WD 02/ 063842 PCT/ US01/ 40080 -1 Description TIMNG RECOVERY CIRCU T IN A
QAM DEMODULATOR 5 TECHNI CAL FI ELD The present invention relates to a
guadr at urwo casopdsitt ude nodul ati on (QAM type denodul at or f @CTdSD@EWS0 | ati ng
signals nodul ated in accordance with the QAM schene. 10 BACKGROUND ART
Quadrature anplitude nodul ation (QAM islan internediate frequency (IF)
nodul ation schene in which a QAM signal is produced by anplitude

nmodul ating two base 15 band signals, generated i ndependently of each other,
with two quadrature carriers, resp@@t‘spvépyloand adding the resulting
signals. The QAM nodul ati on is used to nodu- late a digital information
into a conveni ent frequency band. This nmay be to match the spectral band
occupi ed by 20 a siHHEING REHEERSOERCUDTE BN tAx L BRMQIULATER to all ow
frequency division nmultiplexing of signals, or to enable signals to be
radi ated by small er antennas. QAM has been adopted by the Digital Video
Broadcdst i ngmmmcamdFmrgﬁ) tal Audi o Visual Council (DAVI C) and the

Mul ti medi a Cabl e ste St tion. b or the
transm ssi on of digi taN?h SI gna s ov%am% b,%z(lgda @%8961%65’0 al
(HFCQ), and I\&mpbmﬂuéel\d:d:cﬂmlqn’omnDIQAMi btwpéuﬁmmd’&mbite&s Byst @éamod®WAVDS) TV
net wor ks. Th M nodul on ene.exists w a varji nunber of
levels (4 R N A 3
8, 9, and 1OSc1h@néls/M—lz Thi s offers up to about 42 Miit/s (QAM 256) over
an Arreid can 6 Mz CATV channel, and 56 Miit/s over an 8 MHz Eurapean CATV

channe This represents the 35 equivalent of 10 PAL or SECAM TV channel s
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
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



WD 02/ 063842 PCT/ USO1/ 40080 -2 over the equival ent bandw dth of a single
analog TV pro- gram and approximately 2 to 3 High Definition Tel evision
(HDTV) prwgroaness4Audi o and video streans are digitally emcodsd/ang mapped
into MPEQ transport stream packets, 5 consisting of 188 bytes. The bit
streamis deconposed into n bits pack- eks. Each packet is nmapped into a
QAM synbol represented by two conponents | and Q (e.g., n=4 bits are
mapped into one 16- QAM synbol, n=8 bits are mapped into one 256 10 QAM
synbol ). Theovermriche) eanponbans bardtidilerell andlngbeuinad e UBY ngrer si ne

and a cosine,uaye LaTSbordc £2k1y 10 (L0 2 MIbUSe Radl o 5 caueseys ()

spectrum The conponents “are usual [y represented as a
const el | at i ofiDTHAI atreepresentdudhe godsviieoc disceane aué udsotekkhy over 15

i n- phase an t LN : t ] d ' is given
by: "5 (1) eSS SRR T s AR Elan S ettt
frequency ofcaresl RE 3¢ bl 188 laydes Q conponents are usually filtered

wavef orns using raise ine_fij ri e ] t : 3
receiver. Thus, the ?lé%%ﬁ?%ﬁgsﬁé%geﬁ]%%?@%%%égﬁgéalIrlgktBJln %‘;%% has a
bandw dt h ofet¥ l+agchvheaeks i 5s tihmpydrbolt¢ randA2Ssyiissl onepratsemnetlia i s
the roll-off fatctor of the raifegndc sipéa filter l‘)l'lhe sgnbol tréigsn’i Ssi on

rate is 1/ ntbyl of° Cf%nép(tnrl%rrll%?ﬁ ssion bit ag{'e’, I%Tz%lce %S bits A napped to

one QAM synboio pate t16reQami $yibdl, Im=riders tare ecayesd t hretbasedad®bsi gnal s
from t he, _npdul at carrier. a deoodul ator is used t he_.re-_ceiving
end of T he. VARG EETbh i ThE Trind aruitnine® 8 FhiorEr &9 or 't he
i nput anpl i fmeiuldiedd recthyes $hee adnalcoscoviesvé hecsynbet) freadiency of
the signal, and recover the_carrier frequen of the RF sigpal._After 35
these mai n' FHFtiDHS, TALEOF RS IECRTVREY n The TP trim. ke T'3nd

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(2nfbt)—Qsin(ZHfbt),

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 f, and
has a bandwidth of R(1+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/n™ of
the transmission bit rate, since n bits are mapped to one
QAM symbol per time unit 1/R.

In order to recover the baseband signals from

30 the modulated carrier, a demodulator is used at the re-
ceiving end of the transmission line. The receiver must
control the gain of the input amplifier that receives the
signal, recover the symbol freguency 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



WD 02/ 063842 PCT/ USO01/ 40080 -3 constellation which is the sumof the
transmtted QAM synbol and noi se that was added over the transm ssion

The receiwerozobssm2 carries out a threshol d deci sion based pam/USIne®s&i t uat ed
at half the distance between QAM sym 5 bols in order to decide on the nost
probabl e sent QAM synbol. Fromthis syrBel, the bits are unmapped using
the same mapping as in the nodulator. Usually, the bits then go through a
forward error decoder which corrects possible erroneous decisions on the
act ual transoonsedl 19t M glyhbbl isTheef sumarll Ene otraeendetedsQalll y

contains a gg-ﬂ e r r I u [ t could
have happene |H9%d%%$2H§h%¥cg%$% ﬁ%%eé%?%gr%ﬁ%gag%%v%r%ééﬁl%%%ggdifficuIt
to correct. Teaerad¢ivernthedatarreesi vet,attleresindhg dasisidd based

synchroni zed_{ o S I f | pconi ng. dat a si.g-. nal . _
analog-inple%%n%%@g%ysggﬁ%gegy%%Eﬁ%%?zan%o%lggén?§§$%%y ?npé$¥o?%%d by
al tering thebphasin odr@et ocal detbdk on tlermgenepadbhaigla sentn@aAMave from

t he i ncom ng i gnpal ._However, in circunstances involving digital 20

t echni ques, ﬁ%@?gﬁh t 108 T ?%mé%%blg%?a?%%ﬁs%ﬁ%l?%@a ?%gﬂsﬁ%%t remai n
i ndependent ohe t dens ymddebitid naaginl the thedel £itscUNBTSNLESy, | theripdtati on
filtering is_used to rocess the digital sanple raduced by an_anal og-t o-
i gi tal convEReErI0 S8R of af VAR L] B BYF HYS N AP trar CPTIFC S M
Gardner, "I npesptibbd | @rromedhygi datidoesson Bas tadtudUntraasenteds”, | EEE
Transactions_on Co ications, Vol. 41, . 3, March 93, and, (2) F. M
Gardnefd ' 71 reRR O bn THE OF GrYSFANEEEE SETSHTT [FSURNEY oHnt ST oIF and
Perfor 30 nefeeintdfEdeansiocse 0nsloONi £orduaheadd onst &PrordlehdNo. 6,

June 1993] descyihe a fundanental equatjon for i r- polation., In the
articles, Gﬁ?ﬂ%@iqﬁF6bd%%%p%n t HOPHHFES | R ﬂﬂﬁ?@%i VR ORERBFLd%t | i nes

the signal - phoeesI5éd more difficult to correct.
Generally, in a data receiver, the timing must

15 be synchronized to the symbols of the incoming data sig-
nal. In analog-implemented systems, synchronization is
typically performed by altering the phase of a local
clock or by regenerating a timing wave from the incoming
signal. However, in circumstances involving digital

20 techniques, wherein the signal is sampled, the sampling
clock must remain independent of the symbol timing. In
these circumstances, interpolation filtering is used to
process the digital samples produced by an analog-to-
digital converter.

25 Two related articles by F.M. Gardner [(l) F.M.
Gardner, "Interpolation in Digital Modems - Part I: Fun-
damentals", IEEE Transactions on Communications, Vol. 41,
No. 3, March 1993, and (2) F.M. Gardner, "Interpolation
in Digital Modems - Part II: Implementation and Perfor-

30 mance", IEREE Transactions on Communications, Vol. 41, No.
6, June 1993] describe a fundamental equation for inter-
polation. In the articles, Gardner proposes a method for
interpolation control, outlines the signal-processing
characteristics appropriate to an interpolator and de-

35 scribes implementation of the interpolation control



characteristics appropriate to an interpolator and de 35 scribes

i npl ementation of the interpolation control WO 02/063842 PCT/US01/40080 -4
met hod. AsOwelob3sbe described in nore detail in the de- scrPCpitiSon4mso t he
present invention, the mathematical nodel for interpolation with a
time-continuous filter includes a fictitious digital-to-analog converter,
fol 5 lowed by a tinme-continuous filter h(t), and a resanpler at tinet =
kKTi. The output interpolants are represented by y(kTi) _E x (nTs) h
(kTi-nmTs) (Aetidd0 The widl udanidegepriesenirs mdrwe idestanit siroftlzamepl i ng of

the anal og-to-digital c erter. The resanple- instants t = KkTi. are

del i vered bf’%ﬁﬁé‘ﬁ%%ﬁ@%?“o%ﬁroﬁﬁe B8ct rg)la?no’r .t emantushrreer?alltclacially controll ed
oscillator picaldb fhweesntewpaisgnads vattle ac ht imarecarifisinukhes fiildtersi gnal is
an overflow signal ?, ich indicates that a resanple instant (t. = KTi)
s oocur red AT et 1okt e G L i SR Gy e 4R -

fracti anal signed By, a sthidfe-ddigdimiolis refireset &)t heartd ree Sddmeide | ast
resanple 20 instant. In._the in ergol ation net hoc_jLaElropose i

Fef o bnces, Hqueiiort (A)Tis 1 Shr BHGEH T REPELoR68) ARG carFPRCERBEE
interval, kby 25 pk = T'-mk and a filter index KT. i =1int[ T1] -m 30
S Equation (A) can then be rewitten as 1-1
y(kT,) =Y, x(mT ) h(kT,-mT,) (A)
10 "’
The value mT, represents the instants of sam-
pling of the analog-to-digital converter. The resample-
instants t = kT; are delivered by numerically controlled
oscillator. The numerically controlled oscillator pro-
15 duces two signals at each time mT,. The first signal is
an overflow signal (, which indicates that a resample
instant (t = kT;) has occurred during the last T, period.
The second signal is a T; - fractional signal n, such
that nT, represents the time since the last resample
20 instant.
In the interpolation method proposed in the
Gardner references, equation (A) is rearranged by intro-

ducing a fractional interval,

25 pk =

and a filter index

kT,
z
T

s

1= 1int][ 1-m

30
Equation (A) can then be rewritten as

I,-1
y(KT) = . x[(mk-1i)T,] h[ (i+pk) T,] (8)

i=I,



y(kTi) _t x[ (mk-i) Ts] h [ (i+uk) TS] (B) i=I1 WO 02/ 063842

PCT/USOl/40080 -5 Then, a finite inpul se response of length (12 - I,. + 1)
TS was cWoemn6Isar h(t). Wth this choice, Equation (A) ca&aT/usel/¢wsput ed
with a finite inpulse response filter with (12 - 11 + 1) taps. Each of

these taps is conputed as a 5 function oi-fractional interval pk, which
provides the result: h ((i+pk) TS) =fi (}.k) (C 10 As a consequence, the
i mpul se response h( a function of the variable t/Ts. This neans that

the filteriTerpr @oéi)-ﬂtnﬂé::,e OMMAs s RiasmeEis O, langts(The Ibandwi dfh for
exanpl e, ar . fd xad, ch;resfp@&t U qy4 é?PtkﬁWHdl%&' @nh a8 ek

dependent on the useful part of the input signal x(t). CGeneral Iy, for an

i deal i nput bssjaqpmEubgd )Wl‘ffhea |fm@rt®llét%ds§i giesnonse il e wittfendz at ed
for a high bauyd rage %é%Ebec%ggﬁ t eghggﬁagﬁﬁ %tgomgﬁ %ge aknput signal is

| arger with re§pect to e interpol ator rtron, in

practi cal nddematizo agipliceationsl ting auvsdt uéq,gm\énlq&( tOrdwsidese ‘whem of the

useful signal.5(.), With bandw dth proportional to the transmssion rate
1/T, and the reS|duaI i mpai rment signal Xm which has to be filtered and

whi ch may have a band- width as large as 1/Ts. In this case, it is evident

that 25 the interpolated inpair L nuch nor e i npor - t in
cases where there is a |low trans SSIéﬂqa tgul than in cases mkep

there is a high transmssion rate. In the prior art interpolation nethods,
Thter ol index T3 not g FhSITH SHPOE by e RIS I Rencrial &8
osci | | at or andureriefroreef hdse tetiebdemputled. THhe ﬁhaﬂaethaefehence
Proposes anf”ﬁ%giﬂggwggé%grriégcof'%ﬂgﬂﬁhterpolator, such as the
bandwidth for example, are fixed with respect to the
sampling clock, and are not dependent on the useful part
15 of the input signal x(t). Generally, for an ideal input
signal x(t), the interpolated signal, y, is more attenu-
ated for a high baud rate 1/T because then the bandwidth
of the input signal is larger with respect to the
interpolator bandwidth. In addition, in practical modem
20 applications, the input signal x(t) is the sum of the
useful signal x,(t), with bandwidth proportional to the
transmission rate 1/T, and the residual impairment signal
X,, which has to be filtered and which may have a band-
width as large as 1/T;. In this case, it is evident that
25 the interpolated impairment signal Y, is much more impor-
tant in cases where there is a low transmission rate 1/T,
than in cases where there is a high transmission rate.
In the prior art interpolation methods, such as
that described in the Gardner references, the fractional
30 interval index is not directly output by the numerically

controlled oscillator and therefore has to be computed.

The Gardner reference proposes an exact formula for uk:

35



k = (D W(nk) 35 WD 02/063842 PCT/ US01/ 40080 -6 and al so proposes sone
practical approximtions to inple- nent this division. Additionally, in
practi calwprplexsen- tation with Digital Signal processorsPOI/Ushhennso
circuits, the conputation power is not efficiently used for low5
transmssion rates, 1/ T. Therefore, as the transm ssion rate decreases,
the processor activity and filtering performance also decreases. It is the
obj ect of the present invention to provide a timng recovery circuit in a
QAM denpdul ad=f ah%P tPEAPQRRS T e Pol Gl APRELHEWR tHes i &o | Haebendent

of the symbohef@aten ANUINAL: &:8] €CAGAIPREnLT 14 NerS I Rt QU T Shdferhdie-

bandw dth of the receive channel. It is a further "object of the Invention
to provide Bation i tleddh@rtakiFeanal tpreecesTRr Aty midigol alrdsits on
met hod that allo ey L4 4 a0d fregue SRANSE he,i M &rpol ation
to be invariant (vaﬁttl% tregsipcge%{l&%o theé i nt 26?%%3{?“5 ratlg%e%ngo%hugﬂmth
respectdto tieansansiien mAtes r at €7 . 20CISHMERE O STHE1¢ NVENTHION: Thent above

obj ects hav F=Todall i i r \ e i ¥ M
denodul at or ervé:?%hnd uses%eeg’s%%ﬁ%%eeé%t%%ﬁs%%aﬁﬁﬁ%%%%% rpol ati on
filter. As oppbzetbnee mise daceremtdds of interpolation which 25 use

i nterpol ation functio v!r% gh,ar dgé ned &?e &311 o tiiereSEiéﬁ T?%o
(time/sanpling interv;fﬁ, he method of ~interpolation used 1n the present
i nvention i sodefidred dsiming uretdwerofcirddiiy timmed iQrerdmhedilatont er val )
This il °""5t}§£‘€.1'1 (%§r5810|ia 18 J#Aéfrr& ”rge%}%’oé’et tataldy, | gﬁeﬁ’@e&@ggfnt of
the synbol rate in terns of conpleXity an pertor ieEnce a provi des a
better rejecthonswibaldjmientand that rejects most of the signal out-

side the bandwidth of the receive channel.

It is a further object of the invention to
provide a timing recovery circuit that uses an interpola-
15 tion method that allows the timing and frequency response
of the interpolation to be invariant with respect to the
interpolants rate, and thus with respect to the transmis-

sion rate.

20 SUMMARY OF THE INVENTION
The above objects have been achieved by a tim-
ing recovery circuit in a QAM demodulator which uses a
symbol rate continuously adaptive interpolation filter.
As opposed to prior art methods of interpolation which

25 use interpolation functions which are defined as a func-
tion of t/T, (time/sampling interval), the method of
interpolation used in the present invention is defined as
a function of t/T, (time/interpolation interval). This
allows the interpolation filtering to be totally inde-

30 pendent of the symbol rate in terms of complexity and
performance and provides a better rejection of adjacent
channels, since the interpolator rejects most of the
signal outside the bandwidth of the received channel.

The resampled signal is delivered to the inter-

35 polation filter by a numerically controlled oscillator



channel s, since the interpolator rejects nost of the signal outside the
bandwi dt h of the received channel. The resanpled signal is delivered to the
i nter- 35wpakastisen filter by a nunerically controll ed osciPCITAtSO1/4008)

02/ 063842 PCT/ US01/ 40080 -7 which is controlled by a signal which
estimates the ratio of sanpling intervalFinterpolation interval. The
interpolants are practically inplenented by using a

mul tiplicator-accumlator operator. The output of the 5 timng recovery
circuit is suppthetstoontretled oy iad tergnahdviiheln estimetesidre rebiery

circuit to reeq j ']%QQ_L ON THE DRAW NGS
10 Fig. 1 is&g %%ﬂo%ﬁbﬁ?agﬁﬁﬁlgi tv%?%%%%t?%r- ac%g ni tﬂl:en whi ch the
denodul at or witereopresentre nyveacti¢ahlnambeengerted Fhy. uPing a bl ock

di agram of t ,?5?1) r e i nyenti.,0n0. i is a block
di agr am of trﬂgl [ s?é%\e&gu%é) um%#ﬁfcﬁ% O}g%o%% at orrhg%o%}éﬁmgt Ig:?fgstljié Fig. 4
is a blbck difgimen oéconersecontiiAG s uhinpbied heo dempelekaverfshiosn in Fig.
2. Fig. 5is i agr f ection of. D2 t shown in
A I e Nt Lt TR
denodul at or chower nstgmpl 2. Fig. 7 is a block diagram of the digital
timng recovery circuit of the denodul ator shown in Fig. 2. 25 Fig. 8 is a

bl ock diagram of a generally known interpolation nodel. Fig. 9 is a block
di agram of BRIER cDPHCRIPDION M elHRISEAWINGSe digital timng recovery

circuifoof Fig. 7. 3G fi9.; 10,158 blhock dlagram ol a.phase foise and
face Unit in which the demodulator of the present inven-
tion may be used.
Fig. 2 is a block diagram of the demodulator of
the present invention.

15 Fig. 3 is a block diagram of the first AGC unit
of the demodulator shown in Fig. 2.

Fig. 4 is a block diagram of the second AGC
unit of the demodulator shown in Fig. 2.
Fig. 5 is a block diagram of a section of the

20 demodulator shown in Fig. 2.

Fig. 6 is a block diagram of the Direct Digital
Synthesizer of the demodulator shown in Fig. 2.

Fig. 7 is a block diagram of the digital timing
recovery circuit of the demodulator shown in Fig. 2.

25 Fig. 8 is a block diagram of a generally known
interpolation model.

Fig. 9 is a block diagram of an interpolation
model used in the digital timing recovery circuit of Fig.
7.

30 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.

Fig. 11 is a block diagram of the Dual Bit
Error Rate estimator used in the demodulator of Fig. 2.

35



additive noise estimator used in the synbol detection <circuit of the
denodul ator of Fig. 2. Fig. 11 is a block diagramof the Dual Bit Error
Rat e estiwatoenscissed in the denodul ator of Fig. 2. 35 WO @2r06884@80

PCT/ US01/ 40080 -8 BEST MODE FOR CARRYI NG QUT THE | NVENTI ON Wth reference
to Fig. 1, the QAM denpdul ator 99 of th&-present invention would typically
be used as part of a Network Interface Unit 92. The Network Inter 5 face
Unit 92 is defined as the interface bl ock between a signal 95 received

from a Cabl 3ENEY WEIDE Mt%ﬁmﬁ OWf gfith BYENTIEPMenul ti pl exer. The

signal 95 fromthe L LR LS ddpuly 11O @hd ugh Mrodhtaddiner ac-
cepts frequencies in t e range of 47 NMHz to 862 MHz at 10 its input and

down convert%9 tdie et axtererit euesllam wanld eyl By o¢ respes (I F).
This IF fre Yo ei'vgé@ ‘E‘#%Q dt he

geogr aphi c ocat |écj)n Oexgg flll;k@elC C%%A%\Md Flk}l‘:’%ﬁl\T ‘?&‘Z"tlg thJ_I

channel5 wi t hEdde dmm@mmmefmd @@Mﬂ@ﬁwmim{ 1156'&1/&@@ & 8 Mz
channel vvlth I 1€, 0 t@;j% !; Pﬁ to a
surface acousjt o maveqi%G%%? E{I % ]heqﬁ requency ei n% eifqual to the
SAWfilter iamalr 53 eqm@@emmmm of Thehes IRAWE i 9% ef r@F tilze suppli ed

to an anpllfle‘g%ﬁtrhetw‘%]ﬁ% i TERU lc_)m_tc qgjsrfél%a%o quhéh@u c_Iélter

attenuation i'er' 981s supplied to the
QAM dem)dul adept@@fredﬁmm |jfm etrh@&ramg"e adﬁo&’/ha\ﬁ& atvadbabiez gei n

contr an Gai n_Cont.r ol { he M ermdu- | at or
99. '?l(} S aIJs 40 OWeC@W%te%%? %Qe(gSflfeq e(%b\ gt if vari ous
ot her di gi taintteEJﬁﬂiEﬂﬁlaStse oﬁresq&émgs IBS)i ng TMM o]rF qmmmm@@ems such as

rz?dlt ﬁel IQIZ\K/IS e%a?nrb%lcgf ncct)vs(r)fgﬁh as Irelhaot ncet Vgie geogengae;glgl ng to Fig.
location. For example, NTSC, USA and JAPAN have a 6 MHz
channel with IF around 44 MHz, while PAL/SECAM and EUROPE
15 have an 8 MHz channel with IF around 36 MHz. The output
of the tuner is input to a surface acoustic wave (SAW)
filter 97, the IF frequency being equal to the SAW filter
center fregquency. The output of the SAW filter 97 is
supplied to an amplifier 98, which is used to compensate
20 for the SAW filter attenuation, and then the output of
the amplifier 98 is supplied to the QAM demodulator 99.
The amplifier 98 can also have a variable gain controlled
by an Automatic Gain Control signal 94 of the QAM demodu-
lator 99. It is also possible for the QAM demodulator 99
25 to be used in various other digital transmission systems
using QAM oxr QPSK demodulation, such as radio links,
wireless local loops, or in-home networks.
Referring to Fig. 2, the QAM demodulatoxr 99 of
the present invention includes an analog-to-digital (A/D)
30 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
signal 12. The output signal 14 of the A/D converter 25
is supplied to a baseband conversion circuit that in-

35 cludes a Direct Digital Synthesizer 30 in order to con-



the present invention includes an analog-to-digital (A/D) 30 converter 25
whi ch receives the IF input signal 12. The A/D converter 25 sanples the IF
si gnal l12wendogseriuces a digital spectrum around the center/usoeguency FO
of the IF signal 12. The output signal 14 of the A/D converter 25 is
supplied to a baseband conversion circuifthat in 35 cludes a Direct
Digital Synthesizer 30 in order to con VI)02/063842 PCT/ US01/ 40080 -9 vert

the IF signal to a baseband sjgnal. The output gnal 14 of the AID
converter 25VPEtafks §Ep§¥9@ﬂltEotﬁebaF?P§FdAﬁ%6ﬁ% i c EBPnOebR¥EOl circuit

(AGCL) 10 foglgﬁal G rObEI EHetﬂ%aeéhQQrgékn29f:Léhgléapgﬁpﬁ!l.géé' téztﬁé the 5
A/ D converter 25. After the signal has been converted to base- band

si gnal havi n§15pgnarteBapbRehRsn | C@nﬁﬁﬁésé}raﬁatQ<A{5%édilat 6iP¥) COflhe

baseband si gB@Bll§n§”9Hé'§Haﬁ_8 a?aml B9 thECONBLY i gRMI L 1850whigh is used
to synchronize the 10 timn denodul ator circuit to the synbols of

the inZom n§/Bi gABVSTEFHe2Pinming recovery circuit 35 uses a continuously

vari abl e |nterpolatlonAgtg£e£hEO£l§ﬁg@Ihgg b%@ﬁ %gﬁ?grgégngg ghbgF?alloms

the circuit to recover very arge range o rates, as w
further 15 ébpnéuaednbélbaV1nﬁessggaélcp@p@h@ntguppli@ﬂh@@eé angi Q tal

I tipl t
clroult 20, THEASEEReES) [PEhe oaBeBRRATCIQUAPTRS Eupti} Ba BELB LN (o
an Equal i zerrégoveThecABGSR1ti Beuvhiol is asedgthSym@hr@nnaalthand perforns
20 a f}@e adhyﬁiﬂg? OEhEhﬁeﬁb ”fét&?VSEréﬁlEhEoe é'éfﬁ%aﬁ§ltse The

digit AGC circu 0 only es Into ac- count since
adj acent chamnebmihavelgn@ba flTherEMmoug bycoheryecerve1t|B5eu84s aand

thus Corrpenéﬁﬁg%ngiog%igu,gr 1&“%19 89a€‘16§13: EHE %% &2upi G ey

have reduced e 1rnpu OWET to a acen channe e receive filter
40 i s a squatkd ifopttraigesl whlch allows the circuit to recover a

very large range of symbol rates, as will be further

15 explained below. The signal is then supplied to a digi-
tal multiplier 210 which is part of a second Automatic
Gain Control (AGC2) circuit 20. Then, the signal goes
through a Receive Filter 40 and then to an Equalizer 45.
The AGC2 circuit 20 is a digital AGC circuit and performs

20 a fine adjustment of the signal level at the egualizer 45
input. The digital AGC circuit 20 only takes into ac-
count the signal itself, since adjacent channels have
been filtered out by the receive filter 40, and thus
compensates digitally for the analog AGCl circuit 10

25 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
0.30, which accepts the timing recovery circuit output
signal and ensures an out-of-band rejection higher than

30 43dB. This significant rejection increases the back off
margin of the Network Interface Unit against adjacent
channels. The equalizer 45 compensates for different
impairments encountered on the network, such as undesired

amplitude-frequency or phase-frequency response. Two



cosine type which supports roll-off factors from0.11 to 0.30, which
accepts the timng recovery circuit output signal and ensures an

out - of - bawa oeepaser i on hi gher than 30 43dB. This signifi calCTESpEA0B®ON

i ncreases the back off margin of the Network Interface Unit agai nst

adj acent channels. The equalizer 45 conpensates for different inpairnents
encountered on the network, such as undesired anplitude-frequency or
phase-frequency response. Two WO 02/ 063842 PCT/US01/40080 -10 equali zer
structures cauubbigerestedetiransyanshe selebeedsi Gnafisedbagk &t h

sel ectabl e cgnlial ofapeRABLLIOM: o ThE QULRU oSLORALS: OLoLhg,gguabl zer 45

are suppl|e e carrier recovery crrcui reco carrier
signal. The carrier retbeeoytputceigndDs afl bas GQQahtqersﬂ5|@neand

tracki ng of a, freguen fse as_high as 12 ercen f, the rate.
The frequency %f%%gtg¥e§%ve éﬁr%éﬁ %c%%%rYO? ?hro%gh é ﬁ%%g?% er- face.
Thi s i nfor mathenceanibe asedai o rEhdjuafriéE reueveﬁﬁ oirthet dedrodul at or

frequency in der reduce t terin gradation of the signal,
wht an hel ps BoLPRy b0e SPHESA EEap ropd, BrelREohE Bt Er gty s b Ehe
carrier recavehyghi asull bBrecensuppl tied S@mhoEyﬂbbé demheiﬁﬁeqhenuyt 55

dis al [jed to a P t t tal L
il tor 220 vl RPRECHECAY PO GF ACEDCh EOFTa26P T OoBY o1 0AC o BaP control

signal 225 tfacéhe mhhbiphfefmaﬁﬂonV%éﬁlBetﬁeeﬁyﬁbOfeﬂéﬁustOﬂh@Itun@hit 55,
t he si is s li.ed a s t hreshol d etector, .then to
dlffergﬁtlal gﬁ%e?ema Hl?Fﬂén?ﬁeg%eﬁﬁyalfw@F ?IDRWI€¢6%CﬁaB%%rE%%|Ch
produces thetéﬁﬁ@geﬁégraaatlsﬁr@@ntﬁé seghalp Wheckonvepd E%rﬂmpﬁbvéectlon
Circuit 60. The output 57 of the sgnbol deci si on CIFCUItF$S al so, supplied

to the Power RBnPLFaBbFOd Febft 28BS THEPEDr fAPECEr Por OEoFRRcEFHRL FEEC)
circuit 60 26cbi&8y pertaiassa {&agBpSyDEelr 88 Zaki@aBoblaeniyhbeh the

circuit 55 and is also supplied to a Power Comparator
15 Circuit 230 and Digital Loop Filter 220 within the digi-
tal AGC2 circuit 20 to provide a gain control signal 225
to the multiplier 210. Within the symbol decision cir-
cuit 55, the signal is supplied to a symbol threshold
detector, then to a differential decoder, and finally to
20 a DVB or DAVIC de-mapper which produces the recovered bit
stream 57 sent to the Forward Error Correction Circuit
60. The output 57 of the symbol decisgsion circuit is also
supplied to the Power Comparator Circuit 230.
The Forward Error Correction (FEC) circuit 60
25 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-
interleaver and Reed-Solomon (RS) decoder 65, where the
packets are de-interleaved and then a correction is per-
30 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.
Two depths can be selected for the interleaver: 12

35 (DVB/DAVIC) and 17. The depth 17 increases the strength



bit streamis deconposed into packets of 204 bytes at the output. The
packets are then supplied to a de- interleaver and Reed- Sol onon (RS)
decoder O8Q 0Moexse2 t he packets are de-interleaved and t he®Ca/usor/4®8di on i s
per 30 fornmed by the RS decoder of a maxinmum of 8 errors (bytes) per
packet. The RS decoder al so provides otfid~ informa- tion regarding the
uncorrected packets and the position of the corrected bytes in the packet,
if there are any. Two depths can be selected for the interleaver: 12 35
(DVB/ DAVI C) chdElky syRtem geteh- st | inardase naise s tudn s e 0 41ee384®
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duces a Bit &&rroradshtte cBiedriat, Bt Asrrexplmiteediabmies a@the @ualreaut omati c

gain contral_(AGQ), .ciycuits ar j.tuated b re d_after the .recejve
Pl Lore to COMUITILRIRS fbal V) SV B Phdors SIHpAE t o Pt Al
circuit 10 cdnitdiolesstiet@ndlog arghidi gf Rihe Hmort reitgrzalbadfed ew A/ D
converter. Wth reference to F'%&S tf{]ﬁ_aout ut signal, 14 of the AID
converter 2555 FPIE ST 1B zf‘rﬁio A 7S 0h TR TP AT HiRe AGcL 10
in order to ®dsdegred sitthErsignaatde &gl of2 .t he recei ved signal 14 and

conpare it to a predeter- m.ned sjgnal |level. The power estimation circuit
110 includes a squar &S5dH & %g?ovcedn\}t&et |drlﬂga%t RELEHHAC ££ Y nto a

square wave déhth®l NAEC) i icHRRratOrtubddd before and after the

receive filters to control the received level of the

15 signal. The first AGC circuit 10 controls the analog
gain of the input signal of the A/D converter. With
reference to Fig. 3, the output signal 14 of the A/D
converter 25 is supplied to a power estimation circuit
110 of the AGCl 10 in order to estimate the signal level

20 of the received signal 14 and compare it to a predeter-
mined signal level. The power estimation circuit 110
includes a square module 130 for converting the signal 14
into a square wave to be input into a comparator 140.
The comparator 140 compares the input signal with a pre-

25 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
reference voltage, can be adapted by a modification cir-

30 cuit 120. The modification circuit 120 monitors the
presence of signals from adjacent channels 125 and adapts
the reference voltage accordingly. Additionally, a de-
tection of saturation counter 115 detects whether there
is any saturation in the A/D converter and, if so, sends

35 a signal to the modification circuit 120 in order to



The conparator 140 conpares the input signal with a pre- 25 determ ned
reference voltage, or conparator threshold voltage, and produces an out put
si gnal whwo o2lesshevel of the input signal matches the | epelr/usbil/4doso
conparator threshold voltage. The conparator threshold voltage, or
reference voltage, can be adapted by a-#&di fication cir 30 cuit 120. The
nodi fication circuit 120 nonitors the presence of signals from adj acent
channel s 125 and adapts the reference voltage accordingly. Additionally, a
de- tection aﬁjxs%ﬂ: u¢1@@ i el eoentervaimgrt et @ deiet feretieirate stbaﬁn

SrlrgEj:J][ ?E::a'?lnoln clrcul t ggn‘?{ﬁ{%]?(rjterr?@?sol af%‘? 0633%%&%1?U801/ 40(#80 -12
adj ust the rle4@r etice votpagesignal def the aowenastinmetosatinationll1ft er
estimmtor ol rour PHAD £ et et oo g ot S AL e g cn T
renovess 5 t Hﬁl@:a@&rmeif@q@m@ycmmmmmrstjamhdldmmmmﬁ riomn Hehe si gnal
Coop 11 or I LEd e SEOLE Y o SHETE RSaflanddlf S epngldp gote
anplifier mestiensigmgel n Cﬁ@él@ﬁgkﬂdkﬁﬂd@p filter nip haredédness ia iesn- The 10
cuLput SLnely A2 lod e ot (aly geecf 1100t 50 Lo eoreyshatlg o Pul oo
whi ch producssim sogfibdurdtion hizdr cbnnitmlrsg trtrmahateengr:gmes of The arrpl ifier
o ovi b ST (WP hoa Voriiy Hhe G A v ieE v IS 1 oop
filter. Sincesitted poses BSIsaafidth idodeldtedt einby ¢ipnall gid@lwhocp
Stabl o con- 1F GTUBE ShetSdgori AGLRST i B0 18 B (UATeH AT Y he.
receive fil teg7 4bhat hesefosbs oty tvidy Jaoid ak®e tid camplifier of the
A/D converter. Another output of the digital loop filter
15 provides a signal 155 for monitoring the gain value of
the digital loop filter. Since the power estimation is
estimated by the digital loop control, the PWM signal
that controls the analog gain generates very stable con-
trol.
20 The second AGC circuit 20 is situated after the
receive filter 40, therefore only having to take into
account the received power of the QAM signal itself, and
adapts the internal amplification level to the correct
level before threshold decision. The second AGC circuit
25 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-
ence to Fig. 4, the output signal 42 of the timing recov-
30 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
circuits as explained above. The output of the carrier

35 recovery circuit 50 is fed back into a power comparator



account the received power of the QAWM signal itself, and adapts the
internal anplification level to the correct |evel before threshold

deci si on.wOhe/oexsennd AGC circuit 25 20 conpensates for thecatusenumso on of
the first AGC cir- cuit 10, which is caused by the presence of adjacent
channel s, and al so adapts the signal |evkd-exactly to the decision
threshold levels of the QA M signal. Wth refer- ence to Fig. 4, the output
signal 42 of the t,im'ng recov 30 ery circuit is supplied to the digital
nul tiplier 2%8T6r1tt ReUseéofiieansecenechfe obrcThs dPgwhakhmububpkeer 210

mul tiplies thgesb@hahc WaLRR11 Sot ReBnSURR! et 9.t REL 5§9§i¥§ Lhhger 40,
equal i zer 45 and carrier recovery 50 circuits as expPaln d above. The
out put of thBleRri eet3gts @AYyvERYuerr cubt d59italf édobatklirtro220power

conpar at or W9 024063842 BSY/ Q§%é499§9a151§ ST anéaiﬂ.ecéﬁg%‘ﬁ ACGC
circuit_20 which con]é:))ares t he out pu S|gnaﬁ1 5 romthe carri er recovery
circuit® wthlenakt29% taMEhal dégitaldingl tablieop2idlt eAdd20iohallers out
any error signa| d, proyuigde [ n ignal 225 .10 the digital
mul tiplier 210. a2 5a %ﬁ,ﬁeip%?%%%§82 %8%a§h%e %9%5?%e&°??oﬁ%%ﬂ%g
digital |ooplfi¢réder i@ medetorothenamount hef ageimt of gain. Wth reference

to Figs. 5 and 6, the e -_fiQne Lrect Digital Synthesizer (DDS) 30
digitally 10 tunes theﬁjs'%ngggiﬁ%l?%mg? %él%D co%%ér%érgg% 0 bEW t hi n

t he bandw dthiofed heirecei DVegithl esydthevenet n(bbe) saséigitallarge
frequepgy of 0 he: iver vides nore flexibjlity in the
frequency va ?Jrgéss uttél'é% Jyéﬁ%ﬁeyfinfp% s?lgén;}?‘}.]g'[%%n‘fﬁf%?ﬁe%ak% equency (I1F)
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2, Lt 08 S belore dheetepelyiol Ll ehea 0 Un grdep Lo dlgtally fune the
the carri erprecioles ynatre cil¢x50i1otfine thmeftdgush@pataphésSeused by

the input signal. The Intermediate Frequency (IF) to

15 baseband signal conversion is accomplished by using a
combination of a first DDS 30 before the receive filter
40 in order to digitally tune the signal within the re-
ceive filter bandwidth, and a second DDS 545 within the
carrier recovery circuit 50 to fine tune the signal phase

20 after the timing recovery 35 and equalizer 45 circuits.

Referring to Fig. 6, after the IF signal 12

passes through the A/D converter 25, the output digital
signal 14 of the A/D converter is supplied to a multi-
plier 304 that is part of DDS1 30. The multiplier 304

25 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
circuits, as explained above. Referring to Fig. 5, the

30 carrier recovery circuit 50 includes a frequency offset
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
55. The frequency offset recovered can be monitored

35 through an I2C interface and the information can be used



20 after the timng recovery 35 and equalizer 45 circuits. Referring to
Fig. 6, after the IF signal 12 passes through the A/D converter 25, the
out put diwDtoalo63ss: gnal 14 of the A/ D converter is supplie@CraSal/#»oBai -
plier 304 that is part of DDS1 30. The multiplier 304 25 converts the
digital signal 14 into two parallel comdd- nents, | (inphase) and Q
(quadrature) which forma QAM synbol. These signal conponents proceed
through the receive filter 40, equalizer 45 and carrier recovery 50
circuits, asexsiaalived dheyEurRsf REnQy Firg.orslen He 3ede itdre recovery

ci rouit 50 ol ias, p JJ LRG0T, Seine dBlcREl 528 Gkl imlik 2 hase

of f set detect 535 ¢ircui or recovering t carrier signals to sent to
the digitalbiAGEZ iy qutte .20 Tvids tinf syweiulordeteecta e dig cidnt &85.2 The

frequency off.s r vered.ca it or t 2 ce and
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the turfer f riecreerency widitderond ated sty fidfcerd ndiadegreatate onilon t he
signal and thus j{prove e _bit error .r ) IS J tiQ so be
Sent as a e dATE P e DA T i o o rEeEr The S
frequency wittdh WemiiD&t%e coruriac\b4fef orfeg ey imgr ei \deiefli |IDDS extAztultee phase
detect circyit 535 sen a signal 537 taqg't S2__ci_J.cUj 45._ Enpl oying a
dual DDS st%uoctcuorngcrqelo%??oentdfo e VcForV\Sn’ﬁloélor?\t/}:rtgl% on%nggjt#leahl E[Osiagnal to a
baseband si dgradebesmndadigniadgecusdvarttmaiedure drongrdtodhel A due duency

down- version is optjmal for frequency recov- ince it is done before
the rddi ve FITTETR0 AT SFHTG. Hhi 1R AT 0K H ARG RSrgy

bef or e equalery zbtriden iand s atdrieerbdf@guedley residinat ifan tesi4e irhe short

| oop carrier ase recaqvery, is.optimal for phase track 15 in especially
in case of & &cﬂ é‘?%ﬁﬁylﬁ’e%%ﬁ%ﬁ’?lm%fsé‘r% etnoerﬁyg.]b%%oﬁeeoé%ﬁﬂ er
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loop carrier phase recovery is optimal for phase track-

15 ing, especially in case of phase noise on the signal.
Referring to Fig. 6, the carrier recovery fre-

guency feedback signal 527 is supplied to an adder cir-
cuit 306 within the DDS1 circuit 30. The adder circuit
306 adds the frequency feedback signal 527 to the config-

20 ured IF frequency 27 and the resulting signal is supplied
to a phase accumulation circuit 305 which accumulates
frequency elements determined by the frequency feedback
signal 527. The signal is supplied to a constant table
303 containing sinusoidal values which synthesizes the

25 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
circuit 535. The purely digital carrier recovery elimi-

30 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 phase noise of the
signal.

With reference to Fig. 7, the timing recovery

35 circuit 35 uses a symbol rate continuously adaptive in-



cuit 306 within the DDS1 circuit 30. The adder circuit 306 adds the
frequency feedback signal 527 to the config 20 ured |IF frequency 27 and the
resul ti ngweiogneds4i s supplied to a phase accunul ati on cir ®@airtusso®osmi ch
accunul ates frequency el enents determ ned by the frequency feedback

signal 527. The signal is supplied to alonstant table 303 containing

si nusoi dal val ues which synthesizes the 25 signal. The synthesi zed signal
316 is supplied back into the nultiplier 304. Referring back to Fig. 5,
the second BBSPLrvtoit LblEeppRiatler iresdmobing Waanbroekctipendhat it

synt hesi zes z&:-}f‘ boUE 85908l 0P :f@fméﬁ?ocﬁ’é‘aéa‘? E&&Bol& {GHIfnb3p. The
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i nt | ati [ d 3 [ t digit KT
325 produced by an anbiBGeRetr I A COVETRere oo ats 19% THP bl der 15

to generate datietipoi ants"pydddss SOhitedl redmmplédix ( kﬁgﬂ1325 produced
by an analog to digital converter at rate 1/T,, in order
15 to generate "interpolants" y(kT;) 365 at rate 1/T;, with
1/T; multiple of the transmission baud rate 1/T.
The following will describe interpolation with
a time-continuoug filter. The mathematical model is
described with reference to Fig. 8. It includes a ficti-
20 tious digital to analog converter 802 which produces
analog impulses 814, followed by a time-continuous filter
h(t) 804, and a resampler 806 at time t = kTy. The output

interpolants 820 are represented by
25 y(kKT,) =Y, x(mT,) h(kT,~mT,) (1)
m

Referring back to Fig. 7, the resample - in-
stants t = kT, are delivered by a numerically controlled
oscillator 358. The numerically controlled oscillator

30 358 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
T, period. The second signal 362 is a Ti-fractiomnal
signal n, such that nT; represents the time since the

35 last resample instant.



1/Ti multiple of the transm ssion baud rate 1/ T. The following w |
describe interpolation with a tinme-continuous filter. The mat henati cal
nodel s woagosished with reference to Fig. 8. It includesPaTfliSot/40080 ti ous
digital to analog converter 802 which produces analog inpul ses 814,
followed by a time-continuous filter h1§-804, and a resanpler 806 at tine
t = kTi. The output interpolants 820 are represented by 25 y(kTi) _

X(mr3) h(kT?-mls) (1) MReferring back to Fig. 7, the resanple - in-
stants t = kTi are del Ther pdmbyiaahlyecogttbylednosclilédtonsdbBl asor 358.

The nunerically, contrqgl]led_oscillatar produce ls at each
time nirs. Th%O¥F?%?£e§i%HaF §6?nﬁg @ﬁmg g%? egg Eesm%mﬁlcﬁ i Adi cat es
that a resampm®. inshapka@&ieaKThbdh&sapp&mbaedodsr|mgn@hésléeﬂlv§$eﬂer|od.
The second sjgnal . 362

S Ti- ti,onal n r), such that r]Ti
represents the ©ine° glh&égﬁﬁe 8Fé¥?nr8§ %bgéa?%s?559¥ 9@?6@?%%5835
PCT/USO&/4008Qm1n§6efherndéﬁébcakl35¢ontrolIed oscillator 358 is
controll ed by a signal est tes the rati TS/ practica
nmodem appl i cati ons, ﬂgéng gg?ﬁ?@?@ﬁ ?S%r?BBbo?lP?thé§6C8P|€§n by a
phase error ﬁﬁitﬂahowleh foriubRg error detector 354. The mat hemati cal
description of this can be witten with fornul a: rI (m [rl (m]) -Wm
] nod - 1109U0-1ifrl(m1)-Wn)<0(m (m =0if 11 (m1) -Wm zO0
Prior interpolation nethods, nii)ehluse-3a) fWknel m¢4tﬁl normal i zed by the
sanpling period Ts, |ntroduc a Ts_. 15 basepoint index and a T. fractional
|ntervég In the interpolatl mﬁetﬁoﬁgﬁégdlgyﬁfﬂ@<ﬁ}esent i nventi on2) or -

((m)=0 if n(m-1)-W(m)=0

Prior interpolation methods, which use a filter
h(t) normalized by the sampling period T,, introduce a T
15 basepoint index and a T, fractional interval. In the
interpolation method used by the present invention, for-
mula (1) above is rewritten with h being a function of a
variable ne«T;. This property of the function h allows
the timing and frequency response of the interpolation to
20 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

as follows:
25 st=lmTi—n(m)I} p

where n(m) is the direct output of the nco and (1l,~1) is

the number of overflows ({ = 1) since t=0 up to time t
mT,. Introducing the integer interval I, that contains
30 all m such that 1,=1, formula (1) can now be written as

follows:

y(kT,) =X, () X(mT,) » h[ (k-1+n(m))T,]) (3)

1 mel,



mula (1) above is rewitten with h being a function of a variable rlTi.
This property of the function h allows the timng and frequency response
of the irnwverjpobation to 20 be invariant with respect to tReTIUSOE#(P8) ant s
rate, and thus with respect to the baud rate. To achieve this, first note
that the sanpling instants nifs can be wiiften as follows: 25 nTs=1nii.-r)
(m Ti , where rl(n) is the direct output of the nco and (Im1l) is the
nunber of overflows (~ = 1% since t=0 up to tine t = nis. Introducing the
i nt eger |nteA%§Pm¥ng that BoRl ailAsasbinltend enghit haPulfr1resBPREfa (1) can
now be writtgpea gome%vaﬂgf 9, 63), hlenlalvch GoMoearcPkels (3) 1
meal WO 02/063842 PCT/ US01/ 400 7°Assuming that h(t) is a finite length
i npul se respohte ipvdex the knlerval [I1T| 12Ti] fornula (3) is

rearranged wth index j = k-1: 5 y(kTi) _ ai [ (k-j) Ti] (4) j=r1 wth:
ai (1Ti) x (mf5) h [ (.7+i)] (m) Ti] mel, The |atest fornula shows that
the intérpolants are com put&dXdy) su ngaﬁhHFd@Héﬂlng (1141 2+1) tens aj
(ITi) , where aj (Iti) is the accurmulFakion over the tine interval

[1-1)Ti, 1Ti] of the multiplication of input sanples 15 x(mls) by
coefficientswhih(j+rl (m )Ti] . Wth reference to Fig. 9, aj is
practically inplenmented with a nultiplicator-accunmul ator operator 908
which is reset when the overflow sjgnal gy(m=1. A coef- ficient h[ (j +1l
(m )Ti] is delivered bya@(ddgff#QLgnK POT g odputjatn @ BT dck 909 with an
input gh(m being output by mel,

The latest formula shows that the interpolants are com-

puted by summing and delaying (I;+I,+1) terms a;(1lTy),

where a;(lt;) is the accumulation over the time interval

[1-1)T;, 1T;] of the multiplication of input samples

15 x(mT,) by coefficients hl (j+n(m))T;].

With reference to Fig. 9, aj is practically
implemented with a multiplicator-accumulator operator 908
which is reset when the overflow signal {(m)=1. A coef-
ficient hi(j+n(m))T;] is delivered by a coefficient-

20 computation block 909 with an input n(m) being output by
the numerically controlled oscillator (NCO) 910.

It is noted that the multiplier-accumulators
operate 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

25 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 freguency.

30 For practical reasons, h[(j+n)T;] may be poly-
nomial function of n over the interval [0,1], and
h[(j+n)T;1=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-

35 formances for the impulse response h(t), with only a few



the nunerically controlled oscillator (NCO 910. It is noted that the

mul tiplier-accunul ators operate at frequency 1/ Ts and that the sum of aj
is com paDedoets4frequency 1/ Ti. For a lowratio Ts/Ti, aPhirgisoR&osunber of
mul tiplication-accumul ations are processed during a long Tl period. This
allows the Ti - interpolator to have a tb%ger tine inpul se response in
regards to T, and a narrower frequency bandwidth in regards to sanpling
frequency. 30 For practical reasons, h[ (j+1l1)T1] may be poly- nom al
function of ¥Rteyverlend: | rheie@l}n 4)to agdd h % Rgrtdrgylam fompjof rihe
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b
cost function that represents tﬁg spectral constraints on the I nmpul se
response h(t¥espenge Alsdb-noted that the variable rl, used for conputing

the coefficient hl (j+ei(nl ALb nofgscnol precsal0.any gddiLienaby
conput ati on and approxination, as I's thé casé for prior art -
i nt er pol at i onompthong. thét hoeéferceénne ho (FHg(midT;: t hepeeviousigede-

scri bed. carrjer ove ircuit .Lncl ude h . NQi se_esli ion
circui?0506 %ﬁ% %ﬁgﬁﬁhé¥?§ec§%ngggé?? ﬁ%gn%?ﬁ%ﬁxgﬁgEﬁ? ’5%? a%igﬁgproduces
an estimati onasé fbe presrdaat Phase nmorge latd caddidihadsnoi se vi ewed by the
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scribed carrier recovery circuit 50 includes a phase
noise estimation circuit 506 and an additive noise esti-

15 mation circuit 507 which produces an estimation of the
residual phase noise and additive noise viewed by the QAM
demodulator. This estimation allows the user to optimize
the carrier loop bandwidth in order to reach the best
trade off between the phase noise and the additive noise.

20 The received QAM symbol 504 is supplied to a symbol de-
tection or decision block 508. 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
different because of noise. The symbol detection block

25 508 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 symbolg). In this way, the symbol detection
block 508 determines which QAM symbol was transmitted.
30 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
ILMS error signal 512 is supplied with the decided QAM
symbol 509 to each of the phase noise 506 and additive

35 noise 507 estimators.



trade off between the phase noise and the additive noise. 20 The received
QAM synbol 504 is supplied to a synbol de- tection or decision block 508.
The receiwed2@@sisynbol 504 is a point in I/Q coordi nat e®CERiS0h4G080 cl ose
interns of distance to a possible transmtted QAM synbol, but is

di fferent because of noise. The synbol d&fection block 25 508 deci des on
the nost probable transmtted QAM synbol, by searching for the m ni num

di stance between the re- ceived QAM synbol and possible transmtted QAM
synmbol s (threshol d syRb8l BRaSenniphse fEyineReoByHBobPagedeoni 64 bl ock 508

det erm nes m@eabtCﬁ@&ﬁyggaaréaér£5§n$akngsy; 30ndbe kLgagt,Mean,gquare (LM5)
error between the _decid nbol and the recei ved QAM synbol 504

i s det er m nefletE§ tﬁ%lQRETe@?G%dﬁétﬁﬁﬁ s5puPas) knoRRiFnerkerait gAB-the LM

error signal gbderk8§ sSHPP! F8d hg dechdeth QAMeS 0 0 h of
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PCT/ US02/ 40080011 t9dehen phagedn@i ¢ lest Itk i onThe BasadpbAsEhaoiFeass mean
square error f@x+ig¥in wpeﬁ@dgxayyx Eﬂ(ﬁfgﬂP?'VﬁﬂeB%'%tr decided AM

synbol). This error is con- sidered onl nmbol s havi ng the maxi num
and sane 5 afpRit@ade bR *Sahhecresaﬁualjpbﬁye ﬂQESﬁeanTbhapbaaelselss t hen

gi ven b Bl XceyhaclalZoELPh2)s oWhiBEe FobchLEsestsy! b gagncand ph i the

resi dual phase noi se. ase nol se esti tor res oes not depend
on the addi tR9&sfoei se. 10 The additive noise estimation is based on the

same efgor signal 512 gscilahhe; pase; 0O Sec BRLLIBLT 91, pallly LhCLRLIOF 1N

the case of noise estimation i s based y on synbo avi ng The
nlnlnun1anpl$@m@ee¥IqI=i$gn@h $lands QinThee nelamsaddoi seecnbisetisngi ven by

15 ELdC san(hy¢ | gy sont 19 aho=oEL02Le where o.denotes,t hg LeomR! o

addi tive noise d|t|ve nor se estina
only on QAM symbols having the minimum amplitude (EJ=1)

on I and Q. The mean additive noise is given by

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

With reference to Fig. 11, the recovered bit

stream 57 from the aforementioned symbol detection cir-

20 cuit is supplied to a Frame Synchronization Recovery
(FSR) circuit 61 within the Forward Error Correction
(FEC) decoder 60. The FSR circuit 61 decomposes the bit
stream into packets of 204 bytes at the output. Then,
the packets are supplied to a Frame Pattern Counter 62

25 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
information is input into a first Bit Error Rate Estima-

30 tor 715 of the Dual BER unit 70. The bit stream packets
then are supplied to thé 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
are supplied to a counter 705 within the Dual BER unit 70

35 and then to a second Bit Error Rate estimator 716. The



result does not depend on the phase of the signal. Wth reference to Fig.
11, the recovered bit stream57 fromthe aforenenti oned synbol detection
cir- 20 cwpDto2ioe3sszpplied to a Franme Synchroni zati on RecoveCy/USPBR0SETi r cui t
61 within the Forward Error Correction (FEC) decoder 60. The FSR circuit
61 deconposes the bit streaminto packel®-of 204 bytes at the output.
Then, the packets are supplied to a Frane Pattern Counter 62 25 which

mai ntai ns a count of recognizable patterns of the frame over a
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30 tor 715 oﬁnihe7InaWh£E£200mpafés the bwd BEReautpacket sThihegiaee

supplied to t € |n erl gvertand EC%E ﬁgdeé uni% 6§imhich ghodgces t he
MPEG TS data ?ng ghar 932 1 A"t AiR°Hanher teREr PhedaBoue®  THe®
correctabl e ﬁ%ébhﬁrG@auaeé Isypal bedstooa bpuatéisﬁﬁﬁbmtihhnetherDual BER
unit 70 35 d then 1o _a secon estjmto 16, . The WD
05) 063845 PR DTN 4BOBOSTESH SRk Bt coBrht RE TPyt CHER BUrT mhb6 unit 715
and the sec-sestn®ERi es¢ttdt oratai ésfibagort via ﬁbilwﬁr@d@c@cesslmgreunlt
710 whi ch conpares the wo BER Oq%fﬁh Thi s gives addltlogaj8 i nformation
eBH s

about the typ C6¥a58|¥% USuch' @5 Br QautRdthy S2BEre 8y a

di stributioneeress, therséovndi BERr&otihates, 756chs asot essethasn é@n@e t he
second @lt error rate estimator 716 wil roduce. t he nor accur at e, val ue.
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i's not preciggss| NeBe 10itHe BORIE6tiMALE6APACE lWoRIdthe BsOde pBeexgeeded. In
this case, the first BER estimator_715 woul d be pore precise,, The Dual

Bit Error Rate Estlnat%?ecP?%%|¥lEIEr¥8€5R?Fet%SB%m%B%§|%t%cthte%aTuate t he
qual ity of ajéfanspi 658198 pbHkiEVENLbNeGATE0E enseyesielyydbsterted or

transmission link even in case of a severely distorted or

15 noisy channel, which can help to identify the cause of
bad reception. In particular, the FEC decoder 65 gives a
very accurate information when the interleaver strength
provides sufficient error spreading to distribute errors
uniformly over the frame and below the correction capa-

20 bility of the error correcting code, but very inaccurate
information in case of long burst errors.

A comparison between the two types of informa-
tion provides a way to detect the kind of noise errors
which may occur on the network. This allows, for in-

25 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 decoder may show a relatively low bit error rate
although all of the errors may have occurred at a partic-

30 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
cause of the poor transmission and thus solve the prob-

35 lem.



15 noi sy channel, which can help to identify the cause of bad reception.
In particular, the FEC decoder 65 gives a very accurate information when

t he i nt erWwean®63sst rength provides sufficient error sprea@dCRgSoo4m@set ri bute
errors uniformy over the frame and bel ow the correction capa 20 bility of
the error correcting code, but very inae2urate information in case of |ong
burst errors. A conparison between the two types of informa- tion provides
a way to detect the kind of noise errors which may occur on the network.
This allows, for in 25 stance, detecti©hagfiswhether a bad reception is due
to burst noise or other problens such as phase noise, fad- ing, etc. In
sone cases of very large burst noise, the FEC decoder may show a
relatively |bw bt gepfoatnaeeampl i hodghmatiilatiohe (@AMbr sypay have occurred

at a partic iLnst ransm ssion, which may have conpletely
altered the ?% g?ﬁ% FQ% ggﬁ %%Fi%gfried by the transms- sion link, e.g. TV

pi ctures, audi o sound, aetanthg—EhaﬁigBEE&Esbhnarbercfeceivingkaﬁ it easier

to determ ne or. transpission, and thus sol ve the prob-
35 | em VI)O&#%%EB%%gég} %I?ﬁ ﬁlngZE g} Signaly quadrature anpl it ude
nmodul ation (QAM type adbasdhhadoconoepsnennglrSuan'b@ﬁh@g to-digital
converter receiving.a nput - sk.g ducjng.a first na

baseband coﬁ%g?s#ogc%?%¥U|$u% % 28 Fﬁﬁt?ﬁ%g?gyk%aﬂbgééaf C?%gerLer

anal og-t o- d|@mdatecemvengetheaﬁﬂrseceignag &hé prodtchhgnal basdbghqduci ng a
baseb 10 siggfl atimng recovery circuit being electrically coupled

to the baseb3nd ¢ohversion circuit and receiving the baseband signal, the
timng recovery circuié timing recovery circuit being electrically

coupled to the baseband conversion circuit and receiving
the baseband signal, the timing recovery circuit
including an interpolation filter for resampling the
15 input signal, the interpolation filter carrying out an
interpolation function that is independent of a symbol
rate of the baseband signal and producing a timing
recovery output signal,
a carrier recovery circuit being electrically
20 coupled to the timing recovery circuit and receiving the
timing recovery output signal and producing a QAM signal,
and
a symbol detection circuit being electrically
coupled to the carrier recovery circuit and receiving the
25 QAM signal,
whereby an output signal of the symbol

detection circuit is a demodulated data output signal.

30 2. A demodulator, as in c¢laim 1, wherein the
interpolation function is defined as a time per

interpolation interval function.



including an interpolation filter for resanpling the 15 input signal, the
interpolation filter carrying out an interpolation function that is

i ndependewD oof6x4synbol rate of the baseband signal and pcodisei/mysa ti m ng
recovery output signal, a carrier recovery circuit being electrically 20
coupled to the timng recovery circuit -ad#@kreceiving the timng recovery
out put signal and producing a QAM signal, and a synbol detection circuit
being electrically coupled to the carrier recovery circuit and receivVving
the 25 QAM3ignak, demedebyten, outplr clgial lofwhereSynboe tavirgtion

circuit is a signal. 30 2. A denodulator, as in
arQSSQQﬁ% &fgcgf£al QU PR

claiml1, whereint Interpolation unctlon is defined as a tine per
|nterpolat|on i nt er val af bhoiR@ner Y 02¢0eg8ar PLT¢ USHI Ubp8eoured3to A
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atimng error det ect ectri coupled to he Tnierpol a ilter
and rec@|V|r@pEnVe@dbe©m Ehgnaimlﬁgd@¢¢@@drir@mtpme $1gnay, recovery out put

signal, a loop filter §%%d§aiég $€§£% % f;ggtgré detector,

and, a nunerically con osci T y coupled”to the | oop
filter and ptimum@ngmrdﬁ @e¢¢¢t¢r5|§nmm s, |nclud|ng an overfl ow signal and

a Ti fractional signal h. a su |ed JoR] t he terpolation filter. 15
4. A denodul ator, as a2 c¥hmgr%§££}¥wé§$1 |n %?%o? %n filter includes

a plurality eﬁe¢m¢ic®llyrco@@bmd&ﬁ@lbmeuhm¢p f ol teongud i pigodlunt Bngpol ant s,
and whegein  the oplLlphlel-accumibator units Feceive a plurglity, of
fractional signal, which are supplied to the

interpolation filter.

15 4. A demodulator, as a claim 3, wherein the
interpolation filter includes a plurality of multiplier-
accumulator units for computing interpolants, and wherein
the multiplier-accumulator units receive a plurality of
input samples, multiply the input samples by a plurality

20 of coefficients and accumulate the multiplied samples

over a time interval.

5. A demodulator, as in claim 4, wherein the plurality
25 of coefficients are delivered by a coefficient-

computation unit, the coefficient-computation unit being

electrically coupled to and receiving the Ti-fractional

signal from the numerically controlled oscillator.

30
6. A demodulator, as in claim 4, wherein the overflow
signal is supplied to the multiplier-accumulator units,
the multiplier accumulator units being reset when the

overflow signal is equal to a predetermined value.



i nput sanples, multiply the input sanples by a plurality 20 of coefficients
and accunul ate the nmultiplied sanples over atine interval. 5 A

denodul atwp,02@638#n cl aim 4, wherein the plurality 25 of ®ceffSovimsds are
delivered by a coefficient- conputation unit, the coefficient-conputation
unit being electrically coupled to and2%ceiving the Ti-fractional signal
fromthe nunerically controlled oscillator. 30 6. A denodulator, as in
claim4, wherein the overflow signal is supplied to the

mul tiplier-a¢cunuhadenodniator, the Hal ¢iplinet. afeuhbent bprclmidisgbei ng reset
when t he i r a /063842
PCT/ US01/ 400%‘5%9% ggﬂ%ﬁeﬁ%‘gﬁ t%%flgsg|5ﬁgg g %?‘ﬁgﬁr% & t%/}%ﬁq ding a
recei ve f|It%@C@V@CYr¢€QFUth@u@Ié@ebQQMEEﬁrtheCOVﬁrﬂgClIQGQVery circuit
and the carrier recovery circuit.



