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METHOD AND APPARATUS FOR DEMODULATING AND EQUALIZING AN AM
COMPATIBLE DIGITAL AUDIO BROADCAST SIGNAL

BACKGROUND OF THEINVENTION |
- This invention relates to radio broadcastihg and, more particularly, to methods of
and apparatus for demodulating and equalizing .a signal in a receiver for an. amplitude
modulated comi:atible_digit_al broadcasting system.

There has been increasing interest in the possibility of broadcésting digitally =

.encodgd 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. The broadcast signal includes an amplitude modulated radio frequency
signal havihg 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 spectrﬁm 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 freqhency
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.spectrum and are modulated both in-phase and in-quadratnre' 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 formulated to provide optimal data
throughput for the digital eignal 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
-'.251gnal United States Patent Apphcatlon Serial No 08/671 252 assrgned to the assignee of the
-present invention, discloses a method for reducing envelope distortion in'an AM ‘compatible
' drgrtal audio broadcastmg system. Certain drgltal carriers that are above the frequency of the
-"analog AM carrier have an associated drgxtal carrier that is at an equal frequency offset below
- -'_-the analog AM carrier. The data and modulatlon pIaced on the upper digital carrier and its
_ "'counterpart are such that the signal resultmg from . thelr addmon has no component that is in-
phase with' the analog AM carrier. Dlgrtal carner parrs arranged in thrs way are said to be
';complementary Carriers that are not dtrectly beneath the analog srgnal spectrum are called
o non-complementary, and are modulated m-phase and m-quadrature to the AM carrier. This
_conﬁguranon dehvers dramatxc ﬁdehty 1mprovements to analog AM receptlon of digital
‘broadcast signals. '

At the recerver, the dxgrtal srgnal is demodulated by means of a Fast Fourier

- .Transform (FFT). One possrble method and associated apparatus to perform the
'demodulatron is described i m Umted States Patent No. 5, 633 896. That patent drscloses a

demodulation techmque which minimizes 'the undesired crosstalk between the analog s1gnal

.and the drgrtal signals in an AM compatrble dlgrtal audlo broadcastmg (AM DAB) system

using an orthogonal frequency division multxplexed (OFDM) modulation format, by

.-"employmg dual Fast Fourxer Transform processes on separate respectlve m-phase and

| quadrature-phase components of a received OFDM dxgltal signal. The output of the
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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. The equalizer disclosed

therein includes means for receiving an AM éompatible 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 equalizef'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 and Patent No. 5,559,830,

frequency domain information is presented to the equalizer as a frequexicy 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 aizeragcd 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
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' mechamsm Patent No. 5,633,896 and Patent No 5, 359 830 are hereby mcorporated by

reference

While the dual FFT technique can 1mprove system- performance in a channel

-:that has symmetnc magnitude and antl-symmetnc phase about the AM carner frequency over
| .the frequency range of the complementary carriers, . for channels wrth _non-‘symmetric -
'_magmtude or non- antr-symmetnc phase, the process of using only. the quadrature channel
) ”FFT output to, .obtain the complementary. data destroys the non-symmetric magmtude and
| non-_ anti-symmetric phase information and the signal that drives the equalizer is not correct. -
A Qnited___States_ _Batent Applicat_ion for a “Method For Equalization Of__Cor,nplernentary.
Carners InAnAM Co_mpatibl_e Digital Audio Broadcast .'Sy_stern:”,'.by the present inventors;

filed on the same date as this application, and assigned to the same assignee, 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 m-phase portxon of the signal to elnmnate spectral sp1llage in the FFT from the -
" :"_"analog signal. However, wheri a hrgh-pass filter is ‘applied, information in the in-phase signal

is destroyed thus preventmg proper equahzatmn of the complementary digital carriers. For

= : channels that have non—symmetnc magmtude or non- ann-symmetnc phase over the spectral
) -':reglon of the analog srgnal the destroyed mformatxon prevents proper equalization of the
complementary carriers. The channel as referred to here, mcludes not only phenomenon that

 affect propagatron of the signal, but also any component in the transmitter or receiver that

affects the magmtude and phase of the received signal. The present 1nventlon provrdes a

. .method of demodulatmg the digital signal without the drawback .of either spectral sprllage of
the analog srgnal onto the non-complementary carriers or destroymg information needed for
-_proper equalization of the complementary carriers. The present mventron seeks to provide an

| _ lmproved demodulation and equalization method and receivers which include the method.

. SUMMARY OF THE INVENTION

The present mventlon provides a method of demodulating and equahzmg an
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AM compatible digital broadcast signal. The method includes estimating the equalizer
coefficients for the cbmplementary carriers while still retaining the benefits of combining the
information 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 produ_i:e a first transformed signal representative of the
non-complementary carriers; processing the first transformed signal to produce a first equalized
signal by mﬁltiplying the first transformed signal by a first equalization vector, wherein the first.
equalization vector includes a first plurality _of' equalizer coefficients; 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 Secbnd equalization vector comprising a second piurality :
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 secbhd equalized signal by multiplying the second
transformed signal by the second équal_ization 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 and radio

frequency receivers which utilize the above equalization method.
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BRIEF DESCRIPTION OF THE DRAWINGS
The mventlon will be more readlly apparent to those skﬂled in the art by

reference to the accompanymg drawmg wherem

l"1gure l is a diagrammatic representatton of a pnor art composite analog AM
and digital broadcastmg signal;

Figure 2 lS a block dragram of a receiver which includes an equalizer that

operates in accordance thh this invention;

_ Figure 3 is 2 funcnonal block dxagram ofa demodulator and adaptive equalizer
in accordance with this i mventton, _ :
Flgures 4a and 4b are phasor dtagrams wh1ch 1llustrate the operation of the
invention; and _ _ . _
| Figﬁre 5 is a diagram showing tlle magnitude of the response of the equalizer.
DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

“This mventmn prowdes a method for demodulating and equalizing carners in

.:'-a broadcast signal which mcludes both. an analog amplitude modulated signal: and a digital
-sxgnal on the same charmel assignment-as the existing analog AM broadcastmg allocation.

“The technique of broadcastmg the dtgxtal s:gnal in the same channel as an analog AM signal

is: called in-band on-channel (IBOC) broadcastmg This broadcastmg is accomplished by
transmtttmg a digital waveform by way of a plurahty of orthogonal frequency division

- 'modulated (OFDM) carrlers some of whrch are modulated m-quadrature with the analog AM
“signal and are posmoned w1thm the spectral region where the analog AM broadcasting signal

has s:gmf cant energy. The remaining digital carriers are modulated both m-phase and in-

quadrature with the analog AM s1gnal and are posmoned in the same channel as the analog

AM signal, but in spectral reglons where the analog AM S1gnal 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: emlsswns 10.2 kHz to 20 kHz removed from the analog

carner must be attenuated at least 25 dB below the unmodulated analog carrier level,
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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 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, = 5§9.535 » 10%/(13 1072), or about 454 Hz. A first group of
twenty four of the digitally modulated carriers are positioned within a frequency band |
extending from (f, - 12 f,) to (f, + 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 orthogohality 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 carrier pair at f, * f,

* to facilitate timing recovery. These carriers are set at a level of -28 dBc. All 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 (f, - 11 £) to (£, - 2 f,) and from (f, + 2f,) to (£, + 11 f,) for the 16 kbps coding
rate. For all three encoding rates, the' carriers at (£ - 12 f)) and (f, + 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 carriers in a second and a third group,

" encompassed by envelopes 16 and 18 respectively, may be modulated using, for example, 32
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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

~ 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 signal to conventional input stages .

- 112, which may include a radio frequency preselector, an amplifier, a mixer and a local

oscillator. An intermediate .ﬁ'equel;a_cy. signal is produced by the input stages on. line 114.

. This intermediate frequency signal is passed through an automatic gain control circuit 116 to-
. anl/Q signal generator.'ll_ 18. The I/Q signal generator produces an in-phase signal on line 120

10 . and a quadrature signal on line 122. The in-phase channel output on line 120 is input to an -

analog-to-digital converter 124. :_S_ir_,ﬁil_a_.rty, the quadrature channel output on line 122 is input

.to another analog—tofdjgitpl.oonyertet 126.Feedback signals on lines 120 and 122 are used to
.. control the automatic géin control circuit 116. The signal on lihe 120 includes the analog AM
. signal which is separated out as; 1llusttated by block 140.and passed to an output stage 142 -

, _and Subsequently to a speaket 144 or other output device. - L

A demodulator 150 recelves the digital sxgnals on. 11nes 128 and 130, and

o produces output sxgnals on hnes 154. These output signals are passed to an equalizer 156 and -
..to a data rate ﬁlt_er .ap_c_l______da:ta_l__._decq:d_er,158,_ _T}le -output of the data decoder is sent to a

. deinterleaving circuit and forwerd_ 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 delayed by circuit 168 to compensate for
_t_he__ delay of the analog signal at the transmitter and to time align the analog and digital

signals at the receiver. ’[he output of delay citeuit 168 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 Numbe_r 5,559,830, issued September 24, 1996 describes one mode of

operation for an equalizer having an equalizer co_efﬁcient update algorithm. The present
_invention enhances the operat_i_on of the equalizer and equalizer coefficient update algorithm

by considering the effects that occur when the equalizer. coefficients should have non-
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symmetric magnitude or non- anti-symmetric phase about the center of the FFT.
Figure 3 is a functional block diagram of a portion of the receiver processing

which illustrates the operation of the present invention. Both in-phase (I) and quadrature (Q)

. signals are provided on lines 128 and 130.. These signals may be provided by using down

-converter elements similar to those shown in Figure 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 line 128 thereby

producing a filtered signal on line 148. Signals on lines 148 and 130 are processed by

. windowing and guard band removal circuit 171 prior to being input to FFT1. - 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 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 the first seven samples, where the 129th sample -
is added to the first sample, the 130th sample is added to the second sample, and this pattem' '
continues with the 135th sample being added to the seventh sample. The resulting 128 points
are input to an FFT. fn some cases it may be advantageous to perform the windowing and
guard band removal operations prior to processing by highpass filter 174. In this case, the :
windowing and guard band removal operations performed by circuits 171 and 173 could be
combined 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 non-

symmetric magnitude or non- anti-symmetric phase about the analog AM carrier frequency.

- If the in-phase input to FFT1 is high pass filtered to eliminate the analog signal, the output of
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- FFTI1, which is input to the equalizer coefficient update algorithm, has certain symmetry
properties. Specifically, since the in-phase part of the FFTI input has nearly zero energy for
~ the complementary carriers, the output of FFT1 will have nearly anti-hermitian symmetry for

- the. complementary carriers... The output of the symbol decision processor for the

complementary catriers will have the same property Smce these two anti-hermitian signals

serve as the input to the equahzer 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 FFT_I. Therefore, the equalizer coefficients will not

. converge to the proper. Qalues ‘when the equalizer coefficients should have non-symmetric

. magnitude or non- anti-symmetric phase about the center of FFT1. -

. The outputs of FFT1 that correspond to the non-complementary carriers are

. input by way of lines 176 toa ﬁrst equahzer 178.  Equalizer 178 operates on the frequency
. domain data and. adjus_ts,the_magmtudq and phase of each. OFDM carrier to counteract. the
.. effects.of channel. perturbations, tfahsmittér :and recejver- filters, the transmit and recéive :
-antennas, and other factors and processmg that affect the magnitude and phase of the signal.
-, The outputs of equalizer:178 on. hncs 180 are fed.to a: symbol decision processor:182. which
.. ... produces signals on lines-184 that are representative of the digital information carried by the -

.. non-complementary carriers of the AM compatible broadcast waveform. .

Informatlon on. lmes 176 and.184 1s used: to-update the coefficients of the

equahzatlon coefﬁcwnt vectors. in equalizer.- EQl, as lllustrated by block 186.. - The

.. coefficients to be apphed to the complementary carriers that are processed by equalizer EQ2
. in block 188, are determined by mterpolatmn 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 . FET2, which produces outputs corresponding to the

complementary carriers and provides these outputs as inputs' to equalizer EQ2 on lines 192.

The output of equaliz_ef_ 156 of Figi;re 2 can consist of the combination of the outputs of EQI
178 and EQ2 188 in :Fi;gu,re 3, or the combination of signals 184 -and 202 in Figure 3,
depending on the type o,f data required for further pmcessihg, which may especially depend
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on the type of forward error correction (FEC) used in the system. . If symbol decision outputs
are required, higher signal-to-noise ratios (SNR) for the complementary carriers can be
obtained by combining the FFT outputs for pairs of complementary carriers. Specifically, 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 carriers

- -processed by equalizer EQ2, block 194 shows that the negative conjugate of one carrier in the

pair is added to the other 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 illustrate

the operation of the invention. Figure 4a shows a phasor diagram of the transmitted signal. - -

The horizontal axis is the I component and the vertical axis is the Q 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 208. 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 216of = -

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-symmetric in phase. As can be seen, now the

resultant 216’ of the complementary carrier pair 212° and 214’ has energy in both the [ and Q

. signals. If the I signal at the frequency of the complementary carrier pair is eliminated by the

highpass filter shown in Figure 3, the signal cannot be properly equalized and demodulated.
Although Figures 4a and 4b show only one complementary carrier pair, the above statements
apply to all of the complementary carriers. Figures 4a and 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,
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because some of the analog signal energy is now in the Q signal, this also prevents proper

demodulation of the complementary carriers. Therefore, the output of FFT1 cannot be used

-to -properly demodulateathe complementary carriers when the channel is non-symmetric in

. magnitude and non- anti-symmetric in phase. However, the output of FFT1 can be used to

equalize and demodulate the -non-complementary ‘carriers: - Because only the non-

- complementary information is used at the output of FFT1, only the outputs for the non-
- .complementary carriers need to be éalculated.. As shown in Figure 3, the output of FFT1 is .
. input to a first equalizer, denoted .as EQI.. This equalizer, as well as a second ‘equalizer
. -denoted by EQ2, operate on.the freqﬁency domain data and adjust the magnitude and phase of -
‘the OFDM carriers to counteract the effects of propagation channel perturbations, transmitter
- .and receiver filters, transmit and receive antennas, and other factors and processing that affect
-+ the magnitude and phase of the received signal. . The output of EQI1 is input to a'symbol - .-
- decision.processor that d_etermines--which of ﬂ;;é-fnequency domain consteéllation points was . -
i transmitted for' each ' non-complementary .carrier.. - These: decisions, along with- the "pre-
. equalized constellation points.and the pre_.viéu_s values of the equalizer coefficients are used to -
* - update. the equalizer_coe_fﬁcients. :Ariyal_gorithm_s'uch as the least mean squares (LMS) or-

., Tecursive least squares (RLS) can be used to update the equalizer coefficients. -

A8 shown in: Figure 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 all 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 o_utptits- 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 one 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 for EQI, but the presence of the analog signal would make the coefficient

estimates noisy. To overcome. this, the equalizer coefficients for EQ2 can be obtained via
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interpolation using the coefficients for EQ1. If the control loops of the receiver such as the
automatic gain control (AGC), carrier tracking, and symbol tracking are at the proper values,
the center frequency of the FFT will 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 218 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 regions 222 and 924 of the non-complementary carriers. As

can be seen, if the channel response 218 is relatively smooth, the interpolated equalizer =

coefficients are near to the ideal values, and the equalizer magnitude response 220 closely
follows the inverse channel magnitude in the region 226 of the complementary carriers.
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 channel.
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, FFT based interpolation, and exponential or
logarithmic curve fitting. The non-complementary equalizer coefficients used for the

interpolation and the complementary equalizer coefficients obtained from the interpolation
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can be averaged ‘over time to-reduce the: effects of noise. -Smoothing across frequency can

 also be used to reduce the effects of noise. Instead of interpolating the linear 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 mterpolate the corresponding real and i 1mag1nary coordinates that can be used to

- represent the equalizer coeffictents

This mventmn provides a system for demodulating and adaptively equalizing an

' amphtude modulated compatlble digital audio broadcast signal. In the foregoing specxﬁcauon
" certain preferred practices and embodiments of this invention have beer set out, however, it will
: be understood that the invention may be otherwise embodied within the scope of the followmg
: '-.claxms IR '
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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 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, said method comprising the
steps 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; :

-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 coefficients 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.
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2. The method of claim 1, further 'cdmprising the steps of:

separating the amphtude modu]ated compatlble dlgltal broadcasting signal into
in-phase and quadrature components; and - -

filtering the amplitude | modulated compatﬂ)le d1g1tal broadcasting signal in-
ph"ase' coimponent prior to the step of taking the Fast Fourier Transform of the amplitude

- modulated compatible dlgltal broadcasting signal to produce said first transformed signal.

3. The method of claim' 2, wherein the step of filtering the in-phase
component comprises: - ' ' _

‘passing the m—phase component through a highpass filter.

4, The method of claxm 1, further comprising the step of:

windowing the amplitude modulated compatible digital broadcast signal and

" - removing a guard interval from thqémplim_de_-inodulat’ed compatible digital broadcast signal

prior to each of the steps of taking the Fast Fouriet Transform of the amplitude modulated
compatxble digital broadcast signal. e ' S
© 5. The method of claim" 1, wherein said second plurality of: equalizer

© . coefficients are calculated using sald first set of equahzer coefficients and a known value at the
- center of the first frequency ‘spectrum, sitch calculatl_on being performed by interpolation using
“one 'of linear int'e_rpolatibﬁ,- cubic spline interpolation, polynomial interpolation, Fast Fourier

Transform based interpolation, or logarithmic curve fitting."
6. -The method (jf claim 1, wherein said int'erpdlation‘ 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

- coefﬁclents

_ 8. A method of operatmg 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
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
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modulated carrier signals including complementary carrier signais 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 brbadcasting signal;

taking the Fast Fourier Transform of said amplitude modulated compatible

- digital broadcasting signal to produce a first transformed signal representative of the non-

complementary carriers;

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 cdefﬁcients;

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 coefficients of said first plurality of equalizer coefficients; L

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,I-ﬁ1rthef comprising 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.

—_—_—
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0. Th_e method of claim 9, wherein the step. of filtering the in-phase
component comprises: _ | | :
passing the m-phase component through a hxghpass ﬁlter
11.  The method of claim 8, further comprising the step of:
windowing the amplltude modulated compatible digital broadcast signal and

. _removmg a guard mterval from the .amplitude modulated compatlble digital broadcast signal '
. prior to each of the steps of taking the Fast Fourier Transform of the amplitude modulated
_ compatlble digital broadcast signal.

12, The method of claim 8, wherein said second plurallty of equahzer

coefﬁclents are calculated using said first set of equalizer coefficients and a known value at the

center of the ﬁrst ﬁequency spectrum, such calculation being performed by mterpolauon using

one__of _l;n_eax_' mterpo.lauon, -cubic spline interpolation, polynomial interpolation, Fast Fourier -
~ Transform based interpolation, or logarithmic curve fitting. - -

B 'lhe method of claim 8, Wherein said interpolation is averaged over time.
14. The method of claim 8, wherem said interpolation is performed on real

| and 1magmary components used. to. represent said first and second. plurality ‘of equalizer
coefﬁc1ents

150 An apparam.s for demodulatmg and equalxzmg an amplitude modulated

. : ,compatlble dlgltal broadcastmg signal including an amplitude modulated radio frequency signal
120

havmg a first carner modulated by an analog program signal in a first frequency spectram, a -

_ plurallty of dlgltally modulated carrier signals = positioned within .a bandwidth which

encompasses the first frequency spectrum, a first group of the digitally modulated carrier signals
mcludmg complementa:y carrier signals and lying within the first frequency spectrum, and
second and third groups of the digitally modulated carrier signals including non-complementary

carner signals and lying outside of the first frequency spectrum, said method comprising the
steps of: |

| means for taking the Fast Fourier _'I‘_ronsfonn of the amplitude modulated
compatible digital broadcasting signal to produce a first transformed signal representative of the
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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.

L 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

22. A radio frequency receiver for receiving an amplxtude modulated

o -compatlble digital broadcasting signal including an amplitude modulated radio frequency signal
j10..

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 c_omplementary_ 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 receiver comprising:
.-means for receiving said amplitude modulated compatible digital broadcasting

. means for taking the Fast Fourier Transform of the amplitude modulated

compauble digital broadcasting signal to produce a first transformed signal representative of the

non-complementary carriers;

means for processing said first transformed signal to produce a first equalized

sngnal by multtplymg said first transformed signal by a first equalization vector, said first

equalization vector comprising a first plurality of equalizer coefficients;
means for updating said first plurality of equélizer coefficients used for the non-
complementary signals;
. means for taking the Fast Fourier Transform of the amphtude modulated
compatible digital broadcasting signal to produce a second transformed signal representative of

the complementary carriers;
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. means 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 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 for producing an output signal in response to said first and second
equalized signals. ) ' _

23.  Thereceiver of claim 22, further comprising: -

means for separating the non-complementary carrier signals into in-phase and -
quadrature components; and '

* means for filtering the non-complementary carrier signal in-phase components.

24.  Thereceiver of claim 23, wherein means for filtering comprises:
a highpass filter.

' 25.  The receiver of claim 23, further comprising;

. means for windowing the amplitude modulated compatible digital broadcast -
signal and removing a guard interval from the amplitude modulated compatible digital
broadcast signal. o

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.

27.  The receiver of claim 23, wherein said interpolation is averaged over
time.

28.  The receiver of cla_im 23, wherein said interpolation is performed on real

and imaginary components used to represent said first and second plurality of equalizer
coefficients. '
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