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A QAM demodulator having a hrst automatic gain control
circuit svhich outputs a first signai that is a function of thc
received signal, the Iirst signal being used to rztntrol the gain
of an amplifie which supplies thc input of an AiD convcrtcr,
and a second automatic gain controller which outputs a

second signal derived from the QAM circuit after filtering,
thc second signai controlling thc gain of a digital multiplier
svhich produces a signal which fi:cds into a cqualizcr by v ay
of a receive Iilter. The dual automauc gain control circuits,
situated belore anil after the receive Iilters, allow Ior better
resistance to non-hnearity causeil by signals in adtacent
channels. Additionally, the dual automatic gain control cir-
cuits allow for the amplification level of the signal to be
limited bcforc thc demoilulator to eliminate signal distortion
and to bc sct to thc correct lcvcl internally with digital gain
Also, there is no saturauon of the ArD converter since there
is no QAM feedback to analog circuits This architecture is
particularly efficieni in a varuible rate transmission scheme
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DUAL AUTOMATIC GAIN CONTROL IN A
QAM DEMODULATOR

'I'L'CI IN ICAI. FI L'l.l)

The present invention relates to a quadrature amplitude
modulation (QAM) type demodulator for demodulating sig-
nals modulated in accordance with thc QAM scheme.

IIA(PK(xROUND AR I'uadratureamplitude modulation (QAM) is an interme-
diate frequency (II') modulation scheme in xvhich a QAM
signal is produced by amplitude modulating two baseband
signals, gcncratcrl indcpcndcntly of each other, with two
quadrature carncrs, rcspcctivcly, and adding the resulting
signals. The QAM modulation is used to niodulatc a digital
information into a convenient Irequency hand. This may be
to match the spectral band occupied by a mgnal to lhe
passband of a transmission line, to alloxv frequency division
multiplexing of signals, or to enable signals to be radiated by
smaller antennas. QAM has been adopted by thc Digital
Video Broadcasting (DVB) and Digital Audio Visual Coun-
cil (DAVIC) and thc Multimedia Cable Network Systcni
(MCNS) stamlardization bodies for the transmission of
digital TV signals over Coaxial, Hybrid Fiber Coaxuil
(I II'C), anti Microwave Multi-port Distribution )Vireless
Systems (MMDS) I'V networks

Thc QAM modulation scheme exists xvith a variable
number of levels (4, 16, 32, 64, 12g, 256, 512, 1024) which
provirle 2, 4, 5, 6, 7, S, 9, and 10 Mbitis/MHz. This oilers up
to about 42 Mbit/s (QAM-256) over an Amencan 6 MHz
CAI'V channel, and 5(i Mbit,'s over an S MHz L'uropean
CA I'V channel. This represents the equivalent of 10 PAI. or
SECAM TV channcis transmitted over the equivalent band-
width of a single analog TV program, and approximately 2
to 3 High Definition Television (HDTV) programs. Aurlio
and vuleo streams are digitally encorlerl and mapped inio
MPEG2 transport stream pacl ets, consisting of lgg bytes.

Thc bit stream is dccomposcd into n bits packets. Each
packet xs mapped into a QAM symbol represented by two
components I and Q, (c.g., n=4 bits arc mapped into onc
16-QAM svmbol, n=g bits are mapped into one 256-QAM
symbol). The I aml Q components are Iiltererl aml modulalerl
using a sine and a cosine wave (carrier) leading to a unique
Radio I requency (Rl') spectrum The I and Q components
arc usually represcntcd as a constcliation which represents
thc possible discrctc values taken over in-phase and quadra-
ture coordinates. The transmitted signal s(t) is ivcn by:

r(r)=L ee, ( x/„x&0 s a ( x/„o.

where fo is the center frequency of the Rl'ignal I and Q
components are usually filtered waveforms using raised
cosine Iiltcnng at thc transmitter and the receiver. Thus, the
rcsultin RF spectrum is centcrcd around fo and has a
bamlwidth of R(1+xx), where R is the symbol transmission
rate anil a is the roll-og factor of the rmsed cosine Iiller. The.

symbol transmission rale is 1/n'" of. the transmission bil rale,
since n liits are mapped to one QAM symbol per time unit
I/R

In order to rccovcr thc bascband signals from thc modu-
lated carrier, a demodulator is used at thc receiving end of
the transmission line. The receiver must control lhe gain of.

the input amplilier that receives the signal, recover lhe
symbol frequency of. Lhe signal, aml recover lhe earner
frequency of the Rl'ignal After these main functions, a
point is received in the ILQ constellation which is the smn of

lhe transmiued QAM symbol and noise that was added over
the transmission. The receiver then carnes out a threshold
decision based on lines situated at half the distance lietween
QAM symbols in order to decide on the most probable sent
QAM symbol. From this symbol, thc bits arc unmappcrl
using thc same mappin as in thc morlulator. Usually, thc
bits then go through a forwaril error decoder which correc(s
possible erroneous decisions on the actual transmiued QAM
symbol The forxvard error decoder usually contains a

io de-interleaver whose role is to spread out errors that could
have happened in bursts and would have otherwise have
been more difhcult to correct.

Generally, in transmitting a modulatcrl signal, thc
received signal at the demodulator has been amplitied by a
suitable amplification factor in order ui compensate for
attenuation in the received signal due to a transmission path
or other factors. It is therefore necessary to control the
amplihcation of the signal to control the received level of the
si nal. In order to control the level of thc signal, often an

oo automatic gain control (AGC) circuit, which controls thc
gain of. the amplilier supplying the demodulator, is
employed. For example, U.S. Pal. No. 5,729,173 lo Seto
discloses a QAM demodulator for receiving a QAM signal
having a suppressed pilot signal. (Pilots exist in VSB

zs modulations, but in QAM modulation, no pilot is necessary,
and in gcncral they arc not uscrl.) Thc demodulator inclurlcs
an amplification factor controller in which the control of thc
ampldication factor is pergirmeil separately from the control
of. Lhe samplmg ummg for a received signaL Also, U.S. Pat
No 5,7(il,251 to Weeder discloses a circuit arrangement for
achieving both DC offset correction and autnmatic gain
control for QAM modulation. In many of the prior art
designs, the automatic gain control (AGC) circuit is bascrl
uniquely on thc QAM si nal but with fccrlback to other

is analog circuits. This can cause lhe problem of saturauon of
lhe analog to digital converter circuit used al lhe input of the
demodulator. Alternatively, other pnor arl designs use an
A(i('ircuit that is based uniquely on the full input signal
I lowever, this requires that the input signal has to have been

xo pcrfcctly filtcrcd from arlj scent channels prior to being input
to the demodulator.

It is the oblecl of lhe present invennon to provide a QAM
demodulator thai provides gam control both pnor to the
demodulator, in order lo prevent signal distortion causexl by

xs ampliher non-linearity and A'D saturation, and within the
demodulator, to adapt the level of the QAM signal to the
correct level with di ital gain.

It is a further oliject of thc invention to provide a QAM
demodulator wherein lhe gain control is independent with

so respect lo adlacenl channels, anil is thereiore inilependenl
with respect to the symbol rale of the input signal.

It is a further object of the invention to prnvirle a QAM
demodulator with gain control that does not saturate the A/I)
converter.

SUMMARY OI TIIL'NVL'N 11ON

The above oblec(s have been achieved by a QAM
demodulator having a Iirst automauc gain control circuit
xvhich outputs a hrst signal that is a function of the received
signal, the first si nal being used to control the gain of an
amplifier which supplies the input of an A'D converter; anil
a second automatic gain control circuit which outputs a
second signal denved I rom lhe QAM signal after liltenng.
The second si mal controls lhe gain of. a digital mulupher

as which produces a signal which feeds into an equalizer by
wav of a receive filter. The dual automatic gain control
circuits, situated before and after the receive filters, allow for
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better resistance lo non-linearilies caused by signals in
adjacent channels

Thc first automatic gain control (AGC) circuit cnntrnls the
cntirc power of thc signal that enters thc ArD converter,
composing the desirerl spectrum but also ail)scent channels
that have not been completely Iillered out before entering Ihe.

demoilulalor This allows the maximum range of Ihe AB
converter to be used and ensures that nn analng saturation
can nccur clue to the AG('eedback I'he secnnd AGC circuit
is situated after thc rcccive filter and thcrefnre only has to
take into account thc signal itself. Thc second AGC circuit
adapts the internal amplification level to the exact decision
threshold of QAM signal levels and compensate for Ihe
attenuation causerl by Ihe presence of adjacent channels in
the hrst AG('. circuit

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram of a Nctivnrk Interface Unit in
whtch the ilemodulator of Ihe present invention may be used.

I'IG. 2 is a lilock diagram of the demndulatnr of the
present invention

FIG. 3 is a block diagram of thc first AGC unit nf the
demoilulalor shown in FIG. 2.

I'l(r 4 is a blnck diagram nt'he second AGC unit of the
demodulator shnwn in 11G. 2

FIG. 5 is a block diagram of a section of thc dcmndulator
shown in FIG. 2.

I'IG. 6 is a lilock diagram of the Direct Digital Synthesizer
of the demndulator shown in I'l(r 2

FIG. 7 is a block diagram of the digital timing recovery
circuit of the demoilulalor shown in FIG. 2.

I'l(r 8 is a block diagrain of a generally knoivn interpo-
lation mndel.

FIG. 9 is a blocl diagram of. an inlerpolauon model useii
in the rligital liming recovery circuit of FIG. 7.

I'IG. 10 is a block diagram of a phase nnise and additive
noise estimator used in the symbol detection circuit of thc
dcmotlulator of FIG. 2.

FIG. Il is a blocl diagram of. Ihe Dual Bil Error Rale.
estimatnr used in the demodulator nf 11G 2

BL'ST MOI)L' OR (IARRYIN(l OU I'IIL
INVLiNTION

With rcfcrcncc to FIG. 1, thc QAM demodulator 99 of thc
prcscnt invention would typically bc used as part of a
Network Interface Unu 92. The Nelworl Interface Unn 92
is delinerl as Ihe interface block between a signal 95 receiveil
from a Cable Networl and the input signal 93 of a demul-
tiplexer 'I'he signal 95 from the cable netivnrk is input into
a tuner 96 I'he tuner accepts frequencies in the range nf 47
MHz to 862 MHz at its input and down converts thc selected
frcqucncy to an intcrmcdiate frequency (IF). This IF fre-
quency depenils on the channel banrlwidlh as related lo Ihe.

geographic locauon. For example, NTSC, USA anil JAPAN
have a 6 MHz channel with IF around 44 MHz, while.
VAI./SL('AM and L'UROVL'ave an 8 M I iz channel with II'roundSfii Mila. The output nf the tuner is input to a surface
acoustic wave (SAW) filter 97, thc IF frequency bring equal
to thc SAW filter center frequency. The nutput of thc SAW
tiller 97 is supplieil lo an ampliiier 98, which is used io
compensate for Ihe SAW Iiller attenuation, and then Ihe
output of Ihe amplilier 98 is supplied lo the QAM demodu-
lator 99. I'he amplifier 98 can also have a variable gain
controlled by an Autnmatic (rain Cnntrnl signal 94 nf the

QAM demodulator 99. It is aLso possible for the QAM
demodulator 99 io be used in vinous other ihgital transmis-
sion systems using QAM or QPSK demodulation, such as
ratlio links, wirclcss local loops, or in-home nctivorl s.

Referring lo FIG. Z, the QAM demodulator 99 of the
present invennon includes an analog-to-digital (A,B) con-
verter 25 which rcccives thc IF input signal 12 Thc A'B
converter 25 samples the IF signal 12 anil produces a di ital
spectrmn around the center frequency I u of the II signal 12
The output signal 14 of the AiD cnnverter 25 is supplied to
a baseband conversion circuit that includes a Direct Digital
Synthcsizcr 30 in order to convert thc IF signal to a baseband
signaL The output signal 14 of the A/D converter ZS is also
supplied to the lirst Automatic Gain Control circuit (AGCL)
10 for controlling the analng gain nf the input signal 12 of
the A D converter 25

After ihe signal has been convertetl to a baseband signal
having signal cnmponents I (inphase) and Q (quarlrature),
the baseband si nal is supplied to a timing recovery circuit

,n 35 which is used to synchronize thc timing of the demotlu-
lator circuit to thc symbols of the incoming signals. Thc
timin recovery circuit 35 uses a continuously vanablc
mierpolanon lilter for sampling the input signal which
allows ihe circuit to recover a very large range of symbol
rates, as will be further explained below. The si nal is then
supplied to a digital multiplier 210 which is part of a second
Automatic Gain Control (AGC2) circuit 20. Then, thc signal
goes throu h a Receive Filter 40 and then to an Equalizer 45.
Thc AGCZ circuit 20 is a digital AGC circuit and performs
a line ad) uslmenl of ihe signal level at the equalizer 45 input.
The di otal AGC circuit ZU only hikes into account the signal
itself, since adjacent channels have been tiltered nut hy the
receive filter 40, and thus compensates digitally for the
analog AGCI circuit 10 which may have reducctl thc input

is power duc to atljacent channels. Thc rcccivc filter 40 is a
squarctl root raisctl cosine type which supports roll-off
factors from 0.11 to 0.30, which accepts Ihe timing recovery
circuil ouipui signal and ensures an oul-of-band rmeclion
higher than 43 dB This significant rejection increases the
hack off margin of the Netivork Interface Umt against
atljacent channels. Thc cqualizcr 45 compensates for diifi:r-
ent impairments encountered on thc network, such as undcs-
ircd amplitude-frequency or phase-frcqucncy rcsponsc. Two
equalizer structures can be selected, Transversal or Decision
feedback with selectable central lap position.

Thc output signals of thc equalizn 45 arc supplied to the
carrier recovery circuit 50 to recover ihe earner signal. The
carrier recovery circuit 50 allows the acquisiuon and track-
ing of a frequency offset as high as I Z percent nf the symbol
rate. The frequency offset recnvered can he monitored
throu h a 12C interface. This information can lie used to
readjust thc tuner or thc dcmorlulator frequency in order to
rctlucc thc filtering degradation of the signai, which helps to
improve the bit error rate. The output signal SZ of the earner
recovery circuit 5U is supplied to a symbol decision circun
55 and is also supplied to a Vnwer ('omparatnr Circuit 230
and Digital I.oop lrilter 220 within the digital AGC2 circuit
20 to provide a gain control signal 225 to thc multiplier 210
Within thc symbol decision circuit 55, thc signal is supplied

sti to a symlioi threshold detector, then to a rliffcrcntial decoder,
and linally to a DVB or DAVIC de-mapper which produces
Ihe recovereil bil stream 57 sent io the Forward Error
Correction Circuit 60. 'I'he output 57 of the symbnl rlecision
circuit is alan supplied to the Vower Comparator Circuit 230

as The Forward Error Correcnon (FEC) circuit 6U Iirsi
performs a frame synchronization 61 in which the hit stream
is decomposed into packets nf 204 bytes at the output I'he
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packets are then supplied to a de-interleaver and Reed-
Solomon (RS) ilecoiler 65, where the packers are
dc-interleaved and then a correction is pcrfnrmcd by thc RS
dccoclcr of a maximum of 8 crrnrs (bytes) per packet. Thc
RS decoder also provides other information regarding the
uncorrcctccl packets and thc positinn of the corrected bytes
in thc packet, if thcrc arc any. Two depths can bc selected for
thc intcrlcavcr. 12 (DVB&DAVIC) and 17. Thc depth 17
increases the strength of the system against impulse noise,
but assumes that the signal has been interleaved with the.

same value at the monitor. After RS decoding, the packets
are de-scrambled fnr energy dispersal removal The data
output 93 of thc FEC circuit 60 is constituted of thc MPEGZ
Transport System (TS) packets and is thc output of thc
dcmoclulator 99 Additionally, bit error rate signals 68, 69
are transmitted to a Dual Bit Error Rate Estimator circuit 70
whtch estimate Low aml High Bit Error Rates based on error
correction and frame pattern recognition and produces a 13it

Lrror Rate Signal 72.
As explaineil above, the dual automatic gain control

(A(IC) circuits are situated before and after the receive
filters to control the received level ot'he signal 'I'he first
AGC circuit 10 controls thc anaio ain of the input si nal
of thc A/D converter. With rcfcrcncc tn FIG. 3, thc output
signal 14 of the AD converter 25 is supplmd to a power
estimanon circuit 110 of the AGC1 10 in order to estimate
the signal level of. the received signal 14 aml compare it io
a predetermined signal level 'I'he power estimation circuit
110 includes a square module 130 for converting the signal
14 into a square wave to bc input into a comparator 140. The
comparator 140 compares the input si nal with a predeter-
mined relerence voltage, or comparator threshold voltage,
anil produces an output signal when the level of the input
signal matches the level of the comparator threshold voltage.
I'he comparator threshold voltage, or reference voltage, can
be adapted by a modification circuit 120. I'he mndification
circuit 120 monitors thc presence of signals from adjacent
channels 125 and adapts thc reference voltage accordingly.
Adrhtionally, a detection of saturation counter 115 detects
whether there is any saturation in the A D converter and, if.

so, senrls a signal to the moihlicanon circuit IZU in order io
adjust the reference vnltage in order to eliminate the satu-
ration After the signal goes through the comparator 140, the
output signal of thc power estimator circuit 110 is supplied
to a di ital loop filter 150 which removes thc carrier-
frcqucncy components and harmnnics from thc signal, but
passes the onginal modulating lrequencies of ihe signal The.

digital loop lilter I50 receives a coniiguration signal 152
which sets the amplifier maximmn gain contiguration for
limiting non-linearities. The output signal 162 of the digital
loop filte 150 is convcrtcd to a Pulse Width Modulated
(PWM) signal 160 which is supplied tn an RC filter 170
which produces a signal 167 that controls thc analog gain of
the amplilier of the A&D converter. Another output of. the
digital loop tilter proviries a tugnal 155 for monitonng the
gain value of the digital lonp filter Since the poiver estima-
tion is estimated by the digital loop cnntrni, the PWM signal
that controls thc analog gain generates very stabic controh

The second A(IC circuit 20 is situated after the receive
filter 40, therefore only having to take into accnunt the
rcccivcd power of thc QAM signal itself, and adapt& thc
internal amplification Icvcl to thc correct levci l&cforc thresh-
old ilecision. The secoml AGC circuit 20 compensates for
the attenuation of the first AGC circuit IU, which is causeri
by the presence of adjacent channels, anti also adapts the
signal level exactly to the decision threshnld levels of the
QAM signal With reference to HG. 4, the output signal 42

of. the timing recovery circuit is suppheil to the dignal
multiplier ZIU of. the second AGC circuit ZU. The digital
multiplier 210 multiplies thc signal, which is then supplied
to thc rcccive tilter 40, cqualizcr 45 and carrier rccovcry 50
circuits as explained above 'I'he output of the earner recov-
ery circuit 50 is fed hack into a power comparator circuit 230
of the secoml AGC circuit 20 which compares the output
signal 52 from the carrier recovery circuit ivith a set of QAM
values A digital loop filter 220 filters out any error signals

i n and provides a gain control si nal 225 to the digital multi-
plier 210. Additionally, a si nal 227 can bc providccl from
the digital loop tilter in order to monitor thc amount of gain

With rcfcrencc to FIGS. 5 and 6, thc aforcmentioncrl
Direct Di ital Synthesizer (DDS) 30 rligitally tunes thc
si nal 14 from the A&D converter 25 to bc within thc
banilwidth of the receive filter 40 even in the case of a large
frequency oilset of the receiver anil provides more fiexibihty
in the frequency values used by the input signal. I'he
Intermediate I'requency (Ii ) to baseband signal conversion
is acconiplished by using a combination of a first DDS 30
bcforc thc rcceivc filter 40 in order to rligitally tune thc
signal within thc rcccive filter bandwiclth, anil a second DDS
545 within the earner recovery circuit 50 to line tune the
signal phase after the ummg recovery 35 and equahzer 45
circuits.

Relerring to FIG. 6, after the IF signal IZ passes through
the AD converter 25, the output ihgital signal 14 of the A D
converter is supplied to a multiplier 304 that is part of IIDSI
30 The multiplier 304 converts the digital signal 14 into two

io parallel con&ponents, I (inphasc) and Q (quadrature) which
form a QAM symbol. Thcsc si nal components proceed
through the receive filter 40, equahzer 45 and earner recov-
ery 5U circuits, av explained above. Referring to FIG. 5, the
carrier recovery circuit 50 includes a frequency offset detect

is 525 circuit and a phase offset detect 535 circuit for recov-
ering the carrier signals to be sent to the digital AGC2 circuit
20 and the symbol detection circuit 55. The frcqucncy offsct
rccovcrcd can bc monitored through an 12C intcrfacc and thc
information can be used to readjust the tuner lrequency in

ao order to reduce the liltering degradauon on the signal and
thus improve the bit error rate. This information can also be
sent as a signal 527 to the DIISI circuit 30 in order to
recover the frequency with complete accuracy before the
rcceivc filter 40. Thc phase detect circuit 535 sends a signal

as 537 to thc DDSZ circxut 545. Employing a rlual DDS
structure to control the clown conversion of thc IF signal to
a basebaml signal ts advantageous in that the long loop
frequency down-conversion is opumal for frequency recov-
ery since it is done before the receive filter 40 in order to
maintain the maxilnuln si nal energy betore equalization
anil carrier frequency estimation, while the short loop carrier
phase recovery is optimal for phase traclnng, cspccially in
case of phase noise on thc si nal.

Rcfcrring to FIG. 6, the carrier rccovcry frcqucncy fccd-
back si nal 527 is supplied to an acldcr circuit 306 ivithin thc
DDS1 circuit 30. The adder circuit 306 adds the frequency
feedback signal 527 to the conligured IF frequency 27 and
the resulun ~ signal is supphed to a phase accumulanon
circuit 305 which accumulates frequency elements deter-

ac mined by the frequency feedback signal 527. 'I'he signal is
supplied to a constant table 303 containing sinusoidal values
vvhich synthesizes the signal. Thc synthesizcrl signal 316 is
supplied back into the muluplier 304. Refernng back to FIG.
5, the second DDSZ circuit 545 operates in the same manner

as except that it synthesizes the output signal 537 of the phase
detect circuit 535 The purely digital carrier recovery elimi-
nates the need for a voltage controlled oscillator (VCQ) to
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be used anti provides a beuer earner recovery &n terms of
accuracy anil the residual phase noise of the signal

With rcfcrcnce to FIG. 7, thc timing recovery circuit 35
uses a symbol rate continuously adaptive interpolation filter
352 for resampling Ihe input &ugnal. As opposed to poor ar&

methods of interpolanon which use interpolation functions
which are riefinetl as function of t)T, (time/samphng
Interval), the method nf interpolation used in the timing
recovery circuit 35 is defined as a functinn of t T, (time
Interpolation interval). This allows thc interpolation filtering
to bc totally independent of thc syn&bol rate in terms of
performance and complexity and provides a bener relect&on
of adjacent channels since the interpolator re)ac&s mos& of.

the signal outs&de the bamhvidth of Ihe race&ved channel.
Thc objective of interpolation in modem applications is to

process di ital samples x(kT,) 325 produced by an analog to
digital convcrtcr at rate I,'T„ in order to generate 'interpo-
lanls'(kT,) 365 al rate I,Tu w&lh 1)T, mulnple of Ihe
transm&ss&on bauri rale I/T.

The following will describe interpolation with a time-
continuous filter. The mathematical model is described with
rcfcrcncc to FIG. 8. It includes a fictitious digital to analog
converter 802 which produces analog impulses 814, fol-
lowerl by a t&me-I:ontinuous lilter h(l) 8U4, aml a resampler
806 al t&me I=kT,. The output inlerpolants 82U are repre-
sented bv

I& T ) = g r(tttT &)tt) T, — tar I

Rcfcrring back to FIG. 7, the resampic instants t=kT, are
dclivcrcd by a numerically controilcd osciilator 358. The
numcmcally controlled oscillator 358 produces two si naia
at each time mT,. The lira& signal 36f &s an overflow 3& mal

wh&ch &nd&cates that a resample instant (&=IT,) has
occurred during the last I', period I'he second signal 362 is
a Ti-fractional signal q, such that qT, represents the time
since thc last rcsamplc instant.

The numerically controlled oscillator 358 &s controlled by
a s&gnal W(m) wh&ch est&mates the ratio TFT,. In pracncal
modem applicatinns, W(m) is delivered by a loop filter 356
driven by a phase error estimator or timing errnr detector
354.

The mathematical descmpt&on of this can be v:nnen w&th

formula.

I( )=I &1
— I) — w( )I "'I I:('")=I I I(» — I!— I&tw)el 0( )=()

tt't — I)— iv( )au 1 &

Poor interpolanon methods, wh&ch use a filter h(l) nor-
malize&i by Ihe sampling periori T„introduce a T, basepo&nt
index and a I', fractional interval. In the interpolation
methnd used by the present inventinn, formula (1) alx&ve is
rcwmttcn with h being a function of a varial&ic X.Tc This
property of thc function h allows thc timing and frequency
response of Ihe &nterpolat&on to be invananl with respect to
the &nterpolanls rate, and thus w&lh respect Io the baud rate.
To achieve this, lira& note thai the samphng &nstanls mT, can
be wntten as fnilows

tar;-I T;n(ttt)r,.

where q(m) &s the d&rect output of. the nco and (I„,— I) &s Ihe
number of overflows (L=l) since l=(l up lo l&me L=mT,.
Introducing the integer interval lz that contains all m such
that 1„,=1, fnrmuia (I) can nnw be written as foflo&vs

&3)

A&sum&ng &hat h(t) is a finite length impulse response over
Ihe interval [I „T„ I&T,], formula (3) &s rearrangerl wnh inrlex
j=k-h

I&

yt&T) = pa lt& — /&T I

a&i)T) = g xut&T) )tlt) +stat))TI

The latest formula shows that the interpolants are computed

o
by summing and delaying (I,+Ix+1) terms a(IT), &vhere

a,(ll,) is the accumulanon over Ihe nme &nterva[ [I— 1)T„ IT,]
of lhe muhiplication of input samples x(mT,) by coefljc&cols
h[(j+q(m))T,].

With reference to HG. 9, aj is practically implcmentcrl
with a multiplicator-accumulator operator 908 wh&ch is reset
&vhen the overflow signal f ((tn)= I. A coeflicient h[(j+&I(m))
T,] &s delivered by a coelfic&ent-u&mpulation blocl 9U9 with
an input q(m) being output by the numerically controlled
oscillator (NCO) 910.

It is noted that the n&ultiplicr-accumulators opcratc at
.&o frcqucncy I T, anil that the sum of aj is computed at

frequency 1/I'c For a low rano T,/Tu a high number of
mulnplication-accumulations are processed during a long T,
pemod. This allows Lhe T,—&n&erpolator to have a longer
titne impulse response in regards to T„and a narrower

33 frequency bandwidth in regards to sampling frequency
For practical reasons, h[(j+n)T,] may bc polynomial func-

tion of &I over thc interval [fl,l], and h[()+&l)T,]=p,(&l).
Polynomials of. degree 3 have been chosen for a pracucal
implementation because Lh&s is of reduced computauon

&o complexity aml allows very good performances ior Lhe

impulse response h(t), with only a fe&v intervals T, (typically
4 to 8) A particular form of the polynomials can also be used
to further reduce thc computational complexity Once thc
dcgrcc, forn& and number (I&+I +I) of polynomials is

LS chosen, the parameters of. Lhe polynom&als are compu teil by
m&nim&z&ng a coal iunci&on thai represents Ihe spectral
con&tram&s on the impulse response h(l).

It is also noted that the variable q, used for computing the
coefficient h[(j+&1(m))T,], does not need any addit&onal com-

so putation and approximation, as is thc case for poor art
T, interpolation mcthorls.

W&lh reference Lo FIG. 10, Ihe prev&ously descmbed
carrier recovery c&rcui& 5U includes a phase noise estimauon
c&rcu&l 506 and an addi&ive noise estimation c&rcuit 5117

which produces an estimation of the residual phase noise
and additive noise viewed by the QAM demodulator. Th&s

cstin&ation allo&vs thc user to optimize the carncr loop
bandwirlth in order to reach thc best trarlc off bct&vccn thc
phase noise and Ihe addinve no&se. The received QAM
symbol SU4 &s supplied to a symbol detection or dec&sion
block 508. The receive&1 QAM symbol SU4 is a po&nt in I,'Q
coordinates which is close in terms of distance to a possible
transmitted QAM symbol, but is different l&ecause of noise
Thc syn&bol rlctcction block 508 rlccides on thc most prob-

es able transmitted QAM symbol, by searching for the mini-
mum distance be&ween the receive&1 QAM symbol and
pose&ble Lransmiued QAM symbols (threshold symbols). In
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this way, Ihe symbol ilelection blocl 500 determines which
QAM symbol ivas transmitted. I'he l.east Mean Square
(I.MS) error betiveen the decided QAM symbol 509 and the
received QAM symbol 504 is determined by the I.MS error
method 505 as known in thc art and the LMS error si nal
512 is supplied with thr decided QAM symbol 509 to each
of the phase noise 506 and additive noise 5U7 estimators.

The phase noise esnmalion is based on the least mean
square error (dx+jdy), where dx+jdy=(received point
decided QAM symbol) This errnr is considered only for
QAM symbnLs having the maximmn and same amplitude on
I and Q (~a~+jjaj). Thc mean phase noise is then given by
E[dxady]=— jaj E(ph ), where E represents thr niean and ph
is the resirlual phase noise. The phase noise estimator result
510 does nol depenil on the;xldinve noise.

The additive nnise estimation is based on the same error
signal 512 as in the phase noise estimatinn, but the error in
the case of noise estimation is based only nn QAM symbols
having thc minimum amplitude (~a~=() on I and Q. The mean
ail(itive noise is ivcn by E[dxasgn(I)" I+dy'sgn(Q)"Q) ]=
E[n ], where n ilenotes the complex additive noise. The
additive noise estimator result does nol depend on lhe phase
of the signaL

With reference to HG. 11, the recovered bit stream 57
from the aforementioned symbnl detection circuit is sup-
plicrl to a Frame Synchronization Recovery (FSR) circuit 61
within thc Forward Error Correction (FEC) decoder 60. The
FSR circuit 61 decomposes the bil stream into peel ets of
204 bytes at Ihe output. Then, Ihe packets are suppherl lo a
I rame Pattern ('.ounter 62 which maintains a count of
recognizable patterns of the frame over a sufficiently large
number of frames m order to obtain additional information,
such as synchronization patterns, that is not encoded by thr
FEC cncodcr. This information is input into a first Bit Error
Rate Esnmator 715 of. the Dual BER unit 7U. The bu stream
packets then are supplied lo the rle-interleaver and FEC
decoder unit 65 which produces the MPEG TS dale output
signal 93 in the manner descrilied above. The correctable
errors 69 are supplied to a counter 705 within the Dual IIL'R

unit 70 aml then to a second Bit Error Rate estimator 716.
Thc outputs of thc first BER estimator unit 715 and the
seconrl BER estimator unit 716 go lo a software processing
unit 71U which compares the two BER outputs. This gives
twlihuonal information about Ihe type of. nome, such as
whether caused by a hurst or liy a distribution error. I'or loiv
lait error rates, such as less than I(P, the second bit error rate
estimator 716 will produce thc niorc accurate value. For high
BER, or in thc case of burst errors, the second BER
esnmator 716 is nol precise )once Ihe correction capacity of.

the cocle is exceedeil. In Ihts case, the lirst BER estimator
715 would be more precise.

The Dual Bit L)rror Rate L'stimator circuit alloivs it to be
possible to evaluate the quality of a transmission link even
in case of a scvcrcly distorted or noisy channel, which can
help to identify thc cause of bad reception. In particular, the
FEC decoiler 65 gives a very accurate inlormanon when Ihe.

interleaver strength provules sufiicient error spreading to
distnbute errors uniformly over the frame and below Ihe.

correctinn capabihty of the error correcting code, but very
inaccurate informatinn in case nf lnng hurst errors.

A comparison bctwcen thc two types of infomiation
provides a way to detect thc kind of noise errors which may
occur on Ihe nelworl . This allows, for instance, detecuon of.

whether a bail recepnon is clue to burst noise or other
problems such as phase nome, fading, etc. In some cases of.

very large hurst noise, the IL'(I decoder may shoiv a
relatively lnw lait error rate although all of the errors may
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have occurred al a particular msuint of Iransmission, which
may have completely altered the information content earned
by the transmission link, c.g. TV pictures, aurlio sound, etc
Thc Dual B ER Estimator circuit makes it casicr to (tete rminc
the cause of the poor transmission and thus solve the
problem.

What is claimed is.
1. A quadrature amphtude modulation (QAM) type

demorlulator comprising;
a tirst automatic gain control (A(IC) circuit outputting aiu

lirsl signal, the lira( signal being a lunction of a second
signal from an analog-lo-digital converter and bein ~

use(i to control an aniount of gain of an amplifie, thc
amplifier being clcctrically couple(I to and supplying an
input signal to the analog-to-digital converter,

a bascband conversion circuit elcctncally coupled to thc
analog-to-digital converter,

a second aulomanc gain control (AGC) circuit inclurhn ~

a digital mulnplier, the seconrl AGC circuit being
clcctrically coupled to thc baseband conversion circuit
and outputting a third signal, thc third signal being
derived from a QAM si nal after hltering and control-
ling an amount of ain of the digital multipher,

a receive lilter electrically coupled lo lhe digital
muluplier,

a earner recovery circuit being electrically coupled to the
receive filter and producmg a fourth signal which is the
QAM signal after filtering, the fourth signal being
supplied to the second A(IC circuit, and

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

whereby a fifth signal on Ihe output sirle of the symbol
detection circuit is a demodulated data output si nal

2. A demodulator, as in claim I, ivherein the first A(i('ircuit
further includes:

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

a detection of saturation counter tv)thin the power esti-
mation circuit for countin the number of saturation of
the second signal and adjustin thc kvel of thc ref):r-
cnce sisnal

a di ital loop filter electrically coupkd to an output of thc
as power estimation circuit, and

a pulse ividth modulation (PWM) generator electrically
coupled to an output of thc digital loop filter for
gcncratin thc first signal in a PWM format

3. A demodulator, as in claim 2, wherein the power
so esiimauon circuit esiimales an enure range of the second

signal inchiding ad)scent channels.
4. A demodulator, as in claim I, wherein the second A(IC

circuit includes a poiver comparator circuit electrically
coupled to the carrier rccovcry circuit for comparin thc
fourth si nal received front thc carrier rccovcry circuit with
a sel of optimal QAM values.

5. A demodulator, as in chiim 4, wherein the second AGC
circuil includes a digiial loop liller eleclncally coupled to an
output of the power comparator circuit

0) 6. A demodulator, as in claim I, further cnmpnsmg a
timin rccovcry circuit clcctrically couple(I bctwecn thc
baseband conversion circuit to rcceivc a signal thcrcfrom
and Ihe secoml AGC circuit to provide a signal based on
interpolated samples of the receiveil signal thereto.

ss 7. A demodulator, as in claim 1, further compnsing an
equalizer electrically coupled between the receive filter and
the carrier recovery circuit.
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ft. A demodulator, as in claim 1, further comprtstn ~ a
forward errnr correction circuit electrically coupled to the
symbol detection circuit for receiving an output signal
therefrom, said fortvard error cnrrection circuit producing
said hfth signal.

9. A quarlraturc amplitude modulation (QAM) type
demodulator compnsing.

an analog-to-digital (ALD) converter circuit heing electri-
cally cnupled to and receivilig a first siglial frnm a first
amplifie and outputting a second signal,

a lirst automanc gain control (AGC) circuit being elec-
trically coupleri Io and receiving Ihe second signal from
the ArD converter circuit and producing a third signal
that is a function of the second signal, the third signal
being used to control an amount of gain of thc first
amplifie,

a baseband conversion circuit being electmcally mupled
to and receiving Ihe third signal from the A'D converter
circuit anil producing a fnurth signai, the fourth signal
heing a baseband signal,

a timing recovery circuit bein electrically coupled to and
receiving the fourth signal and producing a lifth si mal
that is based on interpolated samples of the fourth
signal,

a second AGC circuit including a digitai niultiplier, the
second AGC circuit bring clectricaily coupicd to and
receiving the lifth signal from the timing recovery
circuit anil outpuning a sixth signal, the sixth si mal
heing derived from a QAM signai after filtering, the
sixth signal controlling an amount nf gain nf the digital
multipher, the digital-multiplier producing a seventh
signal,

a receive filter being electrically coupled to and receiving
the seventh signal from Ihe digital mulnpher aml lil-
tering the seventh signai to prnduce an eighth signal,

an cqualizcr being clcctricaliy coupled to and receiving
thc ei hth signal from thc receive filter and producing
a ninth signal,

a carrier recovery circuit heing electrically coupled to and
receiving the ninth signal frnm the equalizer and pro-
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ducin ~ a tenth signal which is the QAM signal after
filtering, the tenth signal being supplied to the second
A(i('ircuit and to a symbol detection circuit which
produces an eleventh si nal,

a power comparator circuit within thc second AGC circuit
and being electrically coupled to and receiving thc
tenth signal from the earner recovery circuit, Lhe power
comparator circuit comparing the tenth signal with a set
of optimum QAM values, and

a forward error correction circuit being electncally
coupled to and receiving the eleventh signal from the
symbol detection circuit and producin a twelfth signal,
whereby thc tivclfth si nal is a demodulated data output
sinn al.

10. A demodulator, as m claim 9, wherein Lhe lirst AGC
circuit further incluiles:

a power estimation circuit for estimating a signal level of
Ihe secoml signal anil comparing the signal level of Lhe

second signal with a reference signal level,
o

a rli ital loop filte electrically coupled to thc output of thc
power estimation circuit, anil

a pulse width modulation (VWM) generator clcctrically
coupled Io the output of Ihe digital loop liber ior
generanng the third signal in a PW'M format.zs

11. A demodulator, as in claim 10, wherein the power
estimation circuit estimates an entire range of the second
signal, the entire range of the second si nal including
adjacent channels.

12. A dcmorlulator, as in claim 9, wherein thc rcccive filter
lilters out adlacent channels from the seventh signai

13. A demoduhitor, as in claim 9, wherein Lhe data output
signal is in a MPEGZ transport stream format.

14 A demodulator, as in claim 9, wherein the hrstA(i('ircuit
includes a detection of saturation counter for detect-

in saturation in thc A:D convcrtcr circuit.
15. A demodulator, as in claim 10, whcrcin thc povvr

esiimanon circuiL incluiles a Lie(ection of saturation counter
for counting Lhe number of. saturation of. Ihe second signal
and adiusnn ~ Ihe level of the reference signaL
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