
;e3eccLh64TC2 April 2003 -1   METHOD AND APPARATUS FOR DEMODULATING AND
EQUALIZING AN AM COMPATIBLE DIGITAL AUDIO BROADCAST SIGNAL BACKGROUND OF
THE INVENTION This invention relates to radio broadcasting and, more
particularly, to methods of and apparatus for demodulating and equalizing a
signal in a receiver for an amplitude modulated compatible digital
broadcasting system. There has been increasing interest in the possibility
of broadcasting digitally encoded audio signals to provide improved audio
fidelity. Several approaches have been suggested. One such approach, set
forth in United States Patent No. 5,588,022 (WO 952478l A), teaches a
method for simultaneously broadcasting analog and digital signals in a
standard AM broadcasting channel. The broadcast signal includes an
amplitude modulated radio frequency signal having a first frequency
spectrum. The amplitude modulated radio frequency signal includes a first
carrier modulated by an analog program signal. The signal also includes a
plurality of digitally modulated carrier signals within a bandwidth which
encompasses the first frequency spectrum. Each of the digitally modulated
carrier signals is modulated by a portion of a digital program signal. A
first group of the digitally modulated carrier signals lies within the
first frequency spectrum and is modulated in quadrature with the ftrst
carrier signal. Second and third groups of the digitally modulated carrier
signals lie outside of the first   2 April 2003 -2 frequency spectrum and
are modulated both in-phase and in-quadrature with the first carrier
signal. The waveform in the AM compatible digital audio broadcasting system
described in United States Patent No. 5,588,022 (WO 9524781 A), was
formulated to provide optimal data throughput for the digital signal while
avoiding crosstalk into the analog AM channel. Multiple carriers are
employed by means of orthogonal frequency division multiplexing (OFDM) to
bear the communicated information. Monophonic detectors for consumer AM
radios respond only to the envelope and not the phase of the received
signal. Because of the use of the multiple digitally modulated carriers,
there is a need for a means to reduce the envelope distortion caused by
this hybrid signal. United States Patent No. 5,859,876, discloses a method
for reducing envelope distortion in an AM compatible digital audio
broadcasting system. Certain digital earners that are above the frequency
of the analog AM carrier have an associated digital earner that is at an
equal frequency offset below the analog AM carrier. The data and modulation
placed on the upper digital carrier and its counterpart are such that the
signal resulting from their addition has no component that is in-phase with
the analog AM carrier. Digital carrier pairs arranged in this way are said
to be complementary. Carriers that are not directly beneath the analog
signal spectrum are called non-complementary, and are modulated in-phase
and in-quadrature to the AM carrier. This configuration delivers dramatic
fidelity improvements to analog AM reception of digital broadcast signals.
At the receiver, the digital signal is demodulated by means of a Fast
Fourier Transform (FFT). One possible method and associated apparatus to
perform the demodulation is described in United States Patent No. 5,633,896
(WO 9708877 A). That patent discloses a demodulation technique which
minimizes the undesired crostalk between the analog signal and the digital
signals in an AM compatible digital audio broadcasting (AM DAB) system
using an orthogonal frequency division multiplexed (OFDM) modulation
format, by employing dual Fast Fourier Transform processes on separate
respective in-phase and quadrature-phase components of a received OFDM
digital signal. The output of the   2 April 2003 -3 quadrature channel is
used to recover the complementary data, and the resultant processed
component signals are summed to recover the non-complementary data. The
received multi-carrier signal requires equalization in the presence of
dynamic channel response variations. Without such equalization, a very
distorted signal would be detected and the digital broadcasting signal
information would be unrecoverable. An equalizer enhances the
recoverability of the digital audio broadcasting signal information. One
such equalizer is disclosed in United States Patent No..5,559,830 (WO
9623374 A). The equalizer disclosed therein includes means for receiving an
AM compatible digital audio broadcasting waveform and storing that waveform
as a waveform vector. The equalizer then processes that waveform by
multiplying the waveform vector by an equalization vector. This
equalization vector comprises a plurality of equalizer coefficients, each
of the coefficients initially set to a predetermined value. The equalizer
then compares each location of the processed waveform vector with a stored
waveform vector. The equalizer selects as the signal that vector location
closest to the stored waveform vector. Preferably, the equalizer includes
means for updating the equalizer coefficients using the waveform vector,
the processed waveform vector, and the stored waveform vector to provide
immunity to noise and response to channel changes. 



In the equalizers of both Patent No. 5,633,896 (WO 9708877 A) and Patent
No. 5,559,830 (WO 9623374 A), frequency domain information is presented to
the equalizer as a frequency domain vector. Each block of frequency domain
information is stored in a storage array. This storage array vector is
multiplied by a plurality of equalizer coefficients. The resulting product
of this multiplication is an equalized signal. A set of exact values is
known a priori in the equalizer against which each vector location of the
equalized signal can be compared. The ideal value closest to that described
in the vector location is chosen as the actual signal value. The vector of
decisions is stored in a decision array. Using the received signal, the
equalized signal, and the decision array, an equalizer coefficient
estimator calculates coefficient estimates. To provide immunity to noise,
the equalizer coefficient estimates can be averaged over time.. The rate of
coefficient update determines equalizer noise immunity and convergence
rate. Coefficients in different parts of the band may be updated at
different rates depending on knowledge of the distortion   2 April 2003 -4
mechanism. While the dual FFT technique can improve system performance in a
channel that has symmetric magnitude and anti-symmetric phase about the AM
carrier frequency over the frequency range of the complementary carriers,
for channels with non-symmetric magnitude or non- anti-symmetric phase, the
process of using only the quadrature channel FFT output to obtain the
complementary data destroys the non-symmetric magnitude and non-
anti-symmetric phase information and the signal that drives the equalizer
is not correct. Publication No. WO 002l228, discloses an equalization
method that can provide proper equalizer coefficients when the equalizer
coefficients may have non-symmetric magnitude or non- anti-symmetric phase.
Demodulation of the non-complementary carriers may require a high-pass
filter on the in-phase portion of the signal to eliminate spectral spillage
in the FFT from the analog signal. However, when a high-pass filter is
applied, information in the in-phase signal is destroyed, thus preventing
proper equalization of the complementary digital earners. For channels that
have non-symmetric magnitude or non- anti-symmetric phase over the spectral
region of the analog signal, the destroyed information prevents proper
equalization of the complementary carriers. The channel, as referred to
here, includes not only phenomenon that affect propagation of the signal,
but also any component in the transmitter or receiver that affects the
magnitude and phase of the received signal. The present invention provides
a method of demodulating the digital signal without the drawback of either
spectral spillage of the analog signal onto the non-complementary earners
or destroying information needed for proper equalization of the
complementary carriers. The present invention seeks to provide an improved
demodulation and equalization method and receivers which include the
method. SUMMARY OF THE INVENTION The present invention provides a method of
demodulating and equalizing an   2 April 2003 WO UOI21261 -5 rCrn~s99noz~6
AM compatible digital broadcast signal. The method includes estimating the
equalizer coefficients for the complementary carrier while still rataining
the benefits of combining theinformation from the complementary carrier FFT
outputs. The method uses information from the non-complementary carriers to
estimate, via interpolation, the equalizer coefficients for the
complementary carriers. The demodulation and equalization method of the
present invention is used to process an amplitude modulated compatible
digital broadcasting signal including an amplitude modulated radio
frequency signal having a first carrier modulated by an analog program
signal in a first frequency spectrum, a plurality of digitally modulated
carrier signals positioned within a bandwidth which encompasses the first
frequency spectrum, a first group of the digitally modulated carrier
signals including complementary carrier signals and lying within the first
frequency spectrum, and second and third groups of the digitally modulated
carrier signals including non-complementary carrier signals and lying
outside of the first frequency spectrum. The method includes the steps of-.
taking a first Fast Fourier Transform of the amplitude modulated compatible
digital signal to produce a first transformed signal representative of the
non-complementary carriers; processing the first transformed signal to
produce a first equalized signal by multiplying the first transformed
signal by a first equalization vector, wherein the first equalization
vector includes a first plurality of equalizer caeffieients; updating the
first plurality of equalizer coefficients; taking a second Fast Fourier
Transform of the amplitude modulated compatible digital signal to produce a
second transformed signal representative of the complementary carriers;
determining a second equalization vector comprising a second plurality of
equalizer coefficients, wherein the second plurality of equalizer
coefficients is determined by interpolating coefficients of the first
plurality of equalizer coefficients; and processing the second transformed
signal to produce a second equalized signal by multiplying the second
transformed signal by the second equalization vector. The invention also
encompasses the operation of radio frequency receivers which utilize the
above method, as well as apparatus that performs the above method arid
radio frequency receivers which utilize the above equalization method.   



2 April 2003  BRIEF DESCRIPTION OF THE DRAWINGS _ _ __ _-. _ - _. The
invention will be more readily apparent to those skilled in the art by
reference to the accompanying drawing wherein: Figure 1 is a diagrammatic
representation of a prior art composite analog AM and digital broadcasting
signal; Figure 2 is a block diagram of a receiver which includes an
equalizer that operates in accordance with this invention; Figure 3 is a
functional block diagram of a demodulator and adaptive equalizer in
accordance with this invention; Figures 4a and 46 are phasor diagrams which
illustrate the operation of the invention; and Figure 5 is a diagram
showing the magnitude of the response of the equalizer. DETAILED
DESCRIPTION OF TIC PREFERRED EMIB0DIMENTS This invention provides a method
for demodulating and equalizing carriers in a broadcast signal which
includes both an analog amplitude modulated signal and a digital signal on
the same channel assignment as the existing analog AM broadcasting
allocation. The technique of broadcasting the digital signal in the same
channel as an analog AM signal is called in-band on-channel (IBOC)
broadcasting. This broadcasting is accomplished by transmitting a digital
waveform by way of a plurality of orthogonal frequency division modulated
(OFDM) carriers, some of which are modulated in-quadrature with the analog
AM signal and are positioned within the spectral region where the analog AM
broadcasting signal has significant energy. The remaining digital carriers
are modulated both in-phase and inquadrature with the analog AM signal and
are positioned in the same channel as the analog AM signal, but in spectral
regions where the analog AM signal does not have significant energy. In the
United States) the emissions of AM broadcasting stations are restricted in
accordance with Federal Communications Commission (FCC) regulations to lie
within a signal level mask defined such that: emissions 10.2' kHz to 20 kHz
removed from the analog carrier must be attenuated at least 25 dB below the
unmodulated analog carrier level)   2 April 2003 -7 emissions 20 kHz to 30
kHz removed from the analog carrier must be attenuated at least 35 dB below
the unmodulated analog carrier level, and emissions 30 kHz to 60 kHz
removed from the analog carrier must be attenuated at least [35 dB + 1
dB/kHz] below the unmodulated analog carrier level. Figure 1 shows the
spectrum of an AM digital audio broadcasting signal of a type which can be
utilized by the present invention. Curve 10 represents the standard
broadcasting amplitude modulated signal, wherein the carrier has a
frequency of f0. The FCC emissions mask is represented by item number 12.
The OFDM waveform is composed of a series of data carriers spaced at ft =
59.535 (7 106/(131072), or about 454 Hz. A first group of twenty four of
the digitally modulated carriers are positioned within a frequency band
extending from (f0 - 12 f1) to (f0 + 12 f,), as illustrated by the envelope
labeled 14 in Figure 1. Most of these signals are placed 39.4 dB lower than
the level of the unmodulated AM carrier signal in order to minimize
crosstalk with the analog AM signal. Crosstalk is further reduced by
encoding this digital information in a manner that guarantees orthogonality
with the analog AM waveform. This type of encoding is called complementary
encoding (i.e. complementary BPSK, complementary QPSK, or complementary 32
QAM) and is more fully described in the previously discussed copending
application Serial No. 08/671,252. Complementary BPSK modulation is
employed on the innermost digital earner pair at fo  f~ to facilitate
timing recovery. These earners are set at a level of -28 dBc. A11 other
carriers in this first group have a level of -39.4 dBc and are modulated
using complementary 32 QAM for the 48 and 32 kbps encoding rates.
Complementary 8 PSK modulation is used on carriers ranging from (fo - 11
ft) to (fo - 2 ft) and from (fo + 2f,) to (fo + 11 fi) for the 16 kbps
coding rate. For all three encoding rates, the carriers at (fo - 12 f~ )
and (fo + 12 f, ) carry supplementary data and may be modulated using
complementary 32 QAM. Additional groups of digital signals are placed
outside the first group. The need for these digital waveforms to be
in-quadrature with the analog signal is eliminated by restricting the
analog AM signal bandwidth. The earners in a second and a third group,
encompassed by envelopes 16 and 18 respectively, may be modulated using,
for example, 32   2 April 2003 -g QAM for the 48 and 32 kbps rates, and 8
fSTC for the 16 kbps rate. The carriers arc set at __ levels of-30 d8c_for
all encoding_rates. 



Figure 2 is a block diagram of a receiver constructed to receive the
composite digital and analog signals of Figure 1. An antenna l I0 receives
the composite waveform containing the digital and analog signals and passes
the signal to conventional input stages 112, which may include a radio
frequency preselector, an amplifcer, a mixer and a local oscillator_ An
intemaediate frequency signal is produced by the input stages on line I14.
This intermediate frequency signal is passed through an automatic gain
control circuit 116 to an IJQ signal generator 118_ The l/Q signal
generator produces an in-phase signal on line 120 and a quadrature signal
on line 122. The in-phase channel output on line 120 is input to an
analog-to-digital converter 124. Similarly, the quadrature channel output
on line 122 is input to another analog-to-digital converter 126. Feedback
signals on lines 120 and 122 are used to control the automatic gain control
circuit 116. The signal on line 120 includes the analog AM signal which is
separated out as illustrated by block 140 and passed to an output stage I42
and subsequently to a speaker 144 or other output device. A demodulator 150
receives the digital signals on Iines 128 and 130, and produces output
signals on lines 154. These output signals are passed to an equalizer 156
and to a data rate filter and data decoder l58. The output of the data
decoder is sent to a deinterleaving circuit and forward error correction
decoder l64 in order to improve data integrity. The output of the
deinterleaver/forward error correcting circuit is passed to a source
decoder I66. The output of the source decoder is delayed by circuit I68 to
compensate for the delay of the analog signal at the transmitter and to
time align the analog and digital signals at the receiver. The output of
delay circuit l68 is converted to an analog signal by a digital-to-analog
converter 160 to produce a signal on 162 which goes to the output stage
142. Patent Number 5,559,830) issued September 24, 1996 describes one mode
of operation for an equalizer having an equalizer coefFcient update
algorithm. The present invention enhances the operation of the equalizer
and equalizer coefficient update algorithm by considering the effects that
occur when the equalizer coefficients should have non   2 April 2003 _g.
symmetric magnitude or non- anti-symmetric phase about the center of the
FFT. Figure 3 _is a-functional block diagram of a portioz3_of-the
receiver-proressing which illustrates the operation of the present
invgntion. Both in-phase (I) and quadrature (Q) signals are provided on
lines l28 and 130_ These signals may be provided by using down converter
elements similar to those shown in Figthre 2. To eliminate the analog
signal prior to being input to a first Fast Fourier Transform processor
(FFT1 ) in block 170, a high pass filter 174 has been added to filter the
in-phase components of the signal on litre ! 28 thereby producing a
filtered signal on line 148. Signals on lines 148 and i30 are processed by
windowing and guard band removal cireui;t 171 prior to being input to FFTI.
The window should be applied such that the digital carriers remain
orthogonal, or at ~Ieast the lack of orthogonality among the digital
carriers is small enough not to impact system performance. A method of
applying a window that preserves orthogonality among the carriers has been
developed. In a specific implementation of the method, a root-raised cosine
window is applied at the transmitter and receiver. For this window, the
tapering occurs on the first and last seven samples of the 135 samples in a
baud. After the window has been applied at the receiver, the last seven
samples are added to they first seven samples, where the 129th sample is
added to the first sample, the 130th sample is~ added to the second sample,
and this pattern continues with the 135th sample being added to the seventh
sample. The resulting 128 points arc input to an FFT. In some cases it may
be advantageous to perform the windowing and guard band removal operations
prior to processing by highpass filter l74_ In this case, the windowing and
guard band removal operations performed by circuits 171 and i 73 could be
connbined to be performed by one circuit. Elimination of the analog signal
may be necessary to prevent spectral spillage from the analog signal onto
the in-phase portion of the non-complementary carriers_ The disadvantage of
this highpass filter is that information needed to properly equalize and
demodulate the complementary carriers can be destroyed when the channel has
a nonsymmetric magnitude or non- anti-symmetric g'hase about the analos AM
carrier frequency. If the in-phase input to FFTI is high pass filtered to
eliminate the analog signal) the output of   2 April 2003 - 10 LFTl) which
is input to the equalizer coefiricient update algo~thm, has certain
symmetry _._ ____ ___-____~iJe~ti_e~, e~ci_fica(ly, since_t_11~
i,tl~~.S.~~~k.g~.the FFf1 Input has nearly xero energy for. the
complementary carriers) the output of FFTI will have nearly anti-hermitian
symmetry for the complementary carriers. 1"he output of the symbol decision
processor for tha eomplementary carriers will have the same property. Since
these two anti-hermitian signals Serve as the input to the equalizer
coefficient for the complimentary carriers..update routine, the equalizer
coefficients will be constrained to have a magnitude response that is
symmetric and a phase response that is anti-symmetric about the center
frequency of FFTI. Therefore, the equalizer coefficients for the
complimentary carriers will not converge to the proper values when the
equalizer coefficients should have non-symmetric magnitude or non-
anti-symmetric phase about the center of FFT 1. 



The outputs of FFTI that correspond to the non-complementary carriers are
input by way of lines 176 to a first equalizer 178. Equalizer l78 operates
on the frequency domain data and adjusts the magnitude and phase of each
OFDM carrier to counteract the effects of chart~nel perturbations,
transmitter and receiver filters, the transmit and receive antennas, and
other factors and processing that affect the magnitude and phase of the
signal. The outputs of equalizer l78 on lines 180 are fed to a symbol
decision processor 182 which produces signals on lines 184 that are
representative of the digital information cac~ied by the non-complementary
carriers of the AM compatible broadcast waveform. Information on fines 17b
and 184 is used to update the coefficients of the equalization coefficient
vectors in equalizer EQ1, as illustrated by block 186. The coefficients to
be applied to the complementary carriers that ate processed by equalizer
EQ2 in block 188, are determined by interpolation as illustrated in block
190. The input signals 128 and 130 are processed by windowing and guard
interval circuit 173 and then input to Fast Fourier Transform processor
FFT2, which produces outputs corresponding to the cornplementary carriers
and provides thCse outputs as inputs to equalizer EQ2 on lines l92. The
output of equalizer 156 of Figure 2 can consist of the combination of the
outputs of EQ 1 178 and EQ2 188 in Figure 3) or the combination of signals
184 and 202 in Figure 3, depending on the type of data required for further
processing) which may especially depend   2 April 2003 -I1 on the type of
forward error correction f FEC) used in the system. if symbol decision
outputs _ _ _ _ _-_.Tare_ re~uired._-higlter signal-to-_n~is~-_ratio~s
.(Std)- fox the complementary -ewers -.can be obtained by combining the kFT
outputs for pairs ofcomplementary catTiers. Specificaity, the data from one
complementary carrier is added to the negative conjugate of the other
complementary carrier and the average is calculated. For each pair of
complementary earriers~ processed by equalizer EQ2, block 194 shows that
the negative conjugate of one carrier in the, pair is added to the oihcr
carrier in the pair as illustrated by adders 196 and 198. Symbol processor
200 then produces outputs that are representative of the digital
information carried by the complementary carriers of the AM compatible
broadcast signal. Figures 4a and 4b are vector diagrams which can be used
to further ihustrate the operation of the invention. Figure 4a shows a
phasor diagram of the transmitted signal. . . The horizontal axis is the
In-phase, or I, component and the vertical axis is the quadrature, or Qs
component. The constant AM carrier level is shown as the phasor 204 along
the horizontal axis, and the phasor diagram is fixed with respect to the
frequency of the AM carrier. Also shown in Figure 4a are two AM sideband
signals 206 and 20$. These signals represent an analog tone. Note that
Figure 4a shows the resultant 210) or vector addition) of the analog
sidebands. The resultant is on the I axis, and will continue to be on the I
axis as the analog sidebands rotate. Figure 4a also shows the phasors 212
and 214 for one pair of complementary carriers. The resultant 216 of these
carriers is on the Q axis and stays on the Q axis as the complementary
carriers rotate. Figure 4b shows the phasor diagram at the receiver
assuming a channel that is non-symmetric in magnitude and non-
anti~synunetrie in phase. As can be seen, now the 0 resultant 216' of the
complementary carrier pair 212' and 214' has energy in both the 1 and Q
signals_ If the 1 signal at the frequency of the complementary carrier pair
is eliminated by the highpass filter shown in Figure 3, the signal caru~ot
be properly equalized and demodulated. Although Figures 4a and 4b show only
one~eomplementary carrier pair, the above statements apply to all of the
complementary carriers_ Figures 4a acrd 4b show another effect that
prevents proper demodulation of the complementary carriers. The resultant
210' of the analog sidebands 206' and 208' also has energy in both the I
and Q signals. Therefore,   2 April 2003 -12 because some of the analog
signal energy is now in the Q signal, this also prevents proper
_demodulatxon of_!ho_c~omp~em_e~a_Lry capers. Thereforethe output of FFTI
cannot be used ' to properly demodulate the complementary carriers when the
channel is non-symmetric in magnitude and non- anti-symmetric in phase.
However, the output of FFTI can be used to equalize and demodulate the
non-complementary carriers. Eecause only the noncomplementary information
is used at the output of FFTI, only the outputs for the noncomplementary
carriers need to be calculated. As shown in Figure 3, the output of FFT1 is
input to a first equalizer, denoted as EQ1. This equalizer, as well as a
second equalizer denoted by EQ2, operate vn the frequency domain data and
adjust the magnitude and phase of the OFDM carriers to counteract the
effects of propagation channel perturbations, transmitter and receiver f
hers, transmit and receive antennas, and other factors and processing that
affect the magnitude and phase of the received signal. The output of ~Q I
is input to a symbol decision processor that determines which of the
frequency domain constellation points was transmitted for each
non-complementary carrier. These decisions, along with the preequalized
constellation points and the previous. values of the equalizer coefficients
are used to update the equalizer coefficients. An algorithm such as the
least mean squares (LMS) or recursive least squares (lu.S) can be used to
update the equalizer coeffcients. As shown in Figwc 3, FFT2 is used to
obtain the information for the complementary carriers. The I signal that is
input to FFT2 is not highpass filtered, and therefore alt of the
information needed to equalize and demodulate the complementary carriers is
available at the output of FFT2. Because only the complementary information
is used at the; output of FFT2, only the outputs for the complementary
carriers need to be calculated. The output of FFT2 is equalized by EQ2. As
shown in Figure 3, for each complementary carrier pair) the negative
conjugate of vne carrier in the pair is added to the other carrier in the
pair. The sum is then used to make a symbol decision for the complementary
pair. The coefficients for EQ2 could be updated in the same manner as the
coefficients fvr EQ 1, but the presence of the analog signal would make the
coefficient estimates noisy. To overcome this, ttae equalizer coefficients
for EQ2 can be obtained via 



2 April 2003 -13~ interpolation using the coeffcients for EQ1. 1f the
control loops of the receiver such as the .. - _ -&utcmatic-gala-contrfll-
(A~E)~ ear-rter~ tr-aofE~ng: and~yrnbol-track~ing.~e~-at-th~.~rop~ec
~.alues; the center frequency of the FFT wi(1 be at a known, constant
magnitude and phase. Figure 5 illustrates an example where linear
interpolation is used to determine the equalizer coefficients across the
complementary carriers, figure 5 actually shows the inverse of the channel
response 2l8 because this is the desired response for the equalizer. The
response 220 that would be obtained from the equalizer magnitude is also
shown .in Figure 5_ For clarity, the illustrated equalizer response is
displaced upward slightly so it can be distinguished from the inverse
channel response. Note that the response follows the inverse channel
response in the regYOns 222 and Q24 of the non-complementary carriers_ .As
can be seen, if the channel response 2l8 is relatively smooth, the
interpolated equalizer coefficients are near to the ideal values, and the
equalizer magnitude response 220 closely Several variations of
interpolation are possible. For example, the values of the equalizer
coefficients for the first OFDM carriers outside of the complementary
region could edualizer ~~foc the first OFDM carriers outside of the
complementary region could be used to linearly interpolate from their
values to the value at the center of the channel. f.inear interpolation has
been fotuid to be satisfactory in the large majority of cases where the
signal is in the commercial AM broadcast band (530 kHz to 1710 kHz) and the
width of the complementary region is less than 10 kHz. As an alternative,
it may be desirable to use noneomplementary carriers that are further away
from the center of the channel if the noncomplementary carrier or carriers
that are located closest to the complementary carrier region are affected
by filters such as the highpass filter that can be used to eliminate the
analog signal from the in-phase portion of the received signal. Also,
information from many of the non-complementary carriers could be used in
the interpolation process. Interpolation algorithms other than linear could
be used. Some of the well known interpolation algorithms include cubic
spline) polynomial interpolation, FFT based interpolation, and exponential
or logarithmic cun~c fitting. The non-complementary equalizer coe~teients
used for the interpolation and the complerrlentary equalizer coefficients
obtained from the interpolation   2 April 2003 -14 can be averaged over
time to~reduce the effects of noise_ Smoothing across Crequency can -
-aiso-be used to aeduce the effects o~ noise. Instead of interpolating the
tinear_ magnitude of the coefficients, interpolation on a log magnitude
scale may be advantageous. Alternatively, instead of interpolating the
magnitude and phase of the equalizer coefficients. it may be desirable to
interpolate the corresponding real and imaginary coordinates that can be
used to represent the equalizer coeffcients_ 'this invention provides a
system for demodulating and adaptively equalizing an amplitude modulated
compatible digital audio broadcast signal. In the foregoing specification
certain preferred practices and embodiments o~ this invention have been set
out, however, it will be understood that the invention may be otherwise
embodied within the scope of the following claims_   2 April 2003 -15
CLATMS: 1. A method of demodulating and equalizing an amplitude modulated 



compatible digital broadcasting signal including an amplitude modulated
radio frequency signal having a first carrier modulated by an analog
program signal in a first frequency spectnun, a plurality of digitally
modulated carrier signals positioned within a bandwidth which encompasses
the first frequency spectrum, a first group of the digitally modulated
Garner signals including complementary Garner signals and lying within the
first frequency spectrum, and second and third groups of the digitally
modulated carrier signals including noncomplementary carrier signals and
lying outside of the first frequency spectrum, said method comprising the
step of taking the Fast Fourier Transform of the amplitude modulated
compatible digital broadcasting signal to produce a first transformed
signal representative of the non-complementary carriers, and characterized
by the steps of processing said first transformed signal to produce a first
equalized signal by multiplying said first transformed signal by a first
equalization vector, said first equalization vector comprising a first
plurality of equalizer coefficients; updating said first plurality of
equalizer coefficients used for the non complementary signals; taking the
Fast Fourier Transform of the amplitude modulated compatible digital
broadcasting signal to produce a second transformed signal representative
of the complementary carriers; determining a second equalization vector
comprising a second plurality of equalizer coefficients, said second
plurality of equalizer coefficients being determined by interpolation using
coefFcients of said first plurality of equalizer coefficients; and
processing said second transformed signal to produce a second equalized
signal by multiplying said second transformed signal by said second
equalization vector. 2. The method of claim 1, fiarther characterized by
the steps of separating the amplitude modulated compatible digital
broadcasting signal into in-phase and quadrature components; and filtering
the amplitude modulated compatible digital broadcasting signal in phase
component prior to the step of taking the Fast Fourier Transform of the
amplitude modulated compatible digital broadcasting signal to produce said
first transformed signal.   2 April 2003 -16 3. 'The method of claim 2,
wherein the step of filtering the in-phase component comprises: passing the
in-phase component through a highpass filter. 4. The method of claim 1, fi
-ther characterized by the step of windowing the amplitude modulated
compatible digital broadcast signal and removing a guard interval from the
amplitude modulated compatible digital broadcast signal prior to each of
the steps of taking the Fast Fourier Transform of the amplitude modulated
compatible digital broadcast signal. 5. The method of claim 1, wherein said
second plurality of equalizer coefficients are calculated using said first
set of equalizer coefficients and a known value at the center of the first
frequency spectrum, such calculation being performed by interpolation using
one of linear interpolation, cubic spline interpolation, polynomial
interpolation, Fast Fourier Transform based interpolation, or logarithmic
curve fitting. 6. The method of claim 1, wherein said interpolation is
averaged over time. 7. The method of claim 1, wherein said interpolation is
performed on real and imaginary components used to represent said first and
second plurality of equalizer coefficients. 



8. A method of operating a radio frequency receiver for receiving an
amplitude modulated compatible digital broadcasting signal including an
amplitude modulated radio frequency signal having a first carrier modulated
by an analog program signal in a first fi equency spectrum, a plurality of
digitally modulated earner signals positioned within a bandwidth which
encompasses the first frequency spectrum, a first group of the digitally
modulated earner signals including complementary carrier signals and lying
within the first frequency spectrum, and second and third groups of the
digitally modulated carrier signals including non-complementary carrier
signals and lying outside of the first frequency spectrum, said method
comprising the steps of receiving said amplitude modulated compatible
digital broadcasting signal, and taking tk~e Fast Fourier Transform of said
amplitude modulated compatible digital broadcasting signal to produce a
first transformed signal representative of the non-complementary carriers,
characterized by the steps of processing said first transformed signal to
produce a first equalized signal by multiplying said first transformed
signal by a first equalization vector, said first equalization vector
comprising a first plurality of equalizer coefficients;   2 April 2003 -17
updating said first plurality of equalizer coefficients used for the non
complementary signals; taking the Fast Fourier Transform of said amplitude
modulated compatible digital broadcasting signal to produce a second
transformed signal representative of the complementary carriers;
determining a second equalization vector comprising a second plurality of
equalizer coefficients, said second plurality of equalizer coefficients
being determined by interpolation using coef~'icients of said first
plurality of equalizer coefFcients; processing said second transformed
signal to produce a second equalized signal by multiplying said second
transformed signal by said second equalization vector; and producing an
output signal in response to said first and second equalized signals. 9.
The method of claim 8, further characterized by the steps of separating
said amplitude modulated compatible digital broadcasting signal into
in-phase and quadrature components; and filtering the amplitude modulated
compatible digital broadcasting signal in-phase component prior to the step
of taking the Fast Fourier Transform of the amplitude modulated compatible
digital broadcasting signal to produce said first transformed signal. 10.
The method of claim 9, wherein the step of filtering the in-phase component
comprises: passing the in-phase component through a highpass filter. 11.
The method of claim 8, further characterized by the step of windowing the
amplitude modulated compatible digital broadcast signal and 



removing a guard interval from the amplitude modulated compatible digital
broadcast signal prior to each of the steps of taking the Fast Fourier
Transform of the amplitude modulated compatible digital broadcast signal.
12. The method of claim 8, wherein said second plurality of equalizer
coefficients are calculated using said first set of equalizer coefficients
and a known value' at the center of the first frequency spectrum, such
calculation being performed by interpolation using one of linear
interpolation, cubic spline interpolation, polynomial interpolation, Fast
Fourier Transform based interpolation, or logarithmic curve fitting. 13.
The method of claim 8, wherein said interpolation is averaged over time.
18 2 April 2003 14. The method of claim 8, wherein said interpolation is
performed on real and imaginary components used to represent said first and
second plurality of equalizer coefficients. 15. An apparatus for
demodulating and equalizing an amplitude modulated compatible digital
broadcasting signal including an amplitude modulated radio frequency signal
having a first carrier modulated by an analog program signal in a first
frequency spectrum, a plurality of digitally modulated carrier signals
positioned within a bandwidth which encompasses the first frequency
spectrum, a first group of the digitally modulated carrier signals
including complementary carrier signals and lying within the first
frequency spectrum, and second and third groups of the digitally modulated
carrier signals including non-complementary carrier signals and lying
outside of the first frequency spectrum, comprising means ( 170) for taking
the Fast Fourier Transform of the amplitude modulated compatible digital
broadcasting signal to produce a first transformed signal representative of
the non-complementary carriers, and characterized by: means (178) for
processing said first transformed signal to produce a first equalized
signal by multiplying said first transformed signal by a first equalization
vector, said first equalization vector comprising a first plurality of
equalizer coefficients; means (186) for updating said first plurality of
equalizer coefficients used for the non-complementary signals; means (l72)
for taking the Fast Fourier Transform of the amplitude modulated compatible
digital broadcasting signal to produce a second transformed signal
representative of the complementary carriers; means (190) for determining a
second equalization vector comprising a second plurality of equalizer
coefficients, said second plurality of equalizer coefficients being
determined by interpolating coefficients of said first plurality of
equalizer coefficients; and means (188) for processing said second
transformed signal to produce a second equalized signal by multiplying said
second transformed signal by said second equalization vector. 



16. The apparatus of claim 15, further characterized by: means (118) for
separating the amplitude modulated compatible digital broadcasting signals
into in-phase and quadrature components; and   19 2 April 2003 means ( 174)
for filtering the non-complementary carrier signal in-phase component. 17.
The apparatus of claim 16, wherein the means for filtering comprises: a
highpass filter. 18. The apparatus of claim 15, further characterized by:
means ( 171, 173 ) for windowing the amplitude modulated compatible digital
broadcast signal and removing a guard interval from the amplitude modulated
compatible digital broadcast signal. 19. The apparatus of claim 15, wherein
said second plurality of equalizer coefficients are calculated using said
first set of equalizer coefficients and a known value at the center of the
first frequency spectrum, such calculation being performed by interpolation
using one of linear interpolation, cubic spline interpolation, polynomial
interpolation, Fast Fourier Transform based interpolation, or logarithmic
curve fitting. 20. The apparatus of claim 15, wherein said interpolation is
averaged over time. 21. The apparatus of claim 15, wherein said
interpolation is performed on real and imaginary components used to
represent said first and second plurality of equalizer coefficients. 22. A
radio frequency receiver for receiving an amplitude modulated compatible
digital broadcasting signal including an amplitude modulated radio
ftequency signal having a first carrier modulated by an analog program
signal in a first frequency spectrum, a plurality of digitally modulated
carrier signals positioned within a bandwidth which encompasses the first
frequency spectrum, a first group of the digitally modulated carrier
signals including complementary carrier signals and lying within the first
frequency spectrum, and second and third groups of the digitally modulated
Garner signals including non-complementary carrier signals and lying
outside of the first frequency spectrum, said receiver comprising means
(170) for taking the Fast Fourier Transform of the amplitude modulated
compatible digital broadcasting signal to produce a first transformed
signal representative of the non-complementary carriers, and characterized
by: means ( 110) for receiving said amplitude modulated compatible digital
broadcasting signal;   



20 2 April 2003 means ( 178) for processing said first transformed signal
to produce a first equalized signal by multiplying said first transformed
signal by a first equalization vector, said first equalization vector
comprising a first plurality of equalizer coefficients; means ( 186) for
updating said first plurality of equalizer coefficients used for the
non-complementary signals; means (172) for taking the Fast Fourier
Transform of the amplitude modulated compatible digital broadcasting signal
to produce a second transformed signal representative of the complementary
carriers; means (190) for determining a second equalization vector
comprising a second plurality of equalizer coefficients, said second
plurality of equalizer coefficients being determined by interpolating
coefficients of said first plurality of equalizer coefficients; means (l88)
for processing said second transformed signal to produce a second equalized
signal by multiplying said second transformed signal by said second
equalization vector; and means ( 142) for producing an output signal in
response to said first and second equalized signals. 23. The receiver of
claim 22, further characterized by: means ( 118) for separating the
amplitude modulated compatible digital broadcasting signals into in-phase
and quadrature components; and means ( 174) for filtering the
non-complementary carrier signal in-phase components. 24. The receiver of
claim 23, wherein means for filtering comprises: a highpass filter. 25. The
receiver of claim 23, further characterized by: means ( 171, 173 ) for
windowing the amplitude modulated compatible digital broadcast signal and
removing a guard interval from the amplitude modulated compatible digital
broadcast signal. 26. The receiver of claim 23, wherein said second
plurality of equalizer 



coefficients are calculated using said first set of equalizer coefficients
and a known value at the center of the first frequency spectrum, such
calculation being performed by interpolation using one of linear
interpolation, cubic spline interpolation, polynomial interpolation, Fast
Fourier Transform based interpolation, or logarithmic curve fitting.   21 2
April 2003 27. The receiver of claim 23, wherein said interpolation is
averaged over time. 28. The receiver of claim 23, wherein said
interpolation is performed on real and imaginary components used to
represent said first and second plurality of equalizer coefficients. 29. A
method of equalizing a digital broadcasting signal including a first
carrier modulated by an analog program signal and a plurality of digitally
modulated carrier signals including complementary carrier signals
positioned within the bandwidth of the first Garner signal and
non-complementary carrier signals positioned outside of the bandwidth of
the first carrier signal, said method comprising the steps of taking the
Fast Fourier Transform of the digital broadcasting signal to produce a
first transformed signal representative of the non-complementary carriers;
processing said first transformed signal by a first equalization vector to
produce a first equalized signal, said first equalization vector comprising
a first plurality of equalizer coefficients; updating said first plurality
of equalizer coefficients used for the non complementary signals; taking
the Fast Fourier Transform of the digital broadcasting signal to produce a
second transformed signal representative of the complementary carriers;
determining a second equalization vector comprising a second plurality of
equalizer coefficients by interpolation using coefficients of said first
plurality of equalizer coefficients; and multiplying said second
transformed signal by said second equalization vector to produce a second
equalizer signal. 30. The method of claim 29, further comprising the steps
of 



separating the digital broadcasting signal into in-phase and quadrature
components; and filtering the digital broadcasting signal in-phase
component prior to the step of taking the Fast Fourier Transform of the
digital broadcasting signal to produce said first transformed signal.   21a
2 April 2003 31. The method of claim 30, wherein the step of filtering the
in-phase component comprises the step of passing the in-phase component
through a highpass filter. 32. The method of claim 29, further comprising
the step of windowing the digital broadcast signal and removing a guard
interval from the digital broadcast signal prior to the step of taking the
Fast Fourier Transform of the digital broadcast signal. 33. The method of
claim 29, wherein said second plurality of equalizer coefficients are
calculated using said first set of equalizer coefficients and a known value
at the center of the first frequency spectrum, such calculation being
performed by interpolation using one of linear interpolation, cubic spline
interpolation, polynomial interpolation, Fast Fourier Transform based
interpolation, or logarithmic curve fitting. 34. The method of claim 29,
wherein said interpolation is averaged over time. 35. The method of claim
29, wherein said interpolation is performed on real and imaginary
components used to represent said first and second plurality of equalizer
coefficients. 36. An apparatus for equalizing a digital broadcasting signal
including a first Garner modulated by an analog program signal and a
plurality of digitally modulated carrier signals including complementary
carrier signals positioned within the bandwidth of the first carrier signal
and non-complementary carrier signals positioned outside of the bandwidth
of the first carrier signal, said method comprising the steps of means for
taking the Fast Fourier Transform of the digital broadcasting signal to
produce a first transformed signal representative of the non-complementary
carriers; means for processing said first transformed signal by a first
equalization vector to produce a first equalized signal, said first
equalization vector comprising a first 



plurality of equalizer coefficients;   21b 2 April 2003 means for updating
said first plurality of equalizer coefficients used for the
non-complementary signals; means for taking the Fast Fourier Transform of
the digital broadcasting signal to produce a second transformed signal
representative of the complementary carriers; means for determining a
second equalization vector comprising a second plurality of equalizer
coefficients by interpolation using coefficients of said first plurality of
equalizer coefficients; and means for multiplying said second transformed
signal by said second equalization vector to produce a second equalizer
signal. 37. The apparatus of claim 36, further comprising: means for
separating the digital broadcasting signal into in-phase and quadrature
components; and means for filtering the digital broadcasting signal
in-phase component prior to taking the Fast Fourier Transform of the
digital broadcasting signal to produce said first transformed signal. 38.
The apparatus of claim 37, wherein the means for filtering the in phase
component comprises: a highpass filter. 39. The apparatus of claim 36,
further comprising: means for windowing the digital broadcast signal and
for removing a guard interval from the digital broadcast signal prior to
taking the Fast Fourier Transform of the digital broadcast signal. 40. An
apparatus for equalizing a digital broadcasting signal including a first
carrier modulated by an analog program signal and a plurality of digitally
modulated carrier signals including complementary carrier signals
positioned within the bandwidth of the first carrier signal and
non-complementary carrier signals positioned outside of the bandwidth of
the first carrier signal, said method comprising the steps of a demodulator
for taking the Fast Fourier Transform of the digital 



broadcasting signal to produce a first transformed signal representative of
the non   21c 2 April 2003 complementary Garners and for taking the Fast
Fourier Transform of the digital broadcasting signal to produce a second
transformed signal representative of the complementary Garners; and an
equalizer for processing said first transformed signal by a first
equalization vector to produce a first equalized signal, said first
equalization vector comprising a first plurality of equalizer coefficients,
for updating said first plurality of equalizer coefficients used for the
non-complementary signals, for determining a second equalization vector
comprising a second plurality of equalizer coefficients by interpolation
using coefficients of said first plurality of equalizer coefficients, and
for multiplying said second transformed signal by said second equalization
vector to produce a second equalizer signal. 41. The apparatus of claim 40,
wherein the demodulator separates the digital broadcasting signal into
in-phase and quadrature components and filters the digital broadcasting
signal in-phase component prior to taking the Fast Fourier Transform of the
digital broadcasting signal to produce said first transformed signal. 42.
The apparatus of claim 40, wherein the demodulator windows the digital
broadcast signal and removes a guard interval from the digital broadcast
signal prior to taking the Fast Fourier Transform of the digital broadcast
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