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i BACKGROUND ART
Quadrature amplitude modulation (éAM) is an
intermediate frequency {(IF) modulaticn 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, respectiveiy, 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
Fransmission of digital "V signals 6ver 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 amn 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 traﬁsmitted
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The transmitted _signal s(t) is given by:. a
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signal .gl an ngt r ally filtered waveforns using raised
coglne flltegﬁﬁgigﬁm?%e%?rgﬁgng F%% ‘and the receiver. Thus, the resulting RF
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10 QAM symbol). The I and Q components are filtered and
modulated using a sine and a cosine wave (carrief) lead- i
ing to a unique Radio Frequency (RF) spectrum. The I and
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(2nf}t),

20 where f, is the center frequency of the RF signal. I and
Q components are usually filtered waveforms using raised
cosine filtering at the transmitter and the receiver.
Thus, the resulting RF spectrum is centered around f, and 3
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 mist
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
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in the transpbssﬁbmes¢$temboﬁgrd%ﬁ@ﬁ@dhs|6ﬁ3thé%ﬁéiﬁafkkr%n%$§Fg§& to
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Pair de-interleaver whose role is to spread out errors that
could have happened in bursts and would have otherwise
have been more difficult to correct.
A common measure used to describe the occur-
15 rence of errors in a digital data transmission system is
the Bit Error Rate (BER). Generally, the BER is esti-
mated by counting the number of bits received in error
during a specified interval and taking the ratio of the
number of the bits received in error to the total number
20 of bits received. Many QAM systems employ this type of
bit error rate measurement to determine and/or.correct
errors in the transmission system. For example, U.S.
Patent No. 5,163,051 to Biessman et al. discloses a BER
test arrangement, composed of two autonomous BER test
25 systems, which effects the full duplex testing of a pair
of co-located modems terminating a simulated transmission
link by utilizing a single processor to control each
independent BER test system and a buffer storage device
to post information communicated between the controller
30 processor and each of the test systems. Also, U.S. Pat-
ent No. 5,168,509 to Nakamﬁra et al. discloses a multi-
level QAM communication system that uses Reed-Solomon
©—-----------encoders and Reed-Solomon decoders for error correction

purposes.
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for hig It error

Reed- Sol onmon_correctjon and sequence pattern recognition

rate measur &% |10 geBerats hBpweEpset addithengle dafiorimatsivn ars 20 t o

provi de a dusteddHt efh | PRE Of rhAsf1 PANyd gﬁg I .na makes it.possible to

evaluate the quality of a trgns%ﬁé- Si o% [ lrt%kﬂé‘\%qe:ntz'ig‘nR'*toﬁ:e %}f‘s%&% a high

error rate i€ pfeEeard error correction (PEC) encoder, such as syn-
chronization patterns. It would be useful to be able to

use this information in order to obtain an accurate BER

result in the case of a high or bursty bit error rate.

15 It is the object of the present invention to
provide a dual BER estimator in a QAM demodulator that is
based on Reed-Solomon correction and sequence pattern
recognition for high bit error rate measurements,

It is a further object of the present invention

20 to provide a dual BER estimator in a QAM demodulator that
makes it possible to evaluate the quality of a transmis-

sion link even in the case when a high error rate is
present. {

25 SUMMARY OF THE INVENTION
: The above objects have been achieved by a QAM
demodulator having a dual bit error rate estimator unit
that allows for high bit error rate measurements. The
invention is based on a dual use of the information per-~
30 taining to the number of corrected bytes from a forward
error correction (FEC) decoder and the count of recogniz-
able patterns of the frame over a sufficiently large
~- ~number-of frames. ' These two pieces of information can be
compared at bit error rate levels where both the pattern
35 recognition counter and the FEC decoder are able to out-
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‘in the case of uniformy distributed errors. In the case o ' gher bit
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provide_very accurate infornmation eaver-s rovides
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and bel ow the correcti C | 1.t f fhe error correct- ing code, as well
as the ability of the ?ﬂr}laerrgﬁgg%rft@r% Qtr%%sgrﬁch'%t%%%n‘?%rt}i“ﬁf%Ph%\’f'ﬁbn"fo
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Thi s makes i ssibgﬁ_to evaluate the quaJity of a 15 transm ssion, even in

the case of h%g&@ﬁﬁ W HPIEE RN et Ligipat carrerl p to
the  pr bl em o020 BRUSF DESoR o O R B e By T Bed?
di agr ah® of- a2Rek hedlew fhg correction capability of the error correct-
[ ing code, as well as the ability of the frame pattern
recognition counter information to provide accurate in-
formation when there is a high or bursty error rate.
This makes it possible to evaluate the quality of a
15 transmission, even in the case of a severely distorted or
noisy channel. This can help to identify the cause of a
bad transmission and thus make it easier to correct the
problem. |
a
20 BRIEF DESCRIPTION OF THE DRAWINGS
Fig. 1 is a block diagram of a Network Inter-
face Unit in which the demodulator of the present inven-
l . tion may be used.
Fig. 2 is a block diagram of the demodulator of
25 the present invention.
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.
30 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.
Fig. 7 is a block diagram of the digital timing
35 recovery circuit of the demodulatoer shown in Fig. 2.
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demodul ator shown in Fig. 2. Fig. 6 is a block diagramof the Direct D gital
Synt hesi zer of the denodul ator shown in Fig. 2. Fig. 7 is a block diagram of
the digital timng 35FMigcoBenys @ Mlddk afiddweaner®oil PéRerahoynichBwhl 0. 2.
20ULL20, 34 WD 02/0178 .PCT/U?@ Li"/382 -6 Fig. 8 is a block diagramof a
general |y knd qﬁéiga&ﬂpapp lrodel. Fig. 9 is a block diagramof an
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7. Fig. 10 is a block diagramof a phase noise an additrve nol se estimator
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is a blgck dpagramof the Dual Bit 10 Error Rate estimator used in the
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reference to Fig. 1, tFagQAUlddmocultdiawk ®%Rfanm hef o gsleasei nyesei aadgwoul d

typically be ed.as _15 part  qf Network I nterface Unjt_ 92. The Network
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recei ved frogiacGalkl GfNQh‘éoﬁlénmml’tE)ﬁ RtFigl gnal 93t of a ggmﬂT}] i plt exer.
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The signa Fig. 11 1s a block df;gram of the Dual Bit

10 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
99 of the present invention would typically be used as

15 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
cable network is input inte a tuner 96. The tuner ac-

20 cepts frequencies in the range of 47 MHz to 862 MHz at
its input and down converts the selected frequency to an
intermediate frequency (IF). This IF frequency depends
on the channel bandwidth as related to the geographic {
location. For example, NTSC, USA and JAPAN have a 6 MHz

25 channel with IF around 44 MHz, while PAL/SECAM and EUROPE
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 frequency. The output of the SAW filter 97 is

30 supplied to an amplifier 98, which is used to compensate
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-

35 lator 99. It is also possible for the QAM demodulator 99
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al so possible for the Gefsermelty aFi P9 N0 O 83anfo P
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or in-home NloMFdesSteReS £ t |+ : ﬁQA.I\/I denodul ator, 99 of 5 the
present invention incl ud‘ﬁsﬁg%na Jc?glgrteos-za‘?%?% WYy Si&BiReri%er %hi ch
recei ves the®/D iqgnuertiemals iamplless theD IDrwRmsl PH aahpesidds |4 si gnal

12 and produ - di Qi ectru round the center frequency FO of the IF
sronal o TEEYIRAK PR M et Fiemiensy B pe ShepiFed 1o a
baseband conwdgsiadn I r citte tdwetiputn sdlgifals B4 Bf e QA t@nvarkdiesiger 30

14 of the A BESHAEAISE 5 (& bAREDansh OB Ohes LTS thRtordt C Gain®
Control circeiludeACGEl )DikedtoDieatals diitdd dhesngl Qi fal tPldde i nput
signal 12 Ofv%@% égéDfﬁmgggHﬁ?'t%SE baseband si 1
gnal. The output
signal 14 of the A/D converter 25 is also supplied to the
first Automatic Gain Control circuit (AGCl) 10 for con-
15 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
(quadrature), the baseband signal is supplied to a timing
20 recovery circuit 35 which is used to synchronize the
timing of the demodulator circuit to the symbols of the
incoming signals. The timing recovery circuit 35 uses a
continuously variable interpolation filter for sampling
the input signal which allows the circuit to recover a
25 very large range of symbol rates, as will be further
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.
30 The AGC2 circuit 20 is a digital AGC circuit and performs
a fine adjustment of the signal level at the equalizer 45
input. The digital AGC circuit 20 only takes into ac-

been filtered out by the receive filter 40, and thus
35 compensates digitally for the analog AGCl circuit 10
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carrier recovery circuit 50 to recover
The output signals of the equalizer 45 are

supplied to the carrier recovery circuit 50 to recover

15 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-
face. This information can be used to readjust the tuner

20 or the demodulator frequency in order to reduce the fil-
tering degradation of the signal, which helps to improve
the bit error rate. The output signal 52 of the carrier
recovery circuit 50 is supplied to a symbol decision i
circuit 55 and is also supplied to a Power Comparator

25 Circuit 230 and Digital Loop Filter 220 within the digi-
tal AGC2 cigcuit 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

30 a DVE 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 decision circuit is also
supplied to the Power Comparator Circuit 230. ~ 7~

The Forward Error Correction (FEC) circuit 60

35 first performs a frame synchronization 61 in which the



15 the carrier signal. The carrier recovery circuit 50 allows the
atquisition and tracking of a frequency offset as high as 12 percent of the

synbol ra@oo#ﬂﬁs&requency of fset recovered can be nonitored gHridddhiia 12C
inter- face. I's informati on can be used to readjust the tRGTESOROTIBR t he

denodul ator frequency in order to reduce the fil- tering degradation of the
signal, which helps to inprove the bit éFfor rate. The output signal 52 of
the carrier recovery circuit 50 is supplied to a synbol decision circuit 55

and is al so gppld . P [ rator 25 Circuit_230 and Digital Loop
Filter 220 wit hi néﬁge&lgi% -‘ﬁt\@mp%oﬁc’i%%i?a%e% BE 09P debuteni at coher ol
signal 225 t©atovd .mulThelfamke2 0 arW tdheén tSigpsy{dg! tdegigbon cir- cuit 55
t he si gnal ii $ Ieiaed t%nﬁ%r%ﬂ t.hreshol d ‘detector, then to a

di fferential ~decoder’ 4n 7P oRPn (RB deopder 6%, nwhere whech _
produces t hepaeketar @i&ide-iﬁtheq@aﬁrééeaﬂdt&é&eaFggg@é féﬁgﬁggéé-ﬁggi iogd

Circuit. 60. fThe Ej%{put 57 of the synbol decision citcui
to the Power TE5MSE B¥olthg RSudecedisr of a -maxifen Fof vérerForor (pE&€rt i on

(FEC) circui pe@O0padkdt.r sipprerko f synchroni zati.on 61 in which the
WO 02/ 017M - 8?2 g0 C 2Q02h%Ph  OEG a3 PR Y RdsH | QERRE GHPOERR T nt 0
packets of 283°Byregazdinge theutpgor rEatephPeatice td Gandahs i€thto a de-
i nterl eaver d ed-Sal decoder 65, where the packets are
de-interl eavgg gﬁ% t@ﬁ’?%egq%@r %’gg%ﬁoﬁrni g%p?erpaéﬂ?‘?ﬁ'rre’eﬁ thherR a8 wder of a
maxi mum of 8T¥er depthisytes) bepselpatikat fokhaHRS idacadalawl,so Py ovi des ot her
I nfor tion | th corrected packets and the position of the
corr egtfl%d byt‘g{s’ﬁ?ﬁhtglﬁggpﬁgaei?'i f&f‘ﬁe(aépé:llb lghincreasefepits sfarergtisel ect ed
for the inteofether sy$2ehOagBVBEPAY, 1§@d_njo7j_.s%hq3&egﬁﬂﬁ1r}§{%e§e:s§§et he

a e

strength of the iyﬁter‘%agai nst inpul se noise, but assunes
signa as been interleaved with the same value at the

monitor. After RS decoding, the packets are de-scrambled
for energy dispersal removal. The data output 93 of the .

15 FEC circuit 60 is constituted of the MPEG2 Transport
System (TS) packets and is the output of the demodulator
99. Additionally, bit error rate signals 68, 69 are
transmitted to a Dual Bit Error Rate Estimator circuit 70
~which estimate Low and High Bit Error Rates based on

20 error correction and frame pattern recognition and pro-
duces a Bit Error Rate Signal 72. '

As explained above, the dual automatic gain
control (AGC) circuits are situated before and after the
receive filters to control the received level of the

25 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 thé A/D
converter 25 is supplied to a pPower estimation circuit
110 of the AGCl 10 in order to estimate the signal level

30 of the received signal 14 and compare it to a predeter-
mined signal level. The power estimation circﬁi% 110
includes a square module 130 for converting the signal 14
The comparator 140 compares the input signal with a pre-

35 determined reference voltage, or comparator threshold



signal has been interleaved with the sane value at the nonitor. After RS
decodi ng, the packets are de-scrambled for energy di spersal rénﬂ)%ﬂ ?UﬂﬂThe
data out pmo8Bokst he 15 FEC circuit 60 is constituted of g,ll\ﬁ

Transport System (TS) packets and is the output of the denp tor 99
Additionally, bit error rate signals 68,-183 are transmtted to a Dual Bit
Error Rate Estimator circuit 70 which estimte Low and H gh Bit Error Rates
based on 20 error correction and frane pattern recognition and pro- duces a

Bi t Error Rawelﬁia@w,l afidl phodugdsaidrebwiamne, s idie dudlerd WK Bl dwe Db
CII‘CUItS are ituated before and after the receive filters to

contr ol

control the }:Q@el maehes Shpdievehof ithe maenamt 10

control s thetﬁ&@sqgglcgwdlgy‘gé he @Hg)tgo@% ﬁft% a2 erv % .Wt h
v

reference to Fi 3, the out’put signal
suppl i ed to XOFERENGEMAads @acie adambed he A@(dlﬂ;(]:atn.mt derr-to

est | mat s the calignalad evelelhall; At isel verk 8 0y 1AL .comRare it 1o a

predeter- mned signal |evel e power St1 HLT Of ciret % ncl udes a
squar e nodul presenias ofomignalsy firom a@ﬂerﬂiﬂ chartrels dpfarand iedgpt® be

I nput -into 0 he co 140 C ares .the input signa
with a pre- g %Hggg%ﬁ%a Q%FiFﬁﬁ%é 5 l (ﬁéﬁg%%&qﬁl¥WNé% [
20GECZCOR \AOtez/tab?B&ﬂa@a/thﬁ@:t/;;b?ﬁ%mﬂs& \aqs am-,ecedyi wHetHee St Ut put
signal when the level of the input signal matches the | evel of the

comparator tfir ES¥oISFRTIAAGR ifhdho YR avetiend idl tsRye, sends
ref erepge voht @ggnaqartob%%dadaicﬁ(h@étﬁdﬂ)@ﬂf&ﬂﬁ %c?'fn Fbﬁfé gg0. The
fom a

nodi fication CI rcuit 120 nonitors the presence of signals dj acent
channel s 12538A%sEddies re: W%Mﬂi&@%lmg@mm.e@mnmmb@nal ly, a

de- tection ght$ea¥idid ON AGREY @hells d ?% Seér']\’i(]:girtb‘?.{qﬁ W8l cdn%aaf'a}/tor

saturation in the A/D converter and,
140, the output signal of the power estimator circuit 110

is supplied to a digital loop filter 150 which removes

15 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
'gain configuration for limiting non-linearities. The

20 output signal 162 of the digital loop filter 150 is con-
verted to a Pulse Width Modulated (PWM) signal 160 which
is supplied to an RC filter 170 which produces a signal
167 that controls the analog gain of the amplifier of the [
A/D converter. Another output of the digital loop filter

25 provides a signal 155 for ﬁonitoring 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.

30 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

level before threshold decision. The second AGC circuit
35 20 compensates for the attenuation of the first AGC cir-



10 a si gnal to the nodification circuit 120 in order to adjust the
reference voltage in order to elimnate the saturation. Aftemeihlgé nal

goes throqgaobnﬁgﬁonparator 140, the output signal of the po tor
circuit 171 'S supplied to a digital loop filter 150 \AhichGTéU@JHQJBIS t he

carrier-frequency conponents and har noni Cf fromthe signal, but passes the
original nodulating frequencies of the s ]gnal The digital loop filter 150
receives a con- fi gurat ion signal 152 which sets the anplifier maxi num gain

confi gurati op,fiqr dmgg& Gy, NOD- I i nearities. The 20 output signal 162 of the
digital |oop fi ter P57 cbh-CYRFERPY of ]&ePHF%eWHtﬂfI\B@mPﬁ?@E (PWH)

signal. 160 whhelnne s suppl | 166 saadpEE EhetS1qddd vhiel Bredyeesea shanal
167 that cont roI .S .t he naI Pfﬁl of _the_ anplifier of th conver
Anot her out p€ {9k rg?? it oﬁ% velstef QEeple gdégnalsi gWathlSéfém—

moni toring teacglity \wige of r ower

estimation is_estimat eg; by t%%gg?lgtlt a%lbéggggo% ? t]ilg gb@\kﬁg SPV t hat

cont r ol theeﬂalcd&%% Jg%r%#mbised’etrcy tshabﬂegl:bml mubtlpBDeithlBesﬁnd AGC

circuit 20 ighsl el Mot ive filter, 40 refore onI havi ng
" ROC S ey e i roREfoFiGe T

to take into account the recelved power and
adapts the i Fudtislissitite caaitgrml,l extel ch t s ttll.‘ﬂ@qcﬁuxbﬁEied'@deEh@efore

t hreshol d de cuit conpensates for the

att enuation gkékﬁgef ;E}rl?ltse ¢ir® %C“’dﬁ 748§ SR DEED GRRQOVERY/ 380 / 17382

cuit 10, whichrivitaused dxpldinigd egarese. OfT}?@J@\Q@%ﬁ a,g.p? &{g,-al so
reshol d evefs of

adapt sy ghe s | evel, exactly to the _decisjon t t he QAM
si gnaI]'éWthfggsgﬁxyeﬁ&é‘cﬁﬁ'tﬁsd) i fect haak knke gharower gfomprraterng recov

5 ery circuitireustppBiced CtH&%éBcﬂid %G@Eff&li@rzg%féh é%;zegond ACC
circuit 20. Tﬁe digital multiplier 2
e output signal 52 from the carrier recovery circuit

with a set of QAM values. A digital loop filter 220
filters out any error signals and provides a gain control
15 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-
tioned Direct Digital Synthesizer (DDS} 30 digitally
20 tunes the signal 14 from the A/D converter 25 to be
within the bandwidth of the receive filter 40 even in the
case of a large frequency offset of the receiver and
provides more flexibility in the frequency values used by
the input signal. The Intermediate Frequency (IF) to
25 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
30 . after the timing recovery 35 and equalizer 45 éircuits.
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
35 converts the digital signal 14 into two parallel compo-



nu]tipiies the signal, which is then supplied to the receive filter 40,
equal i zer 45 and carrier recovery 50 circuits as expl ai ned aboyﬁgéé?ﬁk

out put of wid@iaser i er 10 recovery circuit 50 is fed back iﬂ%g 'ﬁ
conparator circuit 230 of the second AGC circuit 20 which ﬁ%% t he

out put signal 52 fromthe carrier recoveiy-circuit wth a set of QAM
values. A digital loop filter 220 filters out any error signals and
provi des a gain control 15 signal 225 to the digital nultiplier 210.

Addi tional | ynentssi gnaingBdsefnak@ Qr sﬁﬁagaftq&@)t %i@}giftg?m lfo%i lter in

order to nmonitor the anmount of gain. reference to Fi 6, the
af orenen- ti Yo h: r eTheprgsigrabyaerpenents( ppsredd dihgiougH 189 t unes t he

signal 14 frpgabheeAk Vghpt e €,cW_Lhi %he bandw dth of_the
receive filter 40.%veEdF%Pt%2' %ﬁé%l%?eg Fgrﬁéﬁfgg &éﬁﬁ/ﬁﬁQQﬁﬁr¥ﬁ5éhe

recei ver andeiprevtdesaspesplaknedi aboyein Refebrdqdeney Riaj.ues, ugasl by the
| nput s4 gnal n Late. Frequepgy. (| t o 25 _baseband si gnal
conver?%on i%aggg%%p#géﬁggr%ych%?“bgagﬁcbﬁﬁi%&??oﬁ U D before
the receive deteet 529 chroutlerane &i ghisk! yrifgee Heeewitdmals Withiyy ¢ he re-
ceive filter_bandw dth andtg?second DbS 545 within the carrier recovery

circuit 50 to°FiTECPYREIRGERE SFRAFTHRRsE1GDAAF! &P ke Sk @ tdxvery 35 and

equal i zer 45dggieal t A6c2 Ref #6109 6 OaflIehE, 8 I 1YrInAl - A ¢ PASSes
through the A/ D converter 25, the output %?gﬁ?@% - ?E$§i5£§ﬂ¥géfé¥aEhe Al D
converter is?3uppiir@direduencyt9LEpet erecoveridt cen ber moofi thRe 30. The

0 DEC S004 g D7D Be: BTt i 11 Thesnd TAHC Sl S ed 0P 2
(quadr at ur e)tareadiest sh@ney nhoequéheseisi gradlerc o aechice minceed .
(" ouslh e eLEEEL g LEG S0, oF U L1ET s S5pRI740H LA 15S2ITY 30
bit error rate. This information can also be sent as a
signal 527 to the DDS1 circuit 30 in order to recover the
15 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
baseband signal is advantageous in that the long loop
20 frequency down-conversion is optimal for frequency recov-
ery since it is done before the receive filter 40 in
order to maintain the maximum signal energy before equal-
ization and carrier frequency estimation, while the short ‘
loop carrier phase recovery is optimal for phase track-
25 ing, especially in case of phase noise on the sigﬁal.
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-
30 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
~——-—-gigmal-527. - The signal is supplied to a constant table
303 containing sinusocidal values which synthesizes the
35 signal. The synthesized signal 316 is supplied back into




5 carrier recovery circuit 50 includes a frequency offset detect

signal. The spmpbisitiet Hidnalr 358 iferS Hlangs i ktl&é'tfnq&g WO
02/ 01788 PCT| USOL/ 17382 .- 13 the mil tiplier sG55 Kb g A

525
circuit and a phase offset detect 535 circuit for recovering { véit&dbliéi er
signal s t?ﬁa%?ﬁE@§ to the digital AGC2 circuit 20 and the synbol detection
circuit . e Trequency offset recovered can be nonitor RETESRATHAgh an
12C interface and the information can bglﬁﬁﬁd to readjust the tuner
frequency in order to reduce the filteri'ng degradation on the signal and
thus inprove the bit error rate. This information can also be sent as a

signal 527 t @ndhen RS, G {da 30 4 t.,0_r.ecover,.the_15 frequency wth
conpl ete accuracy bef cjﬁlg'%lﬁ?ér‘;ebei%/éek%ﬁ%{q ek?a%.tc[‘h 18hade GBEecEBCENAcui t
535 sends a SD§alcizsmit GiheomnSkes rinithd Sam&haNePlercoya! ¢

structure tQq,c # he do conversion of _the IF_signal to a baseband
signal is adg'gnt ge‘%uesé%est h%ﬁe t#ﬂ%g‘s%% ﬁ?r@éuégeypham-@eheets@ on is
optinmal for tiegqudtc)sIECOVEhe PhreIEiidi Sl déﬁfr?@{"%@c&@@rge&ﬂﬁ{f-f' I ter
40 in grder t% mai_nt ai n t he maxi num si gnal energy before equal -"1Zzation and
carri er °f r eqUeh&F §%ﬁ|ﬁﬁ?4nf°RMﬁIWquﬁgﬂﬂﬂﬂntr¢lk@ﬁceﬁciblaphnseveepovery

is optinmal fep phasgdd ' | ' of phase noise on the
signal. Referring to F%i.e ?%ﬂgeé%?%egrﬂée%oé/%]?/f%fege SRty ¥Redback

si gnal 527 i $eE@sprife@ammracvidayt the remiidudDohasdinoi e HPIInsi rcuit 30.
The adder ciggghgl_BOG adds the frequency feedback signal 527 to the config
30 ured I F frequency 27 and the resulting signal is supplied to a phase
accunul ation circuit 3@5uﬂﬂnﬂfemanmunudwﬂigjr1¥n&ﬁ§yt§m§ﬂ§n£§cg@é§§n1ned by

t he freguency a -_Si-gnai--52-7-.- - -The -signal is supplied to a
const agtg tab%é}gggg §§ntu£erﬁ %g Sgi'"}kﬂ.?ﬁ“oird’éle \%W‘WH%W s%@m’é%‘?ge%n't he 35

ferrin 1g. 5,
t he second SIPPPREG (05 R¥ 16¥e 2itte figthodse ofarimn terpela pker pih i diat

use interpolation functions which are defined as function
of t/T, (time/sampling Interval), the meﬁhod of interpola-

15 tion used in the timing recovery circuit 35 is defined asg
a function of t/T; (time/Interpolation Interval). This
allows the interpolation filtering to be totally inde-
pendent of the symbol rate in terms of performance and
complexity and provides a better rejection of adjacent

20 channels since the interpolator rejects most of the sig-
nal outside the bandwidth of the received channel.

The objective of interpolation in modem appli-
cations is to process digital samples x(kT,) 325 produced
by an analog to digital converter at rate 1/T,, in order

25 to generate "interpolants* y(kT,) 365 at rate 1/Ty, with
1/T; multiple of the transmission baud rate 1/7T.

The following will describe interpolﬁtion with
a2 time-continuous filter. The mathematicéiﬁﬁdéél is
described with reference to Fig. 8. It includes a ficti-
30 tious digital to analog converter 802 which produces

analog impulses 814, followed by a time—contiﬁﬁgﬁs filter
h(t) 804, and a resampler 806 at time t = kT;. The output
interpolants 820 are represented by - I

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



it syrit hesi zes the output signal 537 of the phase detect ci I’CU‘Jt_ 535. The

purely digital carrier recovery elim 5 nates the need for a \Zoﬁidg@m*
control |l agoesmijsgator (VCO to be used and provides a bet rrier
recovery in terns of accuracy and the residual phase noi S%@@p§@ﬁg5szsi gnal .
Wth reference to Fig. 7, the timng recpyery 10 circuit 35 uses a synbol
rate continuously adaptive in terpolation filter 352 for resanpling the

i nput signal. As opposed to prior art nmethods of interpolation which use

i nterpol ation functi onge pBi-gingreadrf tBefigs HUNGLLO0R o Qbdt/el - jn-
(tinme/sanpling interval), the %et hod of I ﬁ?erpdl ahfSQt'?TSon t}s?ed "N the tim ng
recovery ci rii@ntsst s KBf iansd ded iverethdiy oa namericallyneéhbtel peliati on

I nterval). | S; e i r i ilterin 0 be tqtally inde-
pendent of t ecglslyl % ru %'in@%r%@lﬂ%ﬂgg}?& ﬁé’&%%&:]r& 855]3‘&3%"9} and
provi des a & @rodjieesiowoofiguiadseat @Achhanimel mTgi ncenéheiigter pol at or
rejects nost_.of_ _t.h ] g- . nal outsipde the bandw dth of the received channel.
The obj%ect i vsel%*a]‘l (raﬁ@r g’o? a??o?lv?#frﬁ‘ﬁeﬁf%ﬁﬂi <, é’?’ilﬁll?s indicatgsoteat digit al
sanpl es x(kE re2fnglodisetanby( @n=are] Othd » Qéaﬁf@éa@ﬁfﬁ#%néh&ﬁte T
in order 25 to gemerate “interpolants" y(kTi) 365 at rate 17T, wt 1/ Ti
mul tiple of whBEFFQFsn TS asend sdanal/ A6 hts fal Towfrackionaliescri be

i nterpol ati gigdaih n 2 $uéER- arTe) ' T. L cal del is
descri bed w_t t?ﬂr ef er ence&?pellgf{l%.ﬁ’gf l%gfl%lﬁtéﬁ %sggep?%‘ﬂgngi)hfglgoﬁggdi gital to
anal og convérSr rEIANME e hipgkahites anal og i npul ses 814, followed by a

output i nt er pol ant s 69 A ineEteally, ShEEBIRR! pRR1Tacor TP Fe(icri T \)

(1) in 2 nicontri@led My 02/ SilgiB8l RCThUSORL ¢h3823timkd4es the ratio
T,/Ty;. In practical modem applications, W(m) is delivered
by a loop filter 356 driven by a phase error estimator or
timing error detector 354.

15 The mathematical description of this can be
written with formula:

n{m)= [n{m-1)-wW(m)] mod -1
{im)=1 if n{m~-1)-W(m) <0 (2)
20 {{m)= 0 if n(m-1)-W{m)20

Prior interpolation methods, which use a filter

h(t) normalized by the sampling period T,, introduce a T,
basepoint index and a T, fractional interval. 1In the

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

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

mT, =1 T, -n{m)T, ,
35




Referring back to Fig. 7, the resanple - in- stants t = kTi are delivered by

a nunerically controlled oscillator 358. The nunerically contpg| 00k
oscil | at or w@agopseduces two signals at each tine nT,. The first si gnal
361 is an overflow signal ~, which indicates that a resanpPET/USSVHA82 (t =

kTi) has occurred during the last T. per_il ]. The second signal 362 is a
Ti-fractional signal :q, such that riTi répresents the tinme since the |ast
resanple instant. 10 The nunerically controlled oscillator 358 is

control |l ed bywhe%edmahmiW; | I he.ratio T,/Ti., In_practical
nodem appl i catj ons, Ii]]\6/1\( r?)Wllrgs a(% fa\}ezfezé @I?‘f%oopf f%ﬂ? &C%W%r‘%ﬁ?bﬂ‘sa phase
error estinat SR€opUTDEy @f enent ldstsectdbr= 3. s irbed he=graidh er@td iGad
description of-this c FiLt wi.th formyla: 20 ri ( =[rl (m1)
-Wn) ] nod % ﬁ‘?m =f’?t1@§d‘r’¥£%§n %%e WehFIEH ipkprvag il tggqtnqqntanm z0
(2) Prior intailpomasuch ntiahodg=lwhiEebmusa 151 Lhar no%(B)a QQ?E@Q{)ZSQ by the
sanpl i ngsperi ?ﬁli— introduce a T. basepoint Index and a T. fractional
i'nterval” In e Egsi'nterpol ation nmethod used by the present invention, for-
mula (1) above is rewitten with h being a function of a variable X T.

] This property of the function Eal ows the timng and frequency response
of the interpolation tofbET} ivaui hdt, Ki(wmE, ¥y edlelot-1en {dne) T/jjer pol angg)rate,
and thus 30 with respect to the bau¥*rate. To achieve this, first note that
the sanpling instants ml, can be witten as follows: nil, =1nTj-rf (M T} ,
35 WD 02/ 0178%s90mbeg pbes h(t) is a finite length impulse response

10 over the interval [I,T;, I,T;]), formula (3) is rearranged
with index j = k-1:

j'I1

15 with:

a,(1T,) = H%I, X (mT,) *h[(F+n(m))T,]
The latest formula shows that the interpolants are com-

20 puted by summing and delaying {(I;+I+1) terms a;(lTy),
where a;(lt;) is the accumulation over the time interval
(1-1)Ty, 17y] of the multiplication of input samples
x(mT,} by coefficients h(j+n(m) )T .

With reference to Fig. 9, aj is practically

25 implemented with a multiplicator-accumulator operator 908
which is reset when the overflow signal é(m)-=1. A coef-
ficient h[(j+n(m))T;] is delivered by a coefficient-
computation block 909 with an input n{m) being output by
the numerically controlled oscillator (NCO) 910.

30 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 Ts/Ty, & high
number of multiplication—accumu'lat:'rcrrrs"aff’é’*ﬁf66é§§éd -
during a long T, period. This allows the Ty -

35 interpolator to have a longer time impulse response in



PCTIUSC1/17382 -15 where n (n) Is the direct output of the nfﬁ ? In}l) IS
t'he number of overflows (( = 1) since t=O up to tine t=n, # s UC|ng t he
i nteger iwoanm#ssl | that cont ains all msuch that 1n¥l, fgrmisdaneish can now
be witten as 5 follows: y(kTi) =L (L X(m3) h [ (k-1+r1 (m) Tr]) (3) 1
1 Assuming that h(t) is a finite | engthléspul se response 10 over the
interval [ I1Ti, 12T) ] , formula (3) is rearranged wth index j - k-1:
y(kTi) =t aj[(k-j)T1] (4) j'ri 15 with: aj(IT.j) =72, X
(mrS) hr (j +r | fegaads ErbeTJ',ataem a arandoweshdisedunaicy Neandwidflel fit s are com -
20 puted by suxr(%lng and d gngg %¥1+12+1) terns aj (1Ti) , where aj (lti)
7 oY ”E‘ ¢

i s the accunf&ty eP R SRGRE [I-1)Ti, ITi] of the
mul tiplication of lnpUFoﬁaﬁiBé.@@lc&i@Q&s@ﬁscoﬁf[f(hﬁh? 15 ﬂﬂ%y(lbé‘rg;oipi ) Ti]
Wth reference to Fig s practi cal

nultlpl|catdF“EE%hnﬁV%FB%O%p%ﬁaﬂo?VQBBthﬁhF@ﬁeFEa e§8b1&hegnﬂhe over f | ow
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10 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
polynomials are computed by minimizing a cost function
that represents the spectral constraints on the impulse
15 response h(t).
It is also noted that the variable n, used for
computing the coefficient h[(j+n{m))T;1, does not need
any additional computation and approximation, as is the
case for prior art T, - interpolation methods.
20 With reference to Fig. 10, the previously de-
scribed carrier recovery circuit 50 includes a phase
noise estimation circuit 506 and an additive noise esti-
mation circuit 507 which produces an estimation of the {
residual phase noise and additive noise viewed by the QAM
25 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.
The received QAM symbol 504 is supplied to a symbol de-
tection or decision block 508. The received QAM symbol
30 504 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
508 decides on the most probable transmitted §AM symbol,
by searching for the minimum distance between the re-

35 ceived QAM symbol and possible transmitted QAM symbols
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amplitude on I and Q (E|-+;th. The mean phase noise is
then given by E[dx*dy]=-lap E(ph®), where E represents the
1s mean and ph is the residual pPhase noise. The phase noise

estimator result 518 does not depend on the additive
noise.

The additive noise estimation is based on the
same error signal 512 as in the phase noise estimation,

20 but the error in the case of noise estlmatlon is based
only on QAM symbols having the minimum amplitude (EiLl)
on I and Q. The mean additive noise is given by

[ Eldx*sgn(I)*I+dy*sgn(Q)*Q)?] = E[n?], where n denotes the
complex additive noiseﬁ The additive noise estimator

25 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-
cuit is supplied to a Frame Synchronization Recovery
(FSR) circuit 61 within the Forward Error Correction

30 (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
which maintains*a‘coant*of‘feCognizable patterns of the
frame over a sufficiently large number of frames in order

35 to obtain additional information, such as synchronization
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The Least wigeniguare (LMS) error between the deci ded QAM wagﬁ 5

the received QAM synbol 504 is determned 5 by the LMS err 05 as
known in the art and the LM error signgg-512 is supplied mnth_the deci ded
QAM synbol 509 to each of the phase noise 506 and additive noise 507
estimators. The phase noise estimation is based on the 10 |east nean square

error (dx+j dpattebree €Kakdys=nbteeneeidétd RPitte FHEEGEARHIAM syiap! ). This
error is con; gldered only for QAM synbol s havi ng the maxi nrum and sane

anpl i tude oniP: %ﬁﬂaE}?PaFS+1FP&F)1n¢ﬁean§aﬁqﬁuﬁm§rﬂﬂnﬂleﬁfatﬁﬁtmmwen 3y|
* =- 1 | S e residua
E[ dx* dy] 1a@o.E<-pbe)ofwﬁaenﬁa&e%ﬁsmﬁ 70°, Lo e B g&cﬁ?% | du

phase noi se. The phase noise estinmator result
addi tive noFBen are adppilied toi sbeeski-imtienri daredrasemd cm:ci ecciee error

signal 612 e se_es error, in the case of

no?se eétl naa?n%% %2 ggs']g p98 YAt &I?%g;ofl%oﬁ%&lané’ut W EiSHIRAR ahbl i t ude
la~-1) on inatle Qnaiﬂmerrrdescadﬁeﬁl uboﬂgl .Se e ?:lr?\th’édt)ébﬁl d @gggﬁg (de9 o se.

*| +dy*sgn * 21. = n ere n denqtes the complex additiv

The gdd?tix(/gg“ﬁ%%‘ép%%’c?ﬁa{‘-Br 2§°P8§8Ft Tdse¥itdingdhenduad BER pmdde W the

signal . W téndeflesenes &0sEkbendlbitt hhb@t%%ree@s@ﬁnab%&r B, 57 sz{é)m the

af orenmenti oned synbol detection cir- cuit is supplied to a

Synchr oni zat P¥FPRes 09 he ( FSRrEtcBERUES témaiozh umitth § So auws dthEr SEC -
Correctpon 36nd MR decoMeEoPf0uniber ?gRgS'E%u'ts$#t%Eﬁ2{EP 3%5%35§P;$e

streaminto packets of 204 bytes at the output e ‘
suppl i ed to ¥k afko Flam@hncmpﬁres 6Re two BER outputs. This gives :

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 10, the
15 second bit error rate estimator 716 will produce the more |
accurate value., For high BER, or in the case of burst
errors, the second BER estimator 716 is not precise since
the correction capacity of the code is exceeded. In this
case, the first BER estimator 715 would be more precise.
20 The Dual Bit Error Rate Estimator circuit al-
lows it to be possible to evaluate the quality of a
transmission link even in case of a severely distorted or
noisy channel, which can help to identify the cause of ‘
" bad reception. In particular, the FEC decoder 65 gives a
25 very accurate information when the interleaver strength
provides sufficient error spreading to distribute errors
uniformly over the frame and below the correction capa-
bility of the error correcting code, but very inaccurate
information in case of long burst errors.
30 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-

burst noise or other problems such as phase noise, fad-

35 ing, etc. 1In some cases of very large burst noise, the



whi ch. mai nt ai ns- - a- count - of -recogni zabl e patterns of the frame o
sufficiently large nunber of frames in order 35 to obtain adbﬂﬂtbﬁﬁ[
|nfornat| ﬂﬁﬁﬁﬁgas synchroni zati on 20bLL2Uj4 WO 02/01788 PCT/USQ1/ 17382
-18 patterns, is not encoded by the FEC encoder. This PE¢HP¥HAE20n i s
input into a first Bit Error Rate Estinma- %gr 715 of the Dual BER unit 70.
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decoder 5 unit 65 which produces the MPEG TS data output signal 93 in the

manner descri c cta LI.QES su Iled to a counter
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Error Rate Egtdjmtor circuit al- lows it to be possible to evaluate the
quality of a transmssion link even in case of a severely distorted or
noi sy channel, which can help to identify the cause of bad reception. In
particul ar, the FEC decoder 65 gives a 25 very accurate infornmation when the
interl eaves strength provides sufficient error spreading to distribute
errors wuniformy over the frame and bel ow the correction capa- bility of
the error correcting code, but very inaccurate information in case of |ong
burst errors. 30 A conparison between the two types of inforna-




tion provides a way to detect the kind of noise errors which may occur on
the network. This allows, for in- stance, detection of whether a padrr
reception is due to burst noise or ot her probl ems such as phase n0|se #
35 ing, etc. In sone cases of very large burst noise, the 20UEC W4 WO
02/ 01788 PCTI US01117382 -19 FEC decodér nmay show a relatively low bit error
rate although all of the errors nmay have occurred at a partic- ular instant
of transm ssion, which nay have cor‘r@lehgllg altered the information content
carried by the transms 5 sion |ink; TV pictures, audio sound, etc. The
Dual BER Estimator circuit nakes it easier to determ ne the cause of the
poor transm ssion and thus solve the prob lem 20 DEC 2004 -20- CLAIMS 1. A
quadr at ur & anphiquadature gupkitide qu@ﬂwn(QﬁMHEn@dﬂm@mtotmmmmmg an

anal og-t o-di gi %Iglﬁl&ac‘l erte{a rgcel Vi ng i n L odum a first
signal, a base gﬂ L ROTERte, eB’g}% élfpé't F‘T’@pﬁ V’@da % he

anal og-t osighf)j tal converter and receiving the first signal and producing a
baseband S|gnal a carrier recovery circuit being electrically coupled to

t he baseband c@hwbsﬁdwpnvcrsnmlrcuarhmge@leqtmaﬂg dohiple as éhzeaalag-mridigitaind
produci ng_a C|rc It be | ectrically coupled
to the cafftV erraélgggcgpi}ngg}eyfgrgﬁ ﬁlg@ﬁ f ?)P%@ Qaré&%g%"ﬁ’gnal and produci ng
a recovered bi 4 SiriiRARCOV Wircus 'b@ﬂ@' olechridaBly WBlBleR 6 Be BAELAR!doAPerSioh CUI ¢
being electrically coupled to and receiving the output signal fromthe
synbol de@rcslﬂtcmdcrwemngtlar’msqhandlmgnaigmdpdﬂiwmglﬂﬂﬁm sighal, out put signal and
a plurality of err nal s, ein rward error, correction circuit
i ncl udes a frafeY '5‘%9{ gFﬁsPBuﬂfcé‘ft Hag QY rfougle go‘t?nf eo?ﬂ‘@cb"@ﬂ?’%bl e
frame paéﬂ'&l'ftnﬁld ReckelVen Itﬁes Aﬁﬁ%ghﬂnﬁid u&ﬁ% &gcev@re& itShredth fd%ﬂiqlﬁ' gnal ,

and a dual bit error rate R) esStimator circ Ing electri y coupled

ad

to the fogwadsd error correctlon circuit and receiving the plurality of
error si

signals g rt]odrwarcl error correction circuit being electrically coupled to and receiving the

output signal from the symbol decision circuit and producing a demodulated data

output signal and a plurality of error signals, wherein the forward error correction

circuit includes a frame pattern counter that maintains a count of recognizable frame
patterns in the bitstream signal and produces a first error signal, and

a dual bit error rate (BER) estimator circuit being electrically coupled to the

forward error correction circuit and receiving the plurality of error signals and

producing a BER output signal, said dual BER estimator circuit including a first BER

estimator circuit receiving the first error signal and a second BER estimator circuit,

wherein the dual BER estimator circuit produces a BER output that is accurate in burst

error situations.

2. A demodulator, as in claim 1, wherein the BER outputs of the first and second
BER estimator circuits are supplied to a software processing unit which produces the

BER output signal.

3. A demodulator, as in claim 1, wherein the forward error correction circuit
includes a frame synchronization recovery circuit receiving the recovered bitstream

signal of the symbol decision circuit and producing a decomposed bitstream, wherein




produci ng a BER output signal, said dual BER estinmator circuit mﬁyggz@
first BER estimator circuit receiving the first error signal ond
BER estimator circuit, wherein the dual BER estimator circuit produces a
BER out put that is accurate in burst rror situations. 2. A denodul ator, as
in claiml, wherein the BER outputs offlthe first and second BER esti mator
circuits are supplied to a software processing un|t whi ch produces the BER
out put SI em) ul at or error

cor Fect o amelhatenf GRRH o8 s BF b ulpath it st 50 et #BltP Ty

recei Vi ngofthigtréfn pueietwhich siolRRIthesfirgndtor@fgnhhe synbol decision circuit and
producing a deconposed bitstream wherein ZOgDEC20a4 21 the frane pattern

counter receives the deconposed bit stream and produces a pI urality of

bi t st ream pack includes the, first error. Adermd | at or,

25 in cratm 5 R Rb . 8 L8, b Satrkintbe o Bhie R Fie e S ho 11 e
pattern Cuhe GanieattBiRouiien altneRb salchRMiAabA Bhtlind i thOBitfichal ream 5. A
denodul ator, as in claim2, wherein the forward error correction circuit

incl udes a de-interleaver and a FEC decoder circuit which receives the
plurality of bit stream packets fromthe frame pattern counter and produces
the data output signal and a second error signal. 6. A denodulator, as in

claimb5, sher eAndénHtﬁim&omé ﬁr Elafm S, mrelhnmle UBRRarBERror SrRIiBS iRy " om t he
decoder circuit. 7. A denodulator, as in claim®6, whereln t he second error

si gnal i singluged a dd—lmtorlgavec _end1a§rEG/\d¢dodcr ditemitculsith BERives theupluraditdof bien to t he
second BE%eggltI:I)a tg froth the Ltlll'a}rie pattern counter and produces the data output signal and a

second error signal.

6. A demodulator, as in claim 5, wherein the second error signal includes BER

information from the decoder citcuit.

7. A demodulator, as in claim 6, wherein the second error signal is supplied to a

counter within the dual BER circuit and then to the second BER estimator circuit.



