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METHOD FOR EQUALIZATION OF COMPLEMENTARY CARRIERS IN AN
AM COMPATIBLE DIGITAL AUDIO BROADCAST SYSTEM

BACKGROUND OF 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 dlgltally encoded o
5 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, 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 inchudes a first carier -
10 . modulated by an analog program signal. Simultaneously, a plurality of digitally modulated
carrier signals are broadcast within a bandwidth which encompasées 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 first carrier signal. Second
15 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 carrier signal.
The waveform in the AM compatible digital audio broadcasting system
described in United States Patent No. 5,588,022, was been formulated to provide sufficient
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data throughput for the digital signal while avoiding crosstalk into the analog AM channel.
Multiple carriers are ernployed by means of orthogonal fréquency division multiplexing
(OFDM) to bear the commumcated information.

Monophonic detectors for consumer AM radios respond only to the envelope
and not the phase of ﬁe received signal. Because of the use of the multiple digitally
modulated carriers, there isa need for a means to reduce the envelope distortion caused by
this hybrid signal. United States Patent Application Serial No. 08/671,252, assigned to the
assignee of the present invention, discloses a method for reducing envelope distortion in an
AM compatlble ngltal audio broadcasting system. Certain digital carriers that are above the
ﬁequency of the analog AM carrier have an associated d1g1tal carrier that is at an equal
frequency offset below the analog AM carrier. The data and _rnodulauon 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 aranged in this
‘way are said ‘to be complementary This configuration delivers dramatic fidelity
nnprovements to analog AM recephon of AM compatible dlgxtal broadcast signals.

At the recelver, the digital signal is demodulated by means of a Fast Fourier
Transform (FFT). One possxble method and associated apparatus is described in United
States Patent No. 5,633,896.’ ~ That patent discloses a den_nodulation 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 forrnag 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-complemenwxy data.

The recelved multi-carrier signal requires equalization in the presence of
dynamic channel responge variations.. Without such equahzatlon, a very distorted signal
would be detected and the digital broadcasting signal information would be unrecoverable.
An equalizer enhancés the recoverability of the digital audio broadcasting signal information.

One such equaiizer lS 'c_ﬁsclosed in United States Patent No. 5,559,830. The equalizer
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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
prdcessed 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,
frequency domain information is presented to the cqualizer 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 the eqilalized 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 decision array, an equalizer coefficient estimator calculates coefficient estimates.
The rate of coefficient update determincs 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 mechanism. U. S. Patent No. 5,633,896_ and U. S. Patent No.
5,559,830 are hereby incorporated by reference.

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 combining the
cOmplérnentary 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
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- seeks to provide an improved equalization method and receivers whleh include the method.

SUMMARY OF THE INVENTION
The present invention prov1des a method of estlmatmg the equahzer

- coefficients for the complementary carriers while still retammg the beneﬁts of combining
 the information from the complementary camer FFT _'ou'tpu:ts:._ The method uses
 information from the non-complementary carriers to estimate, via interpolation, the

- equalizer. coefﬁcwnts for the complementary carriers.

*. The equahzatlon method of the present invention is used 10 process an
amplitude modulated compatlble digital broadcasting SIgnal mcludmg an amplitude
modulated radio ﬁ'equency signal having a first frequency spectrum, the amphtude

_ modulated radlo frequency s1gnal havmg a first carrier modulated by an analog program

signal, a plurality of digitally modulated came; signals posm_on,ed_ within a bandwidth which
ericompasses the first frequency specti'mn a first group of the digitally modulated carrier
signals including complementary carriers and lying within the ﬁrst frequency spectrum, and

-second and third groups of the digitally modulated carrier signals including non-
'complementary carricrs and lymg outs1de of the ﬁrst ﬁ'equency spee’aum. The method °
- comprises the steps of producing a first s1gnal representatwe of in-phase components of the
. amphtude modulated compatlble dlgltal broadcastmg s:gnal producmg a second signal
- representauve of the quadrature-phase components - of the amphtude modulated compatible
N dlgltal broadcasting s:gnal usmg the first and second signals as the real and i 1magmary inputs

to take the Fast Fourier Transform of the ﬁrst and second 51gnals to produce a plurahty of
transformed signals representatwe of frequency domam data, processmg saxd transformed

‘signals by multiplying the transformed signals by an equahzatlon vector, the equahzatmn

vector comprising a plurality of equalizer coefficients;. and updating the equalizer
coefficients used for the complementary signals by mtelpolatmg coefﬁclents of the vector for
the non-complementary signals. _ _ s

The invention also encompasses the operation of radm frequency receivers
wlnch utilize the above method as well as apparatus that performs the above method and
radio frequency receivers which include the apparatus.
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.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:

Figure 1 is a diagrammatic representation of a prior art composite analog
AM and digital broadcasting signal having carriers positioned in accordance with the
present invention; '

Figure 2 is a block diagram of a recciver 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 in accordance with this invention; and -

Figures 4 and 5 are diagrams showing the magnitude of responses of the
equalizer. : S .
DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

“This invention provides a method for 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 b_roadcasting 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 standard AM -
broadeasting signal has significant energy. The remaining digital carriers are modulated
both in-phase and in-quadrature 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, 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
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emissions 30 kHz to 6Q kHz removed from the analog c_am'ier 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 'uﬁlizgd by the present invention. Curve 10 represents the magnitude
spectrum of a standard broadcasting amplitude modulated sigx_ial, wherein the carrier has a
frequency of f;,. The FCC emissions mask is represented by item number 12. The OFDM
waveform is composed of a series of data carriers spaced at f, = 59.535 « 10%(131072), or
about 454 Hz. A first group of twenty four of the digitally modulated carriers are
positioned within a frequency band extending from (£, - 12 ;) to'(f, + 12 f;), as illustrated
by fhe envelope labeled 14. in Flgure 1. Mos_f of ﬂies‘e 31gnals 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 guaranteés 6rﬂ10gonality ‘with the analog AM waveform. - This type of

‘encoding is called’ complementaw encoding (i.e. complementary BPSK, complementary
:":QPSK, or complementary 32 QAM) and is more fully descnbed in the previously
" discusséd . copendmg application ~Serial ' No. "08/671,252.°. - Complementary BPSK
‘modulation is employed on the innermost digital carrier pair atfy f, to facilitate timing
"“recovery. These carriers are set'at a level of -28: dBc. All othet cartiers in this first group

" have a level of - 39.4 ch_,- and are modulated ‘using complementary 32 QAM for the 48
"and 32 kbps encoding rates. Complementary 8 PSK modulation is used.on’ carriers

: 'rangmg from (f, - 11 f,) to (fy - 2 f,) and from (f, + 2f;) to (f, + 11 ) for the 16 kbps

encodmg rate.” For all three encodmg rates, the carriers at (f, - 12°'f)) and (f, + 12 f,) carry

* supplementary data and may be modulated using complementary 32 QAM. -

Additional groups of digital cartiers are placed outside the first group. The

need for these digital waveforms to be in-quadratore with the analog signal is eliminated

by restricting the analog-AM signal bandwidth. The carriers in a second and a third group,
encompassed by enveldp’es 16 and 18 respectively, may be: modulated using, for example,
32 QAM for the 48 and 32 kbps rates, and 8 PSK for the 16 kbps rate. The carriers are set
at levels of -30 dBc for all encoding rates.
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Figurc 2 is ‘a block diagram of a receiver constructed to receive the
composite digital and analog signals of Figurc 1. An antenna 110 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 amplifier, a mixer
and a local oscillator. An intermediate frequency signal is produced by the input stages on
line 114. This intermediate frequency signal is passed through an automatic gain control .
circuit 116 to an I/Q signal generator 118. The 1/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 inpuf 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 antomatic 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 142 and subsequently to a speaker 144 or other output
device. ' ' : ' _

© An optional highpass filter 146 may be used to filter the in-phase
components on line 128 to climinate the energy of the analog AM signal and to provide a. -
filtered signal on line 148. If the highpass filter is not used, the signal on line 148 is the
same as that on line 128. A demodulator 150 receives the digital signals on lines 148 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 158. To obtain higher signal-to-
noise ratios (SNR) for the complementary carriers, the FFT outputs. for pairs of
complementary carriers are combined. The output of the data decoder is sent to a
deinterleaving circuit and forward error correction decoder 164 in order to improve data
integrity. The output of the deinterleaver/forward error correcting circuit is passed to a
source decoder 166. The output of the source decoder is _delaj'ed by circuit 168 to
compensate for the delay of the analog signal at the transmitter and to time align analog
and digital signals at the receiver.- The output of delay circuit 168 is converted to an
analog signal by a digital-to-analog converter 160 tc-> produce a signal on 162 which goes
to the output stage 142. ' '

" Figure 3 is a functional block diagram which illustrates the operation of a
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- demodulator 150 and an adaptive equalizer 156 in accordance with the present invention.

Both in-phase (I) and quadrature (Q) signals are provided on lines 148 and 130 as inputs to

** awindowing and guard interval removal circuit. - These signals may be provided 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 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 occuts 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'the first scven 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 samiple being added-to the seventh sample. The 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 filter 146.
"The outputs from the windowing and guard interval removal circuit 151 are input to the
- » - FFT 153:" The output of the FFT is input by way of lines:154 to the coefficient multiplier
- -157. The coefficient multiplier operates on the frequency domain data and adjusts the
" magnitude and phase of each OFDM carrier to' counteract the effects of channel
* perturbations, transmitter and receiver 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 complementary

‘carriers is combined as illustrated by block 178. Specifically, 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 one of the carriers
is.used. Combining the complementary carrier information in this manner rcsults in
increased - signal-to-noisc ratios for the complementary ,.-.carriers. This combined
information for the complementary carriers, as well as the coefficient multiplier outputs on

lines 180 and 182 for the non-complementary carriers is input.to a processor 184 that

-determines which of the frequency domain constellation points was transmitted. These
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decisions, alongIWith the pre-equalized constellation points and the previous values of the
equalizer coefficients are used to update the equalizer coefficients as illustrated by block
186. Block 186 can utilize a known algorithm such as the least mean squares (LMS) or
‘recursive least squares (RLS) to update the equalizer coefficients. The output of equalizer
5 156 of Figure 2 can consist of the combination of the outputs on lines 174, 176, 180, and
182, or it can consist of the output of the symbol decisions processing 185, where lines
185 contain decisions for the complementary and non-complementary carriers. The output. . .
‘used depends on the type of data required for further processing, which may especially -
depend on the type of FEC used in the system. R
10 ' Patent Number 5,559,830, issued September 24, 1996 describes one mode
of operation for an equalizer having an equalizer coefficient 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-symmetric magnitude or non- anti-symmetric phase about the center of the FFT. -
15 If the in-phase input to the FFT is highpass filtered to eliminate the analog
signal, the output of the FFT, which is input to the equalizer coefficient update algorithm,
has certain symmetry properties. Specifically, since the in-phase part of the FFT input has .
nearly zero energy for the complementary carriers, the output of the FFT will be have =
nearly anti-hermitian symmetry for the complementary carriers. The output of the symbol
20 decision processor for the complementary carriers will have the same property. Since
these two anti-hermitian signals serve as the input to the equalizer coefficient 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 the
FFT. Therefore, the equalizer coefficients will not converge to the proper values when the
25 equalizer coefficients should have non-symmetric magnitude or 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 symmetric
about the center frequency of the FFT. Figure 4 actually shows the inverse of the channel
response 188 because this is the desired response for the ¢qualizer. The response 190 that
30 would be obtained from the equalizer magnitude is also shown in Figure 4. For clarity, the
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‘illustrated equalizer response is displaced upward ‘slightly so it can be distinguished from
“ the inverse channel res'ponee ‘Note that the response follows the inverse channel response

" in the regions 192 and 194 of the non-complementary carners However, .the equalizer

response is not correct in the region 196 of the complementary carriers because it is forced

- 'to have a symmetric magnitude response n_; this spectral region. -

If the highpass filter is n_b_t used on-the in-phase signal to eliminate the
analog 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 that are -

closest to the analog AM carrier fregu_eh_cy, ‘In addition, when-thé equalizer coefficients

- should have symmetri_c'inagnitude and ami_-Symmetric pbase about the analog AM carrier,
" the lack-of a highpass filter leads to noisier eSMa}es of the equalizer coefficients for the

complementary catriers-than when a: highpass filter is used. Also, if the equalizer
coefficients should have non-symmetnc magmtnde or-non- antl-symmetnc phase about the

| :analog AM carrier” frequency, estlmatxon of “the 'equalizer coefficients for the

oomplementary catriers ‘becomes dlfﬁcult because “the- analog’signal and complementary

* *carriers. are no ‘longer separated mto the" m-phase ‘and quadrature-phase components,
' 'i'respectlvely Long term’ averagmg could be used to - obtam the proper equalizer
 coefficients for static phenomenon that requu'e the equahzer coefficients to have non-
" symmetric magmtude_ ‘or non- an tlfsymm_etn_c- ‘phase about the center of the FFT.
* However, channel pe;turbaﬁons frequently ,have:’non—eymmetric magnitude or non- anti-
~ symmetric phase about the center of the FFT. These perturbations are transient in nature
~ and occur too rapidly;.to be corrected by long term averaging. -

Therefore, whether or not a highpass filter is used to eliminate the analog

’ signal, the equalizer coefficients for the complementa:y carriers will not be useful when

the ideal equalizer eoefﬁeients for the complementary carriers should have a non-
symmetric magnitude or non- anti-symmetric phase about the center of the FFT.

' Interpolation of the equahzer coefficlents across the complementary region
can be used to overcome this dlsadvantage If the control loops of the receiver such as the
automatic gain control (AGC), carrier -trackm_g, and .symbol tracking are at the proper
values, the center fre_qixency .'of the FFT should be at a known, constant magnitude and
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phase. Thercfore, the information from the spectral regions 192 and 194 outside of the
complementary carrier region 196 can be used to interpolate and estimate the proper
equalizer coefficients for the complementary carriers. - In reference to Figure 3, the

- processing when interpolation is used is implemented in the following manner. The

coefficient multiplier 157 outputs the equalized ;ignals for the non-complementary carriers
on lines 180-and 182 and equalized signals for the complementary carriers on lines 174

" and 176. The symbol decisions processor 184 outputs decisions for only the non-

complementary carriers on lines 187, in contrast to the case where interpolation is not used

and lines 187 include the decisions for the complementary carriers. The. equalizer

* coefficient update circuit 186 updates the cocfficients for the non-complementary carriers.

Then the coefficients for the complementary carriers are updated by interpolation using
the known value at the center of the channel and the values of the coefficients for the non-

‘complementary carriers. Figure 5 shows an example where linear interpolation is used to

determine the equalizer coefficients across the center of the chanmel. As can be seen, ifthe . -

channel response 198 is relatively smooth, the interpolated equalizer coefficients are near
to the ideal values and the equalizer magnitude response 200 closely follows the inverse
channel magnitude response.

Several variations of interpolation are possible. For example, 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 center of the .
channe]. Linear interpolation has been found 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 non-complementary carriers that are further away from the center of the
channel if the non-complementary 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,
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FFT based mterpolatlon, and exponentlal or logarithmic curve fitting. The non-
complementary equahzer coefﬁclents used for the mterpolatlon and the complementary
equalizer coefficients obtz_n_ned from the interpolation can be averaged over time to reduce
the effects of noise. 'Squ_dthing across frequ_ency can also be used to reduce the effects of

"noise. Instead of intemojéthg the lmear magnifude of the cop_fﬁcients, interpolation on a

log magnitude scale mayf__ be advantageous. Al_tanatively, instead of interpolating the

- magnitude and phase of 5tbé equaﬁzer.coeﬁicientg- it may be desirable to interpolate the
- corresponding real and unagmary components of the coefficients (or Cartesian coordinates)

that can be used to. represent the equalizer coefficients. .
. This mventlon provides .a. system for. adaptively equalizing an amphtude

' modulated compaubl_e dl_gn_tal audio broadcast signal.  In the foregomg specification certain
“preferred practices and embodiments of this invention have been set out, however, it will be

understood that the inv_gh_tion may be qtherwisé ein_bodied within the scope of the following

claims.
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CLAIMS: _

1. A method of equalizing 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 baving 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 carrier 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 first frequency .
speétrum, said method comprising 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 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;

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, The method of claim 1 wherein said coefficients of said vector for the

non-complementary signals are interpolated using one of: linear interpolation, cubic spline

—_—
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interpolation, polynomial interpolation, Fast Fourier transform based interpolation, or

logarithmic curve fitting. -
3 The method of claim 1 wherein said interpolation is averaged over
time. ' '
4. - The method of claim 1 wherein said intcrpolation results in linear
changes to the magnitude and phase of the coefficients as a fun_c_tidn of frequency.
5.  The method of claim 1 wherein said interpolation results in
logarithmic changeés to the magnitude of the coefficients. : .. - . -
*6. -. . The method of claim 1 wherein said interpolation is performed on the
" magnitude and phase of the coefficients. R . .
-7.- - The method of claim 1 wherein said ix__iterpolation is performed on real

" and imaginary components.of the 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 -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 carrier
signals including complementary signals and lying within t:h'e ﬂr‘st frequency spectrum, and
second -and third groups of “the digitally modulated camer signals including non-
complementary: signals and lying _outSide of the first. frequency spectrum, said method
comprising the steps of: ' . _ C
receiving the amplitude modulated compatible digital broadcasting signal;
producing a first signal represemtative of in-phase components of the
amplitude modulated 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 prodﬁce a plurality of transformed
signals representative of frequency domain data; |
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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;
updating: said equalizer coefficients used for the complementary sxgnals by
5 interpolating coefficients 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 wherein said coefficients of said vector for the
non-complementary signals are interpolated using one of: linear interpolation, cubic spline
10 interpolation, polynomial interpolation, Fast Fourier transform based interpolation, or
Jogarithmic curve fitting,
10.  The method of claim 8 wherein said interpolation is averaged over
time. - . .
11.  The method of claim 8 wherein said interpolation is performed on the
15 magnitude and phase of the coefficients. : _
.12,  The method of claim 8 wherein said interpolation results .in
logarithmic changes to the magnitude of the coefficients. : .
13.  The method of claim 8 wherein said interpolation is performed on the
rea] and imaginary components of the coefficients. _
20 14.  An apparatus for equalizing an amplitude modulated compat:blc
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
25 first group of the digitally modulated carrier signals including complementary signals and
lying within the first frequency spectrum, and second and third groups of the digitally
modulated catrier signals including non-complementary signals and lying outside of the first
frequency spectrum, said method comprising the steps of:
means for producing a first signal representative of in-phase components of
30 the amplitude modulated compatible digital broadcasting signal;
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- means for producing a second signal rcpresentative of quadrature-phase
components of the amplitude modulated compatible digital broadcasting signal;

-16 -

means 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 frequency ddmain 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 updatingsaid equalizer coefficients ased - for the complementary

. signals by interpolating coefficients of said vector for the non-complementary signals.

15.  The apparatus of claim 14, wherein said coefficients of said vector for

" the non-complementary ‘signals are interpolated using one of' linear interpolation, cubic
* spline interpolation, polynomlal interpolation, Fast Fourier transform based interpolation, or
-logarithmic curve fitting; ° : LT

16. = The apparatus of claim 14, wherem said mterpola'aon is. averaged

17.. - The apparatus of claiin 14, wherein said interpolation results in linear

o changes to the magnitude and phase-of the coefficientsas a fanction of frequency.

18. - The .apparatus of claim 14 wherein sa1d interpolation . results in

: 'loganthmxc changes to the ‘magnitude of the coefficients.

19.: The: apparatus of claim 14, wherein szud interpolation is performed on

' the magnitude and phase of the coefficients.

20.  The apparatus of claim 14, wherein said interpolation is performed on

- real and imaginary components of the coefficients. -

21.. A radio frequency receiver for receiving an amplitude modulated

" compatible digital--broad_casting- signal’ including an amplitude modulated radio frequency
-~ signal having a first frequency spectrum, .the amplitude mo_d_ulat_ed 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 carrier signals including
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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 first frequency spectrum, said method comprising the steps of:

means for receiving the amplitude modulated compatible digital broadcasting
signal; _

means for producing a first signal representative of in-phase components of
the amplitude modulated compatible digital broadcasting signal;

means for producing a second signal representative of quadrature-phase
components of the amplitude modulated compatible digital broadcasting signal;

means 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 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 plufality of equalizer coefficients;

means for updating said equalizer coefficients used for the complcmentary
signals by interpolating coefficients of said vector for the non-complementary signals; and

means for producing an output signal in response. to equalized signals
produced in said processing step.

22.  The receiver of claim 21, wherein said coeﬂ'iciénts 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, wherein said interpolation is averaged over
time. _

24,  The receiver of claim 21, wherein 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, wherein said interpolation results in
logarithmic changes to the magnitude of the coefficients. _
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26.  The receiver of claim 21, wherein said interpolation is performed on
the magnitude and phase of the coefficients. _
. 27.  The receiver of claim 21, wherein sald interpolation is performed on
real and imaginary components of the coefficients.
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