
;e3e;^;ZZ[d\40]N^6^T^v~/   ' METHOD FOR EQUALIZATION OF COMPLEMENTARY
CARRIERS IN AN AM COMPATIBLE DIGITAL AUDIO BROADCAST SYSTEM BACKGROUNDOF
THE INVENTION This invention relates to radio broadcasting and, more
particularly, to methods of and apparatus for equalizing the demodulated
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. 5,58$,022 (WO 95/24781), teaches a method
for simultaneously broadcasting analog and digital signals in a standard AM
broadcasting channel. An amplitude modulated radio frequency signal having
a first frequency spectrum is broadcast. The amplitude modulated radio
frequency signal includes a first carrier modulated by an analog program
signal. Simultaneously, a plurality of digitally modulated carrier signals
are broadcast within a bandwidth which encompasses the first frequency
spactrum. Each of the digitally modulated carrier signals is modulated by a
portion of a digital program signal. A first group of the digitally
modulated cattier signals lies within the first frequency spectrum and is
modulated in quadrature with the first carrier signal. Second and third
groups of the digitally modulated carrier signals lie outside of the first
frequency spectrum and are modulated both in phase and in-quadrature with
the first carnet signal The waveform in the AM compatible digital audio
broadcasting system described in United States Patent No. 5,588,022 (WO
95I24781), was been formulated to provide sufficient data throughput for
the digital signal while avoiding crosstalk into the analog AM channel.
Multiple carnets 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 eawelope 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 Application
5,859,876 discloses a method for reducing envelope ,,~ distortion in an AM
compatible digital audio broadcasting system Certain digital carriers that
are above the frequency of the analog AM carrier have an associated digital
carrier that is at an   2 April 2003 2 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. This configuration
delivers dramatic fidelity improvements to analog AM reception of AM
compatible 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 is described in United States Patent No.
5,633,896. That patent discloses a demodulation technique which minimizes
the undesired crosstalk 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 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,S59,830 (WO 96123374). '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 thax vector location closest to the stored waveform
vector. Preferably) the equalizer includes means for updating the equalizer
coefficients using the waveforn vector, the processed waveform vector, and
the stored waveform vector to provide immunity to noise. In the equalizers
of both Patent No. 5,633,896 and Patent No. 5,559,830 (WO 96/23374))
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   2 April 2003 3 array vector is multiplied by
a plurality of equalizer coefficients. The resulting product of this
multiplication is the 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 stray. Using the received signal, the
equalized signal and decision array, an equalizer coefficient estimator
calculates coefficient estimates. The rate of coefficient update determines
equalizer noise immunity and convergence rate. Coeflicieats in different
parts of the band may be updated at different rates depending on knowledge
of the distortion 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 symmetzic
magnitude or non- anti-symmetric phase, the process of combining the
complementary carrier FFT outputs destroys the non-symmetric magnitude and
non- anti-symmetric phase information and the signal that drives the
equalizer is not correct. There exists a need for a demodulation method
which can preserve non symmetric magnitude and non- anti-symmetric phase
information in 'such circumstances. The present invention seeks to provide
an improved equalization method and receivers which include the method_
SUMMARY OF THE INVENTION 



The present invention provides a method of estimating the equalizer
coefficients for the complementary carriers while still retaining the
benefits of combining the information from the complementary carrier FFT
outputs. The method uses information from the noncomplementary carriers to
estimate, via interpolation, the equalizer coefficients for the
complementary carriers. The 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 frequency spectrum, the amplitude modulated radio frequency signal
having a first carrier modulated by an analog program signal, a plurality
of digitally modulated carrier signals positioned within a bandwidth which
encompasses the first frequency spectrum, a first group of the digitally
modulated cagier signals including complementary carriers and lying within
the first frequency spectrum, and second and third   2 April 2003 4 groups
of the digitally modulated carrier signals including non-complementary
carriers and lying outside of the first Frequency spectrum. The method
comprises the steps of producing a first signal representative of in phase
components of the amplitude modulated compatible digital broadcasting
signal; producing a second signal representative of the quadrature-phase
components of the amplitude modulated compatible digital broadcasting
signal; using the first and second signals as the real and imaginary inputs
to take the Fast Fourier Transform of the first and second signals to
produce a plurality of transformed signals representative of frequency
domain data; and processing said transformed signals by multiplying the
transformed signals by an equalization vector, the equalization vector
comprising a plurality of equalizer ooefficicats; characterized by the step
of updating the equalizer coe~cients used for the complementary signals by
interpolating coefficients of the vector for the non-complementary signals.
The invention also encompasses the operation of radio fiequency receivers
which utilize the above method, as well as apparatus that performs the
above method and radio frequency receivers which include the apparatus.
2 April 2003 4a 



In accordance to a first aspect of the invention, there is provided a
method of equalizing a composite signal including a first group of
complementary digitally modulated carrier signals within a first frequency
spectrum, and second and third groups of noncomplementary digitally
modulated carrier signals positioned outside of the first frequency
spectrum) said method comprising the steps of: taking the Fast Fourier
Transform a first signal representative of in-phase components of the
composite signal, and a second signal representative of quadrature phase
components of the composite signal to produce a plurality of transformed
signals representative of frequency domain data; processing said plurality
of transformed signals by multiplying said plurality of transformed signals
by an equalization vector, said equalization vector comprising a plurality
of equalizer coefficients; and updating said equalizer coefficients used
for the complementary signals by interpolation using coefficients of said
vector for the non-complementary signals. In accordance to a second aspect
of the invention, there is provided an apparatus for equalizing a composite
signal including a first group of complementary digitally modulated carrier
signals within a first frequency spectrum, and second and third groups of
non-complementary digitally modulated carrier signals positioned outside of
the first frequency spectrum, said apparatus comprising: means for taking
the Fast Fourier Transform a first signal representative of in-phase
components of the composite signal, and a second signal representative of
quadrature-phase components of the composite signal to produce a plurality
of transformed signals representative of frequency domain data; means for
processing said plurality of transformed signals by multiplying said
plurality of transformed signals by an equalization vector) said
equalization vector comprising a plurality of equalizer coefficients; and
means for updating said equalizer coefficients used for the complementary
signals by interpolation using coefficients of said vector for the
non-complementary signals. 



In accordance to a third aspect of the invention, there is provided an   2
April 2003 4b apparatus for equalizing a composite signal including a first
group of complementary digitally modulated carrier signals within a first
frequency spectrum, and second and third groups of non-complementary
digitally modulated carrier signals positioned outside of the first
frequency spectrum) said apparatus comprising: a demodulator for taking the
Fast Fourier Transform a first signal representative of in-phase components
of the composite signal, and a second signal representative of
quadrature-phase components of the composite signal to produce a plurality
of transformed signals representative of frequency domain data; and a
processor for processing said plurality of transformed signals by
multiplying said plurality of transformed signals by an equalization
vector, said equalization vector comprising a plurality of equalizer
coefficients) and for updating said equalizer coefficients used for the
complementary signals by interpolation using coefficients of said vector
for the non-complementary signals.   2 April 2003 -5 BRIEF DESCRIPTION OF
THE DRAWINGS The invention will be more readily apparent to those skilled
in the art by reference to the accompanying drawings wherein: f=igure l is
a diagrammatic representation of a prior an composite analog AM and digital
broadcasting signal having carriers positioned in accordance with the
present invention; Figure 2 is a block diagram of a receive which may
include an equalizer that operates in accordance with this invention;
Figure 3 is a functional block diagram which illustrates the operation of a
demodulator and adaptive equalizer is accordance with this invention; alai
Figures 4 and 5 arc diagrams showing the magnitude of responses of the 



equalizer. DETAILED DISCRIPTION OF THE PREFERRED EMBODIMENTS This invention
provides a method for equalizing carriers in a broadcast signal which
includes both as 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 is the same
channel as an analog AM signal is called in-band on-channel (1130C)
broadcasting. This broadcasting is accomplished by transmitting a digital
waveform by way of a plurality of ozthogonal &equer~cy division modulated
(OFDN() carriers) some of which are modulated in-qua~drature with the
analog AM signal and are positioned within the spectral region where the
standard AM broadcasting signal has significant energy. The retraining
digital carriers are modulated both in-phase anti ia-quadracure with the
analog AM signal and arc positioned in the saint channel as the analog AM
signal, but in spectral regions whexe the analog AM signal does not have
significant energy. in the United Slates, 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 ZO kHx removed from the analog carrier tuust be
attenuated at last 25 dB below the unzitodulated analog carrier level,
emissions 20 kHz to 30 kHz removed from the analog carrier must be
auenuated at least 35 dB below the unnaodulated analog carrier level, and
2 April 2003 -6 emissions 30 kHz to 60 kHz removed from the analog carrier
must be actenuated at least [35 d8 + 1 d$lkHz] below the unmodulatcd 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 magnitude spectnun of a standard
broadcasting amplitude modulated signal, wherein the carrier has a
frequency of ta. The FCC emissions mask is represented by item number 12_
The OFDM wavcfotm is cotuposed of a series of data carriers spaced at f, =
59.53S  1061(l31072), yr about 454 Hz. A first group of twenty four of the
digitally modulated carriers are positioned within a frequency band
extrending from (fo - 12 f,) to (fa ~r I2 f,), as illustrated by the
tctvelope labeled 14 in Figure I. Most of these signals are placed 39_4 dH
lower than the level of the unmodulated AM cattier signal in order to
minimize cmsstshc with thG analog AM signal. CYossfaik is further reduced
by encoding this digits( information in a manner that guarantees
orthogonality with the analog AM waveform. This type of encoding is called
complementary encodaig (i.e. cornplcmentary 13PSK) complementary QPSK, or
complementary 32 QAI~ an,d is more fully described in the previously
discussed copending application Serial No_ 08!6T1,252. Complementary BPSK '
modulation is employed on th4 innermost digital carrier pair at fo f f, to
facilitate liming recovery. These catxiers are set at a level of 28 dBc,
A11 other carriers in this fast group have a level of - 39.4 dBc arid 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 - 1 I
f,) to (fa - 2 f,) and from (fo + 2f,) to (fo + 11 f,) for the 16 kbps
encoding rate. For all three encoding rates) the carriers at (fa - 12 f,)
arid (fo + 12 f,) carry supplementary data and may be modulated using
complementary 32 QAM. Additional groups of digital carriers are placed
outside the first group. The treed for these digital wavefotms t~o be
in-quadrature with the analog signal is eliminated by restricting the
analog AM signal bandwidth. The carriers in s second and a third group,
encompassed by envelopes 16 and 18 respectively, may be modulated using,
for example, 32 QAM for the 48 and 32 kbps rates, and 8 PSK for the l6 kbps
rate. The carriers are set at levels of -30 dl3c for all encoding sates.
2 April 2003 _7_ Figure 2 is a block diagram of a receiver constructed to
receive the composite digital and analog signals of Figure 1. An antenna
110 receives the composite waveform containing the digital and analog
signals and passes the signs! to eonventios~al input stages 112, which may
include a radio frequency preselector, an amplifier, a mixer and a local
oscillator. A.n intermediate frequency signal is produced by the input
stages on line 114. This intermediate frequency signal is passed through as
automatic gain control circuit 116 to an IIQ signal generator 118. The'I/Q
signal generator produces an in-phase signal on line 120 and a quadcgture
signal on line 1?-~2. The in-phase cha,n~nei output on line 120 is input to
an analog-to-digital converter I24. Similarly, the quadrature channel
output on line 122 is input to another analog-to-digital converter 126.
Feedback signals on lutes I20 and 122 are used to control the automatic
gain control circuit 1 I6. The signal on 



line I20 includes the analog AM signal which is separated out as
illustrated by block 140 and passed to an output stage 142 and
subscquenitly to a speaker 144 or other output device. , . An optional
highpass filter 146 may be used to filter the in-phase connpoaents on line
i28 to elimunate the aiergy of the analog AM signal and to provide a
fihcred signal oa Iine 148. If the highpass filter is not used, the signal
on line 148 is the same as that on line l28. A demodulator 150 receives the
digital signals on lines 148 and I30, and produces output signals on tints
154. 'fhcse output signals are pass~cd to an equalizer t 56 and to a data
rate filter and data dxodcr 158. To obtain higher signal-tonoise ratios
(SNR) for the complementary tattlers) the FIT outputs for pairs of
complerrterttary carries are combined. The output of the data decoder is
sent to a deintedeaving circuit and forward error correction decoder 164 in
order to improve data integrity. 1'ho output of the deinterieaverlforward
ctror correcting circuit is passed to a source decoder l66. The output of
the source decoder is delayed by circuit 168 to compensate for the delay of
the analog signal at the transmitter and to time align analog attd digital
signals at the r~ceivcr. The output of delay circuit i68 is converted to an
analog signal by a digital to-analog converter 160 to produce a signal on
16Z which goes to the output stage 142. Figure 3 is a functioaai block
diagram which illustrates the operation of a   2 April 2003 _g_ demodulator
i 50 and an adaptive equalizer I 56 in accordance with the ptrsecit
invention. Both in-phase (I) and quadrature (Q) signals are providod on
lines l48 and 130 as inputs to a windowing and guard interval rcmaval
circuit. These signals may be pmvidcd by using down converter elements
similar to those shown in Figure 2. The window should be applied such that
the digital carriers remain orthogonal) or at least the Iaclc of
orthogonality among the digital carriers is small enough not to impact
system performance. A method of applying a window that preserves
orfhogonality among the cartias has been developed. In a specific
implementation of the method, a root raised cosine window is appliod at the
transmitter and receiver. For this window) the tapering occurs on the first
scud last seven samples of the 135 samples in a baud. After the window has
been applied at the rteeiver) the last seven samples are added to the fast
seven samples, where the 129th sample is added to the first sample, the
134th sample is added to the second sample, and this pattern continues with
the 13 Sth sample being addtd to the seventh sample. T'he resulting 128
points are 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 filver 14G. The outputs from the windowing and guard interval
removal circuit 1S1 are input to the FFT 153. The output of the FFT is
input by way of lines I54 to the coefficient tnultipliec 157. The
coef~cieslt multiplier operates on the fteqttency domain data and ac~jasts
the magnitude arid phase of each OFDM carrier to counteract the effects of
cl>anttel perturbations, transmitter and rtccivcr filters, the transmit and
receive antennas) and other factors and processing that affect the
magnitude and phase of the signal. At the outputs 174 and 176 of the
coefficient multiplier, the information for pairs of the complemattary
carriers is combined as illustrated by block l78. Spxifically, this may be
accomplished by taking the average of the frequency domain data for each
pair of complementary carriers, where the negative conjugate of the
frequency domain. data for ane of the carriers is used. Combining the
completttecttaty tartlet information in this manna results in increased
signal-to-noise ratios for the complementary t"azriecs. This combined
information for the complementary carriers, as well as the coefficient
multiplies outputs on ' lines 180 and 182 for the notr-complementary
carriers is input to a pr~oc~essor 184 that determines which of the
frequency domain constellation points was transmitted. These '   2 April
2003 _g_ decisions, along with the prcrequalized~consteilation points and
the previous values of the equaliicr coeflaeients are used to update the
equalizer coefficients as iliustrated by block l86. Block I86 can utilize a
known algorithm such as the least mean squares (LMS) or recursive [cast
squares (R,LS) to update the equalizer coef~ci~nts. T'he output of
equalizer 156 of Figure 2 can consist of the combination of the outputs on
lines l74, 176, 188, and I82) or it can consist of the output of the symbol
decisions processing 185, where tints 185 contain decisions for the
complementary aria non-camplcmentury carriers. The output used depends on
the type of data required for further processing, which may especially
depend on the type of FBC used in the syst~xti. 1 



Patent Nutaber 5,559,830, issued September 24) 1996 describes ono triode of
operation for an equalizer having an equalizer coeffecient update
algorithm, The present invention enhances the operation of the equaliux and
equalizer coeffic'ieat update algorithm by considering the effects that
occur when the equalizer coefficients should have non-symmetric magnitude
or non- anti-symmetric phase about the center of the FFT. If the in phase
input to the FFT is highpass filtored to eliminate the analog signal, the
output of the FFf) which is input to the equ~xlizcr coefficient update
algorithm, has certain symruetry propecues. Specifically, since.the in
phase part of the FFT input has nearly zero energy for the complementary
carriers) the output of the Fh'T will be Have nearly anti-hermitian
symmetry for the complementary carriers. The output of the symbol decision
processor for the coaaplementary carriers will have the same property.
Since these two anti-lietmitian signals serve as the input to the equalizer
coefficient update routine, the equalizer cvefficiaits will be eonsrrained
to have a magnitude response that is symmetric and a phase response that is
anti-symmetric about the center frequency of the FFT. Therefore) the
equalizer coeffecients will not converge tro the proper values when the
equalizer coefficients should have non-symmetric magnitude ar non-
anti-symmetric phase about the center of the FFT. Figure 4 illustrates an
example of this situation. For the case shown in Figure 4, it is assumed
that the channel magnitude response is not symi:i~etric about the center
frequency of the FFT. Figure 4 actually shows tlie'inverse of the channel
response 188 because this is the desired response for the equalizer: The
response 190 that would be obtained from the equalizer magniwde is also
shown in Figure 4. For clarity) the   2 April 2003 -10 illustrated
equalizer response is displaced upward slightly so it can be distinguished
from the inverse channel respome. Note that the response follows the
inverse channel response in the regions 192 and 194 of 'the
non-complementary iarriers. However) the equalizer response is not correct
in the region l96 of the complcrnentary carriers because it is forced to
have a symmetric magnitude response in this spectral region, If ttve
highpass f Iter is not used on the in-phase signal to eliminate the ainalog
signal prior to the FFT, the FFT output for the non-complementary carriers
could be noisy due to leakage of the analog signal into the
non-complementary carriers chat are closest to the analog AM carrier
frequency. Ia addition, whtn the equalizer coefficients should have
symmetric magnitude and anti-symmetric phase about the analog AM carrier,
the lack of a highpass fitter Leads to noisier estimates of the equalizer
coe~'tcients for the complementary carriers than whop a highpass filter is
used. Aiso, if the equalizer coefficients should have non-symmetric
magnitude or eon- anti~ymmetric phase aboux the analog AIVI carrier
frequency) estimation of the equalizer eoeti<tcrerits for the complementary
carriers becomes difficult because the analog signal and complerrecnrary
carriers are no longer separated into the in-phase and quadtaturaphasc
components, respectively. Long term averaging could be used to obtain the
proper equalizer coefficients for static phenomenon that rtquire the
equalizer coefficients to have nonsymmetric magnitude or non- anti
symmetric phase about the cents of the FFT. However, charuiel perturbations
frequently have non-symmetric magnitude or non- antisymtnetric phase about
the center of the EFT. These perturbations are transient in nature and
occur too rapidly to be concocted by long term averaging. Therefore,
whether or not a highpass filter is used to eliminate the analog signal)
the equalizer coefftcients for the complementary caaiers will not be useful
when the ideal equalizer coefficients for the complementary carriers should
have a nonsymmetric magnitude or non- anti-symmetric phase about the center
of the 1~FT. Interpolation of the equalizer coe~`rcionts across the
complementary region can be used to overcome this disadvantage. If the
control loops of the receives such as the automatic gain control (AGC))
caniec tracking,) cad symbol tracking arc at the props values, the center
frequency of the FFT should be at a known) constaztt magtutude and '  



2 April 2003 -I1 phase, Therefore, the information from the spectral
regions 192 and I94 outside of the carnpiementary carrier region 196 can be
used t~o intcrpoiate and estimate the proper equalizer coefficients for the
complementary carriers. In refetrnce io Figure 3, the processing when
interpolation is used is impleaua~Gcd in the following manner. The
coe~eient multiplier 157 outputs ibc equalized signals for the
non-complementary carriers on lines I80 and 182 and equalized signals for
the complementary carriers on lines 174 and 176. The symbol decisions
processor 184 outputs drecisio~ns for only the nancomplementary carriers on
litres 187) in contrast to the case where int~erpoiatioa is not used and
lines 187 include the decisions for the complementary carriers. Ttte
equalizer coefhcienz update circuit 186 updates flue coefficients for the
non-coinpletu~entary carriers. Then the coo$~tcients for the campleiaeruary
catritxs are updated by interpolation usia$ the known value at the center
of the chancel and the values of the coetFtcients for the non complementary
canters. Figure 5 shows an example where linear interpolation is used to
determine fhe equalizer coefficients across the center of the channel. As
can be sees, if the channel response 19S is relatively smooth, the
interpolated equalizer coefficients are near to 'the ideal values acrd the
equalizer magnitude response 200 closely follows the inverse ehanne!
magnitude response) Several variations of interpolation ate possible. For
eacample) the value of the equalizer coefficient for the first OFDM
carriers outside of the complementary region could be used to linearly
interpolate from their values to the value at the cents of the channel.
hinear interpolation has been found to be satisfactory in the large
majority of cases where the sil;nal is is the commercial AM broadcast band
(530 kljz to 1710 kHz) and the width of the complementary region is less
than 10 kHz. As an alternative, it may be desirable to use
non-complementary carriers that are further away from the center of the
channel if the non-complementary carrier or couriers that are located
closest to the complementary carrier region arc 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-complcDn~eatary carriers could be used in the interpolation
proctss. Interpolation algorithms other than linear could be used. Sonic of
the well known interpolation algorithms include pubic spline, polynomial
interpolation,   2 April 2003 -12 i FT based interpolation) and exponential
or logarithmic curve fitrung. The noncamplemenrary equali2et coeffeients
used for the interpolation and the complecacncary equalizer coefficients
obtained from the interpolation can Ix averaged over time to reduce tbe
effects of noise. Smoothing across frequency can also be used to reduce the
effects of noise. Instead of int~ecpolatirtg the linear magnitude of the
coeffCCients) interpolation on a log magnitude scale ~aay be advantageous.
Alternatively, insuad of iz:tergolatiag the magnitude and phase of the
equalizer coefficients, is tray be desirable to interpolate the
corresponding real and imaginary components of the coefftCients (or
(.~utaian coordinates) that can be used~W represent the equalizer
coefficiaar. s This invention provides a system for adaptively equaliiJng
an amplitude modulated compatible digital audio broadcast signal In the
foregoing specification eectain preferred practical and embodiments of this
invention Gave been set ont) however, it will be understood that the
invetriion may be otherwise embodied within fhe scope of the following
claims.   2 April 2003 I3 



1. A method of equpl'~'. ~~g an amplitude modulated compatible digital
broadcasting signal including an amplitude modulated radio frequency signal
having a first frequency spectrum, the amplitude modulated radio frequency
signal (10) having a first cattier modulated 'by an analog program signal,
a plurality of digitally modulated carrier signals positioned within a
bandwidth which encompasses the first frequency spedxum) a first group of
the digitally modulated carrier signals including complementary signals and
lying within the first frequency spectntm (14), and second and third groups
of the digitally modulated carrier signals including nan-complementary
signals and lying outside of the fast fi~equency spectrum, said method
comprising the steps of producing a first signal representative of in~hase
components of the amplitude modulated compatible digital broadcasting
signal; producing a second signal representative of quadrature phase
components of the amplitude modulated compafble digital broadcasting
signal; using the first and second signals as the real and imaginary inputs
to take the Fast Fourier Transform of the first and second signals to
produce a plurality of transformed signals representative of frequency
domain data; and processing said plurality of transformed signals by
multiplying said plurality of transformed signals by an equalization
vector, said equalization vector comprising a plurality of equalizer
coe~cients; characterized by the step of: updating said equalizer
coefficients used for the complementary signals by interpolation using
coefficients of said vector for the non-complementary signals. 2. The
method of claim 1 further characterized in that said coefficients of said
vector for the non-complementary signals are interpolated using one ofi
linear interpolation, cubic spline interpolation, polynomial interpolation,
Fast Fourier transform based interpolation, or logarithmic curve fitting.
3. The method of claim 1 further characterized in that said interpolation
is averaged over time. 4. The method of claim 1 fiuther characterized in
that said interpolation results in linear changes to the magwitude and
phase of the coefficients as a function of fi~equency. 5. The method of
claim 1 further characterized in that said interpolation ..: results in
logarithmic Changes to the magnitude of the coefficients.   2 April 2003 14



6. The method of claim 1 further characterized. in that said interpolation
is performed on the magnitude and. phase of the coefficients. ?'. The
method of claim 1 further characterized in that said interpolation is
performed on real and imaginary components of the coe~.cients. 8. A method
of operating a radio frequency receiver for ,receiving an amplitude
modulated compatt'ble digital broadcasting signal including an amplitude
modulated radio frequency sigual (10) having a first fi~equency spectrum,
the amplitude modulated radio frequency signal having a first carrier
modulated by an analog program signal, a plurality of digitally modulated
carrier signals positioned within a bandwidth (14) which encompasses the
first frequency sperm, a first group of the digitally modulated carrier
signals including complementary signals and lying within the first
fiequency spectnun, and second and third groups of the digitally modulated
carrier signals including non-complementary signals and lying outside of
the first frequency spechum, said method comprising the steps of receiving
the amplitude modulated compatx'ble digital broadcasting signal; producing
a first signal representative of iu phase components of the amplitude
rizodulated compatible digital broadcasting signal; producing a second
signal representative of quadrature phase components of the amplitude
modulated compatible digital broadcasting signal; using the first and
second signals as the real and imaginary inputs to take the Fast Fourier
Transform of the first and second signals to produce a plurality of
transformed signals representative of frequency domain data; and processing
said plurality of transformed signals by multiplying said plurality of
transfozmed signals by an equalization vector, said equalization vector
comprising a plurality of equalizer coefficients; characterized by the
steps ofi updating said equalizer coe~cients used for the complementary
signals by interpolating coe~cients of said vector for the non
complementary signals; and producing an output signal in response to
equalized signals produced in said processing step. 9. The method of claim
8 further characterized in that said coefficients of said vector for the
non-complementary signals are interpolated using one of) linear
interpolation, cubic spline interpolation, polynomial interpolation, Fast
Fourier transform based .. interpolation, or logarithmic curve fitting. 10.
The method of claim 8 further characterised in that said interpolation is
averaged over time.   2 April 2003 15 11. The method of claim 8 further
characterized in that said interpolation is performed on the magnitude and
phase of the coe~.cients. 12. The method of claim 8 fiuther characterized
in that said interpolation results in Logarithmic changes to the magnitude
of the coeffcients. 13. The method of claim 8 further cbaracterized in that
said interpolation is performed on the real and imaginary components of the
coe~cients. I4. An apparatus (ISG) for equalizing an amplitude modulated
compafble digital broadcasting signal including an amplitude modulated
radio frequency signal (10) having a first frequency spectNm, the amplitude
modulated radio frequency signal having a first carrier modulated, by an
analog program signal, a plurality of digitally modulated canier signals
positioned within a bandwidth (14) which encompasses the first firquency
spectnun, a first group of the digitally modulated catrisr signals
including complementary signals and lying within the first frequency
spectrum, and second and third groups of the digitally modulated carrier
signals including non-complementary signals and lying outside of the fit~t
frequency spednun, said apparatus comprising means (i 18) for producing a
first signal representative of in-phase components of the amplitude
modulated compatible digital broadcasting signal; means (118) for producing
a second signal representative of quadrabrre-phase components of the
amplitude modulated compatible digital bmadca~ting signal; means (150) for
using the first and second signals as the real and imaginary inputs to take
the Fast Fourier Transform of the first and second signals to produce a
plurality of transformed signals representative of fi equency domain data;
and means (156) fox processing said plurality of transformed signals by
multiplying said plurality of transformed signals by an equalization
vector, said equalization vector comprising a plurality of equalizer
coefficients; characterized by: means (186) for updating said equalizer
coeff dents used for the complementary signals by interpolating coe~cients
of said vector for the non-complementary siguals. 15. The apparatus of
claim 14, further characterized in that said coefficients of said vector
for the non-complementary signals are interpolated using one ofi linear
interpolation, cubic spline interpolation) polynomial interpolation, Fast
Fourier transform based interpolation, or logarithmic curve fitting. 16.
The apparatus of claim 14, further characterized in that said interpolation



is averaged over time.   2 April 2003 16 17. The apparatus of claim 14,
further characterized in that said interpolation esults in linear changes
to the magnitude and phase of the coe:~cients as a function of iequency:
18. The apparatus of claim 14, further characterized in that said
interpolation esults in logarithmic changes to the magnitude of the
coefficients. 19. The apparatus of claim 14, fiuther characterized in that
said interpolation s performed on the magnitude and phase of the
coefficients. 20: The apparatus of claim 14, finther characterized in that
said interpolation s performed on real and imaginary components of the
coefficients. 2I. A radio frequency receiver for receiving an amplitude
modulated :,ompatible digital broadcasting signal including an amplitude
modulated radio frequency signal (10) having a first frequency spectrum,
the amplitude modulated radio fiequency signal having a first cagier
modulaxed by an analog program. signal, a plurality of digitally modulated
carrier signals positioned within a bandwidth which encompasses the first
frequency spechvm (1.4), a first group of the digitally modulated carrier
signals including complementary signals and lying within the first
frequency specbn~rn, and second and third. groups of the digitally
modulated carrier signals including non-compleamentary sigaals and lying
outside of the first frequency spectrum, said receivex comprising means
(I10) for receiving the amplitude modulated compatible digital broadcasting
signal; means (118) for producing a first signal representative of in-phase
components of the amplitude modulated compatible digital broadcasting
signal; means (118) for producing a second signal represeatative of
quadrature-phase components of the amplitude modulated compatible digital
broadcasting signal; means (150) for using the first and second signals as
the real and imaginary ruts to take the Fast Fourier Transform of the first
and second signals to produce a plurality of transformed signals
representative of frequency domain data; and means (156) fox processing
said plurality of transformed signals by multiplying said plurality of
transformed signals by an equalization vector, said equaaization vector
comprising a plurality of equalizer coefficients; characterized by: means
(I86) for updating said equalizer coefficients used for the complementary
signals by interpolating coe~.cients of said vector for the
non-complementary signals; and means (144) for producing an output signal
in response to equalized signals '" produced in said processing step. '
17 2 April 2003 22. The receiver of claim 21, further characterized in that
said coefficients of said vector for the non-complementary signals are
interpolated using one of: linear interpolation, cubic spline
interpolation, polynomial interpolation, Fast Fourier transform based
interpolation, or logarithmic curve fitting. 23. The receiver of claim 21,
further characterized in that said interpolation is averaged over time. 24.
The receiver of claim 21, further characterized in that said interpolation
results in linear changes to the magnitude and phase of the coefficients as
a function of frequency. 



25. The receiver of claim 21, further characterized in that said
interpolation results in logarithmic changes to the magnitude of the
coefficients. 26. The receiver of claim 21, further characterized in that
said interpolation is performed on the magnitude and phase of the
coefficients. 27. The receiver of claim 21, further characterized in that
said interpolation is performed on real and imaginary components of the
coefficients. 28. A method of equalizing a composite signal including a
first group of complementary digitally modulated carrier signals within a
first frequency spectrum, and second and third groups of non-complementary
digitally modulated carrier signals positioned outside of the first
frequency spectrum, said method comprising the steps of: taking the Fast
Fourier Transform a first signal representative of in-phase components of
the composite signal) and a second signal representative of quadrature
phase components of the composite signal to produce a plurality of
transformed signals representative of frequency domain data; processing
said plurality of transformed signals by multiplying said plurality of
transformed signals by an equalization vector, said equalization vector
comprising a plurality of equalizer coefficients; and updating said
equalizer coefficients used for the complementary signals by interpolation
using coefficients of said vector for the non-complementary signals.   2
April 2003 17a 29. The method of claim 28 wherein said coefficients of said
vector for the non complementary signals are interpolated using one of:
linear interpolation, cubic spline interpolation) polynomial interpolation,
Fast Fourier transform based interpolation, or logarithmic curve fitting.
30. The method of claim 28 wherein said interpolation is averaged over
time. 31. The method of claim 28 wherein said interpolation results in
linear changes to the magnitude and phase of the coefficients as a function
of frequency. 32. The method of claim 28 wherein said interpolation results
in logarithmic changes to 



the magnitude of the coefficients. 33. The method of claim 28 wherein said
interpolation is performed on the magnitude and phase of the coefficients.
34. The method of claim 28 wherein said interpolation is performed on real
and imaginary components of the coefficients. 35. An apparatus for
equalizing a composite signal including a first group of complementary
digitally modulated carrier signals within a first frequency spectrum, and
second and third groups of non-complementary digitally modulated carrier
signals positioned outside of the first frequency spectrum, said apparatus
comprising: means for taking the Fast Fourier Transform a first signal
representative of in-phase components of the composite signal, and a second
signal representative of quadrature-phase components of the composite
signal to produce a plurality of transformed signals representative of
frequency domain data; means for processing said plurality of transformed
signals by multiplying said plurality of transformed signals by an
equalization vector, said equalization vector comprising a plurality of
equalizer coefficients; and means for updating said equalizer coefficients
used for the complementary signals by interpolation using coefficients of
said vector for the non-complementary signals.   17 b 2 April 2003 36. The
apparatus of claim 35, wherein said coefficients of said vector for the
noncomplementary signals are interpolated using one of: linear
interpolation, cubic spline interpolation, polynomial interpolation, Fast
Fourier transform based interpolation, or logarithmic curve fitting. 37.
The apparatus of claim 35, wherein said interpolation is averaged over
time. 38. The apparatus of claim 35, wherein said interpolation results in
linear changes to the magnitude and phase of the coefficients as a function
of frequency. 39. The apparatus of claim 35, wherein said interpolation
results in logarithmic changes to the magnitude of the coefficients. 40.
The apparatus of claim 35, wherein said interpolation is pertormed on the
magnitude and phase of the coefficients. 41. The apparatus of claim 35,
wherein said interpolation is performed on real and imaginary components of
the coefficients. 42. An apparatus for equalizing a composite signal
including a first group of complementary digitally modulated carrier
signals within a first frequency spectrum, and second and third groups of
non-complementary digitally modulated carrier signals positioned outside of
the first frequency spectrum, said apparatus comprising: a demodulator for
taking the Fast Faurier Transform a first signal representative of in-phase
components of the composite signal, and a second signal representative of
quadrature-phase components of the composite signal to produce a plurality
of transformed signals representative of frequency domain data; and 



a processor for processing said plurality of transformed signals by
multiplying said plurality of transformed signals by an equalization
vector, said equalization vector comprising a plurality of equalizer
coefficients, and for updating said equalizer coefficients used for the
complementary signals by interpolation using coefficients of said vector
for the non-complementary signals.   17c 2 April 2003 43. The apparatus of
claim 42, wherein said coefficients of said vector for the noncomplementary
signals are interpolated using one of: linear interpolation, cubic spline
interpolation, polynomial interpolation, Fast Fourier transform based
interpolation, or logarithmic curve fitting. 44. The apparatus of claim 42,
wherein said interpolation is averaged over time. 45. The apparatus of
claim 42, wherein said interpolation results in linear changes to the
magnitude and phase of the coefficients as a function of frequency. 46. The
apparatus of claim 42, wherein said interpolation results in logarithmic
changes to the magnitude of the coefficients. 47. The apparatus of claim
42, wherein said interpolation is performed on the magnitude and phase of
the coefficients. 48. The apparatus of claim 42, wherein said interpolation
is performed on real and imaginary components of the coefficients.
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