maxi mum energy level after filtering, resulting in a | ovRET/HSUHa095
gain. 51t is an object of the present invepgion to provide a QAM

denodul at or havi ng a baseband conversion <circuit that has a purely digital
carrier recovery pro- cess, thus elimnating the need for a voltage

control l ed osctagetohatl@elgulits t [ect, of the inventjon to
provi de a QAM denodul ator in whi cﬁfr{dﬁ[e %?ﬁ%s?%?%l re?PgﬁﬁﬁnEbei gignal

recovered bef ort* ¢HBeREYerisan |fidtaniny dev thatret e abghle ARYI ;[rygtslgggal
ener gy before egadiimdAt | ri fr ncy. estimation, 15 SUMVARY OF
THE | NVENTI ON The aboveégt%ré‘g] ;‘ieﬁg{}e a?eteﬁ? %ﬁﬁ?ﬁg’d‘%y ae§uatiingatnra
anpl i tude nodul even $LEMplt gadrdenodul ator having a pair of direct

digital systhesizer (DDS) Si rcuits. . The 20 first DDS circuit is located in
a baseband” conversi on ci r & &b PPIECte o Fhg ipresenhdinvent 2ot yté unes

the signal witprovide aeQamMvddiddy ' T DDS ciycuit is
within a carrier. recpﬁe{;é:ci rcuit | 3%&?’33%%% 3 %gec @ec?’i”f?ﬁl%fhd
e

serves to fine Ttme*t tshgsaie puasdy Wigimaleloari Dt at e€dWéie pro-
recovery emu- |cd£s, tHRLE" 83803 f. |t age trolled, oscillator (VCO,
elimnating the need for a V%% ?g%t%gau\ség&, n%ﬁ&f%gﬂrsc? pfOYrRRR eemeraled
carrier recover‘iﬁ@rﬂ-%%ﬁ%-of accu- racy and the residual phase noise of the

signal. The 30 dual DDS sﬂ:ugguretfé?_tg ;trgggé for frequency recovery, since

it is done before the recerve f il ecto © atvertsl gmxtiarum

signal energy, REfVide a&smpﬁbmﬁulfa&brpﬂﬁsah&‘%ﬁp\&{é’,géfﬁt@@tt -eggmort
| oop carrier prg/é%ﬁé,‘ foi‘| better ghgsg tracking, especially in e case of
35 phase noi se on A ?rg §| Tecovered before the receive filter in order
to maintain the maximum signal energy before equalization
and carrier frequency estimation.
15
SUMMARY OF THE INVENTION

The above objects have been achieved by a quad-

rature amplitude modulation (QAM) type demodulator having
& pair of direct digital synthesizer (DDS) circuits. The

20 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

25 signal phase. The purely digital carrier recovery emu-
lates the presence of a veltage 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

30 dual DDS structure is optimal for frequency 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 loop carrier provides
for better phase tracking, especially in the case of

35 phase noise on the signal.



1 Z SEP 2004 V[)02/10397%HFig. 10 is a block diagram of a phase nJi%éE%#m&
addi tive noiwe oedsdsmpt or used in the synbol detection circuit of the
_dermpdul ator of Fig. 2. Fig. 11 i's a bl ock di agram of the DuaPCEUS01/#009%,

Rate estimator used in the denodul ator of Fﬁ$%3 2. -5 BRI EF DESCRI PTI ON OF
THE DRAWNGS Fig. 1 is a block diagramof a Network Inter- face Unit in
whi ch the denodul ator of the present inven- tion may be used. 5 Fig. 2 is a

bl ock di [ tion. Fig. 3 i
oc i agr am oRRrRihe ggggﬁgkg%gﬁn?? Tg?epﬁéﬁggﬁﬁdlnven i on i g is a

bl ock diagram of the first ulator showmn in Fig. 2.
Fig. 4 is a block diagranFdg.theiseaobloACdiagran brok N@%w@?ﬁogﬂk%ggr
e ul at or

shown in Fig. 2 LOmw el $..a Dl ock, di agram_of a section of the no
shown in Fig. Z?aékgpngtignawgfsgktgﬁaéﬁﬁﬁpHﬂaFﬁé Pfr §be Prgiseat inven-
Synt hesi zer of thendsapdueatsedshown in Fig. 2. 15 Fig. 7 is a bl ock

di agram of gt he di gi tal tiging recover¥ circuit of the denodul ator shown in
Fig. 2. Fig. 8 is a blockf#¥agfarfor hlgekefippyamnofinthentempduakicer of

nodel . Fig. 9 itshe preskndi egbant9hnan interpolation 20 nodel used in the
digital timng recovery circuit of Fig. 7. 25 30 35 BEST MODE 99 of the

part of a face Unit sighd®-98 i8jgnkloeB diagram of the first AGC unit
of the demodulator shown in Fig. 2.
Fig. 4 is a block diagram of the second AGC
10 unit of the demodulator shown in Fig. 2.

Fig. 5 is 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 demodulator 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 Pig.
7'

Fig. 10 is a block diagram of a phase noise and
additive noise estimator used in the symbol detection
circuit of the demodulator of Fig. 2.

25 Fig. 11 is 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 Inter-
face 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
35 cable network is input into a tuner 96. The tuner ac-



PCT/ US01/ 40095 FOR CARRYI NG'OUT THE I NVENTION Wth reference to Fi1g4. S%PZUWe
QAM denodul wom2/1g899sent i nvention woul d typically be used as Networ
Interface Unit 92. The Network Inter 92 is defined as the i ntRGTHSM/HB05CK
between received froma Cable Network and the input of a denultiplexer.
The signal 95 fromthe cable network is input into a tuner 96. The tuner ac
a WD 02/103976 -6 1 4 SEP 20U4 PCT/ US01/ 40095 cepts frequencies in the

range of 47 MHzceptB862 { ol j f d do onverts the sel ected
redare reatbrty CrEPe P 4T M dqucty Mepatls on

frequency to an, internedi ate frequency

t he channel bandhPfdiRPEE ABRadeunt @mmsogh%phﬂédéE%Q%f%@%ag' e,
NTSC, USA and JMM%faEer%hangﬁh wth |F around 44 : iTe
PAL/ SECAM and EUROPE havé an Fharhelr wrbh s IFafmeqhasMdepeis
output of the ?Bnthe|chanpel bandwidthage 29U blaC t‘ﬁa\ﬁ%é?j@ fLlter 97,

the | F freguenc jng equal to the SAWfilter 10 center 1C%he
out put of the SK%%FP‘?%P 9€°Fsex§H$ﬂPi'e§T5€:aHSarrphﬁf JAPASB hatd &h g ed
MHLS

to conpensate d¢hannék WK TRt g5 epuaid.on, and t t he output of the
anplifier 98 i sl?sugpl ied to the Qgﬁ/lhger.rgdﬁqigf o?’ﬁgg.e e’%ﬂ‘ésm fBney BRORE
al so have a variabt et MEsnchanned witbyIBnaotndafiscMEei.n GoRl e lygnal

94 of the QAM dehoghe #at sbboiks.al so_possible for the QAM denodul at or
99 to be used %‘ﬂlvari ousé)%tﬁgrlé 1dli-'t:% Fr ﬁg §€i BROYFSEETWaviesi(SAWDAM or

QPSK denodul at il t&HH asthadlB Erefuensiyrbbess Lgaah LBORS. Q. B:HOIE
net wor ks.1@®0 R@é{{éﬂ@f}&i&é& 2, ge M denodul at&%r 95 oP}‘et eAwlprr%é‘g%r?tr
i nvention incl udes 1a.n]§£na og-%‘- dig FaPutRE D)ot cohieefAWr £25 tetri O dacei ves
the | F input siSHERLSH thean ABPTOOVEF! S8, A5nSARPL €S B _shgnal 1z and
produces a di ¢id,al lfeoescﬁﬁ ugnf‘_[ound t he center frequeﬁ%gg':goo‘coﬁﬁsnﬁﬁte
t ilter attenuation, and then the output of
the amplifier 98 is supplied to the QAM demodulator 99.
The amplifier $8 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 QAM or QPSK demodulation, such as radio links
wireless local loops, or in-home networks.
Referring to Fig. 2, the QAM demodulator 99 of
the present invention includes an analog-to-digital (A/D)

20

converter 25 which receives the IF input signal 12. The
A/D converter 25 samples the IF signal 12 and produces a
digital spectrum around the center frequency F, of the IF
25 signal 12. The output signal 14 of the a/p converter 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 butput
signal 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 (quadrature), the baseband signal is supplied to a timing



25 si gnal. 12. The output? signal 14 of the AID converter 25 is sdppSERtiito
a baseband ogpeAgdesy Circuit that in- cludes a Direct Digital Synthesizer
.30 in order to con- vert the IF signal to a baseband signal. PTAUSAL (4pans
signal 14 of the A/D converter 25 is also supplied to the 30 first
Automatic Gain Control circuit (AGCl) 10 for con- trolling the anal og gain
of the input signal 12 of the A/ D converter 25. After t he signal has been

converted to a heevergndizicendl IWVWHIGS G h e) and
35 (quadrature), .the baseband signal is sulppatllse a!iﬁ(r?ﬁlﬁﬁl(' % l$1SEP 2004
W0 021103976 - 7 AEBHGSET Fhgo oot aSovw:n@hsmbusedoEOthe

synchroni ze the jridoming &f demyq qtor. Ci rcw t to the sypbols of the
i nconing signals. The fim rglx?qﬁ?‘tescover;/J:'J SYHRG TRCqNeRy F1EGRIEndBuLEgs a

varjable inter p(ﬂ%ﬂﬁnonsﬂvewataabémﬁjnuw-pﬁﬂtdﬁdrﬂp&h’&l@éﬂ”%r"‘@é@lgﬁgom

the circuig to Leeo e,range of synbol rates
further explai ng1 éﬁ s)f.ﬁn&%l grid ch & Iqle"ifltldi atqdi gecover a

mul tiplier 210 ml!vhlasgparhngé o fS et IAH TR |1'r;l q?gtfg%téAGCZ)
circuit 20. The Qe Si.g &éﬁ oes_10 through a Fiecel ve Filter fY t hen
to an Equal i zer 3fRd ci r Ttie 83 d sditdiernlsuaRd bed ctio t a aditlgi -

perforns a fi neaad;uum; Dieof 21 hewhiigral; & t.he e % er 45 1 nput.
The digital AGC_circuyi tﬁgo onl éct akeslg:lﬁntlg g’ ?tce%tufnt tsﬁeeq%rf ?’f‘%’é’r?

since adjacent CAAMNEPRtEAYe (AGCBemifichiér 80 .ouTHan t hthe @ﬂ_m{ﬂf baer 40,
and thus 10onpeghebgghdad aI o9 circuit_10 \/\hl ch may
ShohORbeelVe' PRILEE 30600 bhen K S equniier 43¢ or

have reduced the input power
40 is a squared TheohGEQ| Geucuz;bsiaﬁe:.tsyaed\ﬂgu.tlalsmmorctﬁ-dﬂd é}j& @.tcfc?:tn%

fromO.11 to 2050 p etlmn recovery circuit outpu
si gnal and ensu?egggﬁ %#‘ggﬁ%gﬁd&?eig& Pbﬁnﬁ ghevealnar Ymipowiizer 45

fh?g”gg:nbnrfj ﬁ?g{|‘I?gee@mtaheAGackmEﬁltﬁebgb&mf tlfke Netyil K-
h@'éf&ggi itself, since adjacent channels have
15 been filtered out by the receive filter 40, and thus
compensates digitally for the analog AGCl circuit 10
which may have reduced the input power due to adjacent
channels. The receive filter 40 is a squared root raised
cosine type which supports 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
43dB. This significant rejection increases the back off
margin of the Network Interface Unit against adjacent
channels. The equalizer 45 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
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 inter-

35 face. This information can be used to readjust the tuner
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encount er ed yages/fiRefget WOr k, such as undesired anplitude-frequency or
. phase-frequency response. Two equalizer structures can be s&KFaOW40095

Transversal or Decision feedback with sel ecgable central tap position. The
out put signals of the equalizer 45 are 30 sUpplied to the carrier recovery
circuit 50 to recover the carrier signal. The carrier recovery circuit 50

al | ows the acquosi th@ndéﬁdd{l&ggb'?nqr%fqﬁ?egé’yef uegicry of &S‘th axi%hi h afsillz
cy o C /A -

percent of the Séﬁbm rate. The.treque
moni t or ed t hr ougR¥Angoéegradationt afe thEhiss graflQr REMICON e g)etélslq.&#&e
tthe

readj ust the tupge pif¢ SEP-£0 024103976 -8 PCT/ US01/ 40095 or
denodul at or frequencil in o?%e?éggl?r e§/ e WP signadi ¢ wfyrehmtdanridr t he

si gnal, whi ch heepevepyi aproutt Bheilsi tsu?,ij]qreg &le t si.gnal 52 of
the carrieg re@f’i‘@{dtéﬁ cuié 50 ii supplied to a ?y%b%ﬁe@gsﬁlo circuit
55 and i s al so SUppried’T o® & Pofe88mSaPRLded Cor euPowa30 Compadatidral Loop

Filter 220 withCire¢hit 230 -ahdl DAGERAGI it vide.a gai.n control
signal 225 to thﬁ g@i&i er 210, Wa?hF‘FCi’H’ hé’%g&tﬁgo?b@e&@’&{?&h& digit- 55,
the signal is suppl tBYY bl £hr providela gaﬁﬁCbah,trUle%i\tﬂ?aqh 225

differential deg®dete @ik {y y a .or DAVI C de-mapper whic
produces the reco_vereed bi tiﬁ)i;gf%%a%]i% s‘é‘)]réi)zggt"f)l the FW‘g’/&ﬂddEtCrl(ﬁ SMoradget i on
Grcuit 60. THHbutpt Bre ctighelsysbelpgetedi e & Egrbbll $1aleddo15Pp! i ed

to the Pawer Cyedd | L. 230, The Forward Error Correction (FEC
circuit 60 first péé%%'r %ﬂ%ﬂfé%n% gﬁ%?ﬁfﬁﬂf‘%ﬁii gacedern apdcifinad 1ybito

streamis decorfhdd& 9MmtRABER k¢ smappe@4why ERSpRbat REs 9}"%@}‘%53%8‘ eegla%g%t s

are then suppli e-_J.nterl eaver and Reed- Sol onpon
where the 20 pac e%égn Zsr'g sa%*—'f n?%r&é%v@ﬂr‘&ﬂﬂdt BEROn €Correction iCirpait

formed by the RS .decTkeroutipwe ngrxi gEMBE SyRhEPT ) ...per .packet . The
RS decoder al S Qi) ovides other informa- SebP¥16R) c1B01RAGK also
Pil © the Power Comparator Circuit 230.

15 The Forward Error Correction (FEC) circuit &0

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 toc a de-
interleaver and Reed-Solemon (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)
per packet. The RS decoder also provides other informa-
tion regarding the uncorrected 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 impulse noise, but assumes 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
89. Additionally, bit error rate signals 68, 69 are
transmitted to a Dual Bit Error Rate Estimator circuit 70
35 which estimate Low and High Bit Error Rates based on



tié)n regardi ng the uncof_,'rf.ect ed packets and the position of the coﬂl“egtp&gm'
bytes in thaowaesize i f there are any. 25 Two depths can be selected for
.the interleaver: 12 (DVB/DAVIC) and 17. The depth 17 i ncr eaBEEUSHE4009S
strength of the system agai nst inpul se noi_%e_, but assunes that the signal
has been interleaved with the same value at the nonitor. After RS
decodi ng, the packets are de-scranbled 30 for energy dispersal renoval. The

dat a out put 93 edfrdheroh | &G ULL 460 LS _C ituted of the MPE&R Transport
Syst em (TS) packert s and %%ﬁ%ﬁoﬁégu?réﬁetﬁgg‘dgﬁﬁdﬁﬁﬁ?%ltégﬁ Aagi Premal |y,

bit error rate®BiCRfals B Borer cRateafsghaled2to a Dual Bit Error Rate

Estimator circuit 70 35 [ C 1 ma%g%éow and. Hi 8h Bit Error .Rat es based
on 1 4 SEP 2004 WO 021103976 - %71:‘?‘? P¥Boosher furl covtematsa gadnfranme

pattern recognconrcednd B0 chic@si es Bit ' I : expl ai ned
above, thg dua&_ %%t.grrrat'.c]ﬁgai n co%trol z%&%gﬁé?‘%gg?eaélat ﬁﬁfsa ghﬁore
and after “the *§ é‘ceﬁ\f#‘e" 1§10 t 6OREYPE obhe hrecetvedelievelebfothihe

signal. The fi s$4tmnAGC ciTHalifi Ak C r a in_of the_input
signal of the ALD converter. th h %fg#g%%ggtg@%%gtﬁgf? hERBURPRLOEi gnal

14 of the Al D 983fv&%t e sinrut pigmal o theokkd estvedtésn ChieHit 10
110 of the AGCCtef(@ri Qe €51 1 he signal |eve f the received
sEorehcd @¥ By oH TBHE Hat Wi fl T of whe bR

signal 14 and conpare it to a predeter- ni
estimation cir€aPVerter 4% isiempphipdrec mdobwest 3Ost Qha €OON 4] +8G; L he

oot 9 L0018 SRS 20 S B 48 PRI v
vol t age, or coﬁﬁagg?orm!ﬂgnﬁﬂtm)&m@r@b@%cﬁé & QULPUS.sLgnal
mfgsﬁ,gfd' \e,\éflfgfaedgrgggjf‘%%;es"l n-al rﬁr}g%ﬂe%é?ﬁe .evetl. of the ‘Conparat or
age. The Comparator t & TEgRtion Diredir ehte
vol tage, 1§8nmbap§§?§eteﬂ sbpeuaralindaatd 3¢ ifor YhrvdAling nd M LLSA LN
Square wave to be input into a comparator 140.

15 The comparator 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 comparator threshold voltage, or

20 reference voltage, can be adapted by a modification cir-
cuit 120. The modification circuit 120 monitors the
pPresence 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

J 30 is supplied to a digital loop filter 150 which removes
the carrier-frequency 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. fThe



presence of signals from adjacent channels 125 and adapts the ref érléﬁggmm
vol t age aco@bqung%],% Additionally, a de- tection of saturation counter 115
.detects whether there 25 is any saturation in the Al D converPEHUSMIMONS so,
sends a signal to the nodification ci rcui_t&01_20 in order to adjust the

reference voltage in order to elimnate th saturation. After the signal
goes through the conparator 140, the output signal of the power estimator

circuit 110 38ukHuFurnald t i qistal .loop filter 150 which renoves the

carri er-frequen‘é‘yigo%rrpryg'réeniqs %r%gq?a%% i H I 1epp Likhey  190Utipacers t he

origi nal nodul ¥eKked itequemilee ofi dUHMahated TR Qﬂitél'#aio.f’@ofviﬂlﬁgﬁ 150
I f1er maxi muim 35

receives a cong fi t.i signal 152 which sets the anpl
gai n confi guratFof b@ﬁ'ﬁq%;itﬂ %ﬁ’ ﬁ@né% i%1QGehigle prothgrs 20 1si gl
02/ 103976 -10 PET/ UEAY 4031y RMe Srii: s 1pf igital 1 oop filter
150 is cog- ve&t d to a Pul se Wdth Nbdui%a% ég%z;(rgm Q@‘u%r%*’%%‘%u%% the
supplied fo an FPRVEXtERD wWinekheto dwdamta of it difitdhalog®nfiDtert he
anal og gai n of p{Bei AR laf iLleraf t anverter. _Anot her output of the
digital |oop i¥] te%.%r gvisg' pel élirsgngdylgéﬁlo X (S P IThe'ie Bl ue of
the digital |obpefAlgdtalSiloop ifidtyeower Sivderaiiebdver @t T EhpY; 4 he
digital loop c g h signal__.that controls the anal og gain
gener at es verygg%% ge?o%fwet Pglg.ltﬂ}e SFIFPRER i it tPW20 sigmAl uat ed
after the recthat tbhteol40 thiehanaflee ganly d&z‘ér‘&ésov@gﬁé e AG&PUN
ts The 1 nterna

the recejyed p?i“@i of the QAM signal itself, and adap
anplification I'evel to the correct 15 | evel before threshold decision. The

second AGC circuit 20 caomeereebas ket Tc*lei-c%titte?lbgg_isor%i%taa:[ & ir#etlsetsr A{%

cir- cuit 10, which is _gaused by the presence o j acent ~ Tha )
al so adapts t eSSPYRG TRdFer dfacthpresories ondatihsivimgt ftve taked dreneel s of

the QAM si gnalacd¥bahtr eher réletded LRwekdos? ’thteh‘aﬁ&u tse.%tzmii %.ntas!el4f2 , O:'Inc;[. he

timng recov-

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 is caused by the presence of adjacent
channels, and also adapts the signal level exactly to the
decision threshold levels of the 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 explained above. The output 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 QAM values. A digital loop filter 220

30 filters out any error signals and provides a gain control
signal 225 to the digital multiplier 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



ery circuit is suppli ed!’;fo the digital multiplier 210 of the secorld: SEE004
circuit 20.wdlogneyesd tal nultiplier 210 multiplies the signal, which is
_then supplied to the receive filter 40, equalizer 45 and cRCIR01HE8Syery
50 25 circuits as explained above. The outpyt of the carrier recovery
circuit 50 is fed back into a power conparator circuit 230 of the second
AGC circuit 20 which conpares the output signal 52 fromthe carrier

recovery circutiined fthel S¢inaaf . &gi ital loop filter 220 30
filters out any, error signa e %‘éﬁ E"Z"s% 5\6 icrg‘r’rt‘:‘{)"r'ﬁtr‘?ﬂ 25itmdre 225 to

the digital nuVitpinethe hantedidthoodl lthe riece 198l £ 2% 7% Caih he, & Ok d@%
i)n_order to nitor the anount of gain. th

fromthe digit 0 filqt

reference to F?é?% gﬁéﬁhlénghgrgﬁﬁﬁﬁﬁﬁhpf 564 Gfedhs meneilrey tamtd

Synt hesi zer ([OP&pvided gicra Iffekithi IER2Q04 E;J&:g%? PCT/ US01/4009S - 11
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of the reteive il tEP%0%¢Bali.n The InsesmediatieaRyeduergyen(yF offset of
the receiver abdsepand @dgmEnr ¢ Db Gy 0, t f.r ncy val ues used by
5 the input sig&%, The I%Per mg%gggbgkgqgéng&c F%lltsg‘%l%%%%‘?d‘%iagnal
conversion is rPREdRE] ofy auiingtaDDSoAbI haifiorre athed rddesitvddRS 130 bef or e

the receive figgpe ' dae & haitally tune . the signal, within the re-
ceive filter bang%mndégébgngbaaégégﬁgi%D%‘%&S St ¥ e Wi hday (the nescovery

circuit 50 to $eheet §Adtemebangwatithhasnd af ketohle DDgTisRg ﬁnﬁﬁ%‘ﬁ{ %ﬁh%s and

equal i z 45 ¢} kLS. rring.to,Fig,. 6, after the IF sig passes
throughejt:?]e A/%éﬁg%%gr S&’&E,ryt ﬁSISHi"BugOdFQi fine $ugealthes sofonaie phase

converter is sabperetheotdmimbt recdbepli 88 s ’ f._DDS1 30. The
mul tiplier 304 converts hg di gi tal giﬁénal %%éi %tagratlvl\%e%gr‘ltgl I%ellr%c%&gﬁ%-
nents, a (inphase) and Q %‘8 SUF4PEr B BRSch6f opfiterQable g¥nisdignalhage si gnal

conponents pr @assleshthugtighhther £¢81 ¥6nbbktel 49, @AALLEELLAR:31¢ G271 er
recovery 50 .
signal 14 of the A/D converter is supplied to a multi-
15 plier 304 that is part of DDS1 30. The multiplier 304
converts the digital signal 14 into two parallel compo-
nents, ,I (inphase) and Q (quadrature) which form a QAM
symbol. These signal components proceed through the
receive filter 40, equalizer 45 and carrier recovery 50
20 circuits, as explained above. Referring to Fig. 5, the
carrier recovery circuit 50 includes a frequency offset
detect 525 circuit and a rhase offset detect 535 circuit
for recovering the carrier signals to be sent to the
digital AGC2 circuit 20 and the symbol detection circuit
25 55. The frequency offset recovered can be monitored
through an I2C interface and the information can be used
to readjust the tuner frequency in order to reduce the
filtering degradation on the signal and thus improve the
bit error rate. This information can alsoc be sent a5 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



20 circuits, as explained above. Referring to Fig. 5 the carrier rec8Fem
circuit 50 yy gégﬁﬁ a frequency offset detect 525 circuit and a phase

_of fset detect I'rcuit for recovering the carrier signal 8CTaSBr408mt to
the digital AGC2 circuit 20 and t he synbol tection circuit 25 55. The
frequency of fset recovered can be nonitored*“Through an 12C i nterface and

t he infornation can be used to readj ust the tuner frequency in order to

reduce the on on t he signal ,and thus inprove the bit
error rate. Thls |%§or t|on c YFED 9 $8nPPhimalzfogi reausrryt orecoy -

DDS1 circuit Serwnamnnn 1t)isndbﬁﬂ béEbrér@ﬁéeBEEeW%Ehfﬁgg%Eeh% ggcuracy
before the rec f|| ter 40, quyphase detect circuit sends a si gnal
537 to the DD C|rc faEpta |Wﬁﬁhmﬂﬁaﬁlgﬂﬁlsﬁnacgyrbefbweceqﬁbm

the down convedsaticel A ddrsigpat
advant agepus 'E that t he, Ionq | 'oop 1 ré&h@négoggéﬁggﬁggﬁl gg?ée the short
PCT/ US01/ 40095~° Rﬁﬂﬂ&#gyon5|epbpmamanfophEEQQQQﬁﬁk-

recov- ery singg |t lve f||ter 40 der to
mai ntain the max?rrurfréts?l gn ner gy EIbgl:t"e 2F-"P258i B8R SHB EABRRA:
frequency estlnatlon whiRef exhiet reh dra Eiéoo@,cahélearpma§eré@ggg§%yfhg_
optimal for &sén ?acfté dﬂ%}k especi algi% I n case of phase noise o

si gnal . Referrlng ) t *%c%?@?}lﬁﬁetaueﬁc7dﬂeedbatk
signal 527 is ¢uppl BOG twitiniraddsy DD @wéuﬁt@%wth‘metg& QPS!: g%‘t

30. The der C 3 adds, the frequenc f eedbac
t he conf?g uregb§FgPhg ﬁgﬁ%gﬁ Rlﬁggeaén527|tosubplceﬂflge a

phase accumul aured EFr tfwdquiiéiﬁ:y/\@mfh:ﬁ?%@” quepcy, el ement s
det erm ned by #he fr§8§ency feédback si gnal §§1t%%§ gﬁ%+ 18 SUBBLiEd to
a constant tabr® € FRATMLRG %ﬂnnﬁkﬁQkﬂtv&ﬂﬁeuhmbhcaceumﬁmseeées t he

signal . The syfibgteney %‘l%@nt%l@ét% Sg%bgﬁg $%&5ﬁ%g§pgus lier

304. Referrlng pack_tq Flg secon Cifc ckn the
sane manner exeegRalnag’? |tT@§hﬁhQ@ﬁie$sﬂaunpﬁ;nm 6 gnatodsant ths1phase

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

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

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

30 of t/T, (time/sampling Interval), the method of interpola-
tion used in the timing recovery c1rcu1t 35 is defined as
a function of t/Ty (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



20 ci rcuit 535. The pure{[’-y digital carrier recovery-elim- nates thgy@% }
for a vol t aggo gR4dsen | €d oscillator (VCO to be used and provides b tgur
_carrier recovery In ternms of accuracy and the residual phas®&CH3iSaE40895 t he

signal. 25 Wth reference to Fig. 7, the tiuging recovery circuit 35 uses a
synbol rate continuously adaptive in- terpofation filter 352 for resanpling
the input signal. As opposed to prior art nmethods of interpolation which

use interpol ati eRahwedld WX i fi.ned as function 30 of t/Ts
(time/sanpling interval), tﬁ’hégrr%{%gé%g i EPﬁolra?-Jet%% TR 9fh the aiign ng

recovery circuiPa3sondsdele ndwe dmndwitithcoiforhef ridclivdd elqr pol ati on

filtering to be totally inde-

Interval). This allows tr&q}i%er I,atiog

pendent of the synbol rate 1'h TREE18E Rér fatREmed atrirasin amenxidppland
provi des a betteatiehsctisontcopradieasenl oV¥0,024 P,2004

PCT/ US01/ 49095 5%3 ghannﬁl s since the i nt erapolsat %r%%ejjxe@iqg?ﬁgg Brogneed g-
nal outsidé the ba °% “h&igdsailveanvextes atThateh|led@, | veénobrder

i nterpol ati on i vongeaeragRl "4 nGakd LSat ocesscdigital s l es x(KT,)
325 produced 5 Z‘¥ an anal oglt o%?%??%ﬁaoﬁéghgrfé? ?gt g2 FT??an"Gr r
to generate "i nt ’pd“"bf’b%pl?(ﬂﬁ'i Yhagsransmisei dit Tbaudi +Atel 1 Fp, nul ti pl e of

the transm ssion baud rat ey fallowng will . describe interpolation
with a time-continpuous fi |.%?P4E§l%§tm%t ReRFEibfRrternolasdon badhui ¢ h
reference to Fig. t¥nercontdnudus filteri- Theumadhgiadidad Fedleqd jGONVerter

802 whi chyprodyges 0gQ, ;! | ses 814, followed by a time-continuous
filter h(t) 804 %ﬁgﬂghrg’sf&%%ﬁ%ﬁ%c‘att?iﬁégt 8.kTit imeludesur ficti-

nterpol ants SZ0iaue dépiesintedahyids dbkbetberava Wnlch Broklbedl) (U
ererring bac éﬁhf%g'i%puis%s gi??pfglioéeé by a time-continuous filter
h{t) 804, and a resampler 806 at time t = kT;. The output
interpolants 820 are represented by
15

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

Referxing back to Pig. 7, the resample - in-

stants t = kT, are delivered by a numerically controlled

20 oscillator 358. The numerically controlled oscillator
358 produces two signals at each time mT,. The first
signal 361 is an overflow signal {, which indicates that
a8 resample instant (t = kT;) has occurred during the last
T, 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 oscillator 358 is
controlled by a signal W(m) which estimates the ratio
Te/Ti. In practical modem applications, W{m) is delivered

30 by a loop filter 356 driven by a phase error estimator or
timing error detector 354.

The mathematical description of this can be
written with formula:

35



stants t = kTi are delivered by a nunerically controlled 20 oscill atp4 SEB30L
The nuneri caydyyfegsg ol | ed oscillator 358 produces two signals at each
_time nT,. The first signal 361 is an overflow signal ?, whi ®¢TIHHI/HER98S
that a resanple instant (t = kTi) has occuired during the last T. period.
The second signal 362 is a Ti-fractional 25 érgnal fl, such that IITi
represents the tinme since the |ast resanple instant. The nunerically

controlled oscillator 358 is cgnpyel tﬁgﬁbx)a{‘@h‘gr}%ﬁg% whi ch estimates

the ratio T1/Ti. In practical nodem appli cat s delivered 30 by
a loop filter 356 driven by a pl{ds¢=elrdf rau-1Wt@{mpeg timng error 2

detector 354. The mat hematical description of this can be witten vm'trﬁ )
fornula: 35 14 S EP 2004 WO 02/ £63d76 A8 () -F(m) 1) -Wm) ] nod -1
C(m=2if fIl (ml) -Wm <0C(m =0if r3 (m1) -Wnm >0 (2) 5 Prior
I nt er pol atéon met hods, which use a filter h(t) normalized by the sanpling
period T" Tntroduce a T. PhaSEpsrkerpadiekiandmeatiiods:astiichahisenkeryaleed N

t he interpol atilnt &efla t p inyentian, for- mula (1) above
is rewitten with m.ei ngyggggﬁ% i gﬁeo%&gﬁfaﬁbvéﬂ'éﬁge'rn’ﬁ ingTeQueR odeFi y

of the functiorP3FEPPHRE iRdexi anfiga afd Frarnicnmy] rEspeAe] Of $hehe
interpolation tint&epdyes! ' respect to the interpolants rate, and
thus with respect ﬁpt:ﬁe %gﬁ(rj%?g?%& ﬁe‘g%ewetm@?enﬁ rBVensient; hforthe
sanpl i ng i nst arf®sl&T{1 L adboeewi 6t tewritGemswi gh! HV\BéiﬁESEIfuIéE%bn( BTl
where ri(q9 is -Qﬁgcxﬁl.gut pu@_{}of the nco and (lp-1) is 20 the nunber of
overflows (~ = 1) since t=0'up t8% BRERENHY, oF khedtieneliemaialbyes
interval 11 theihedniming 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:

mTa=.l.Ti-n(m) T, .

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 YUkTy) = 20 () X(mT,) « R{(k-1+n(m)) T,]) (3)
d

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:

30
I.
yY{kT,) =,)j a;l(k-j)T,] (4)
"4
with:
35 2,(17) = ), x (®T,) *A[{j+n(m))T,)

sel,



all msuch that 1, =1, fot:frula (1) can now be witten as follows: 25 ¥SEFI0;
= Z. (Z, X("boibddeglt s n(mM)Tj ]) (3) Assuming that h(t) is a finite

length inpul se response over the interval [ 11Ti, 12T; ] , fBEHUSM/M00S is
rearranged with index j = k-i: 30 with: Y( %1_) =1t a(k-j) T1] (4) PCIN
S01 /40095 35 aj.(1T1) = E x (MT,) hl (j+n{fm)) T1 ss Il 14 SEP 2004 WO

02/ 103976 PCT/ US01/ 40095 -15 The |atest fornmula shows that the
i nterpol ants areheomatiRidhred ) an el.ayin | 1+l 2+ 1) terns aj
e I AR WHE Tl ernatonte st com

(ITi) , where aj (Iti) is the accunulat
[1-1)Ti, 1T;J oPUERE Wiy tSysiniiow iaord efelagiviy SATRIISS1S %ebfhs) ab¥ir,),.
coefficients h[ fL$El gm_ ))TI{ V\tlth reference to Fig. 9, aj is’prdctically
i npl ement ed wi t o8 mult i pFcaSrEie ARfmatignreyer tbe timechntervedet
when the overfl bl~3i@pal 1P{)etl.tHe eRAfti J1id Ao S5 Tels.del i vered
by .a coef fgci eng 1@ cglir&put atign bl ock 909 with an ,égugﬁﬁ%n%gﬂ%?ﬁﬁ out put
by the nuferi ST L RY  5PRE 1g3eRFERbrItMOD) ) TID. It is noted that the
mul tiplier-accunul ators QEeMLR fArHEdYEN / d fhat Lhe suyof aj
is com puted at figauency 1/ Ti. For a | 0\§v ?é?ji'og%'lla% ,lg R?@T\t’i%auﬁbfr‘oer of
mul ti pl i cati on-HERUFHPRERSh ¥ ithe Bprudsipdicatiori-ar cutwbgt di GEsFHtby TS
allows the Ti -whiER' P8l et v lon tine inmul response in
regards to T and a narrOVVe_th ?Jg%glegg% Bgﬁgﬁ'&fvh ShEm ggflag*-';o Fanghefy
frequency. 20 FokCheabt hddii+ndasoms] § déMveded BRY abedudpicikgy al
function @ ri QyEHutle: bRl B7%ak b%Ql%itﬁngn input n(m) being output by
the numerically controlled oscillator (NCO)} 910.

It is noted that the multiplier-accurulators
cperate at frequency 1/T, and that the sum of aj is com-
puted at frequency 1/T;. For a low ratio Te/Ty, a high

i5 number of multiplication-accumulations are processed
during a long T, period. This allows the T, -
interpolator to have a longer time impulse response in
regards to T,, and a narrower frequency bandwidth in
regards to sampling frequency.

For practical reasons, h{(3+n)T;] may be poly-
nomial function of N over the interval [0,1], and
hi(3+n)Til=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 hi{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 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 a2 cost function

that represents the spectral constraints on the impulse
response h{t).

20

It is also noted that the variable .. used for
computing the coefficient h[{j+n(m})}T;}, does not need
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synbol 504 is sigj’aﬁég'?g&a sy SFL Po i 1dows ths d%ﬁ@d@( Cﬁiﬁm“ﬁe
recei ved QAM sybe| caspdeirs lmopoﬂdahdwidltthgloq,rI@éq_,at@ e in

terns I st o] possi bl e transmtted QAM synbol, ut |s
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di st ance betvveﬂ e re- ceived QAM synbol and p rans
synbol s (thres Bf o~ 89 nBEI SPCELFAOphipdomky 508he §Yrebodeabsivet iqr qack

508 det erni nes CthQxl\bé}zﬁiaolg_n\/\@g f 8 he.Least .Mean ,Squar e
(LMS) error bet V\?e&the deci ded QAM Q B2 hbeds wHien is close in' terms

stance 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 QAM symbol and possible transmitted QAM symbols
(threshold symbols). 1In this way, the symbol detection

20 block 508 determines which QAM symbol was transmitted.
The Least Mean Square {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
LMS 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 @ {Eld-jlah. The mean phase noise is
then given by E[dx*dy]=-EF 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.
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stream 57 fromxté'éql o&gmentign ds gbol detection cir- curt 15§ Lt]BﬁIied to
a Frame Synchroni zatT on Reco? réepﬁé nctheuphase wift the tstignaarward Error
Correction (FEC) decoderwHéh IEQeE&?cEiES%ig@lgieC%ﬂ%oi-es LRe gL, stream

into packets of ,204 bytes.at the output. Then: 157 the pacKetsCife Bibpli ed
to a Fr a?gﬁ Pat tsé:rrr?a&u%feﬁr%@ thei ahonementiomed symbbloidetecegshzapte

patterns of theuify ane ayewlfeguidi gi aber .of frames in order
to obtain addi th, al information, _sucﬁfiégs%%%ﬁﬁ%gﬁt&ﬁn BECPBRRY, t hat
i s not encoded | %?’t h& P Ehcolevi tirkn stie Fofwardt Eerors Corpebtigy0 a

first Bit Error(rRatie deddde@ 60. The FSR circuit 61 decomposes the bit
stream into packets of 204 bytes at the output. Then,

15 the packets are supplied to a Frame Pattern Counter €2
which maintains a count of recognizable patterns of the
frame over a sufficiently large number of frames in order
to obtain additiocnal 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 to a counter 705 within the Dual BER unit 70
and then to a second Bit Error Rate estimator 716. fThe
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 the 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 errors, the second BER estimator 716 is not precise since
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etect the kind of noise errors
15 which may occur on the network,

stance,

This allows, for in-
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 decoder 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
altered the information content carried by the transmis-
sion link, e.g. TV Pictures, audio sound, etc. The Dual
BER Estimator circuit makes it easier to determine the

25

cause of the poor transmission and thus solve the prob-
lem.



20 although all of the errors may have occurred at a partic- ular instsgFen
of transm ssion, which may have conpletely altered the infornmation content
carried by the transms- sion link, e.g. TV pictures, audio sound, etc. The
Dual BER Estimator circuit makes it easier to determne the 25 cause of
the poor transmission and thus sol velBhe prob- lem 1 4 SEP 2004 1. A
quadrature anplitude nodul ation (QAM type denodul ator conprising: an

anal og-to-digital converter receivgﬁg an input signal and producing a
first signal , a baseband conversi &P cui t being electrically coupled to
t he anal og-to-digital converter and receiving the first signal and
produci ng la baksehaddatsrgnziplithde beeskbantore dRGMF st¥R® circuit including a
first dir thesjzer circuit (DDS ), a receive filter being
electrica%%§°g%%%c%gc?%8 rl‘ﬁéh‘%aseband conversion circuit and receiving the
baseband si gnatn aﬂ@‘pgo§®c¢M§$alf¢¢T@Kéarbasebaﬁd°s$gﬁaﬁﬁ anperrier
recovery Gir t [ r ; led to the receive filter and
rece|V|ng%t Gl ,Ppéﬁggg%ggéggﬁ é?d%%@ggnd produci ng a QAM signal after
filtering, thea dmseubendre@rmﬁeqsyom etAviti ncl udieandaeleteéndl DS circuit
and a sy | .6 1. ek I y ¢ ed to the carrier
recoverynggﬁgu?%egaéggeggégﬁ%go ? ggiﬁwﬁgﬁgﬁgﬁk;fterq#?%ter|ng wher eby an
out put si gregkiving HdesFibalr tare@étion 281r RXA4IG189 a2 RARSHArEt ed dat a out put
signal; whghein érneeb%aeaae& dAGRYELh RIOCEDS s pk'ﬁc?it)’dx.dx'gghtal

ellnlnatlng the need for a voltage controlled oscillator.” 2. A

denpdul at drlfsésd}lh‘-@l éillﬁrialvﬁfé‘r’:gFﬁl%ar?ecf*FF%% DB8S tircuit i ncI udes a
multiplier. 3. ;A demdukaiess as Iﬁgfﬁgagmgg%rﬂﬂy§&§lEbj&ﬁ%dfksst DDS circuit

further includes: a first adder circui't being electrically
the baseband conversion circuit and receiving the

bassband signal and producing 2 filtered baseband signal,
a carrier recovery circuit being zlectrically
couplaed to the receive filter and receiving the

filtered baseband signal and producing a QAM signal after

filtering, the carrier recovery circuit including a
secznd DDS circult , and

a symbel detection circuit being electrically
coupled to the carrier recovery circuit and receiving

the QAM signal after filtering,
whereby an oufput signal of the symbol destecticn
circuit is a demodulated data output signal:;
wherein the carrier recovery p:écess is purely
digital, eliminating the nesd for a voltags contrelled

oscillater.

2. A demodulator, as in claim 1, wherein the first DDS
circuit includes a multiplier.

3. A demodulator, as in claim 2, wherein the f£irst DDS
circuit further includes:

a first adder circuit being electrically
coupled to the carrier recovery circuit and receiviag a
frequency feedback signal from the carrier recavery

circuit,



coupled to the carrier recovery circuit and receiving a frequency ;gggpﬂﬁb
si gnal fromeemg@gggd' er recovery circuit, 1 4 SEP 2094 WO 02/ 1039

_PCT/ US01/ 40095 -20 a first phase accunulation circuit being RCBUSOI/4GPS Yy
coupled to the adder circuit, and a first constant table being electrically
coupled to the phase accunul ation circuit aﬁ%pﬁupplying a b5 synthesized
frequency feedback signal to the nultiplier. 4. A denodulator, as in claim

1, wherein the carrier rgc?ygr¥ circuit includes a frequency offset
detector and a phase of f et G8tePFHSe ARTUME R KR retpeunty befisgt 10

detector suppl i edeatfieglpcyoopled o ddaéhciddgfy, DRqci roui t and
t he phase of fset detector sggplies a phase offset S|gna}'to ?he second DDS
circuit. 5. A denodul ator? £k ErEiShant Vi le rbeing ssbentr DES1 15

circuit furthercoupledess enhsepRAd Al iyl s, being electrically |
coupl ed to.the phase of f set dg?ector an H%éﬁ%ﬁ?m]%fé%h%§@°6fF§€P¥¥F§EaR
a second pﬁase 4 bEednireaeencybdieryibaik e amtai and Iml@o,u@igg?}yekhe
second adder circuit, and a second constant table being electrically

coupled to the second phase accunul ation circuit and supplying a
synt hesi zed pha$e fe%o@%fmtsl@mr,tasthm dligist DDWHEFSIH tehe carrier

recovery circuit includes a frequency offset detector and
a phase offset detector, wherein the frequency offset

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 DDS circuit.

5. A demodulator, as in claim 4, wherein the second DDS
15 circuit further includes:
a second adder circuit being electrically
coupled to the phase offset detector and receiving a
phase offset signal,
a4 second phase accumulation circuit being
20 electrically coupled to the second adder circuit, and
4 second constant table being electrically
coupled to the second phase accumulation circuit and

supplying a synthesized phase feedback signal to the
first DDS circuit.



