
;~e3eqFn|@6TFGQ *    METHOD AND APPARATUS FOR REDUCTION OF FM IN FOR FM
IN-BAND ON-CHANNEL DIGITAL AUDIO BROADCASTING SYSTEM BACKGROUND OF THE
INVENTION This invention relates to signal processing, and more
particularly, to signal processing TECHNIQUE for use in Digital Audio
Broadcasting (DAB) systems. Digital Audio Broadcasting is a MEDIUM for
providing digital-quality audio, superior to existing analog broadcasting
formats. Both AM acid FM DAB signals can be transmitted in a hybrid format
where the digitally modulated signal coexists with the currently broadcast
analog AM or FM signal, or in an al(-digital format without an analog
signal. In-band-on-channel (LBOC) DAIS systems require no new spectral
allocations because each DAB signal is simultaneously transmitted within
the settle spectral mask of an existing AM or FM channel allocation. IBOC
systems promote economy of spectrum while enabling broadcasters to supply
digital quality audio to their present base of listeners. Several IBOC DAB
approaches have been suggested. FM DAB systems have been the subject of
several United States patents including Patents No. 5,465,396; 5,315,S83;
5,2'78,844 and 5,278,8z6. More recently, a proposed FM IBOC DAB signal
places orthogonal frequency division multiplexed (OFDM) sub-carriers in the
region from about 129 kHz to 199 kHz away firm the FM center frequency both
above and below the spectrum occupied by an analog modulated host FM   10
APRIL 2003 2 carrier. Some IBOC options (a.g., .tU,l-)7igital option)
permit subcarriers starting as elos~ as i00 kl3z away lmm the cent~c
&equetzay. The digi(al portion of the DAB signal is subject to inteafuenee,
far example) by fu'st-adjacent FM signals or by host signals m Hybrid 1HOC
I~AB systems. Signal processing tetluti,ques are required to separate out
the signals of interest in the presence of` tha interfercrs. Onc FM eon
technique called CQ~,T (Continuous kook 'IhrOUgh) can be used to extract a
nartovrband signal from beneath x widtband FM signal_ Tbis technique is
descn'fred in United Statcs Paterrc Numbers 5,2b3,191; 5,A.2$,834; arid
5,355,533 _ 'lC`he atethod described in those patents uses, in. effect, a
nnich Liter which tracks and suppresses the DVS iast~tnraneous ixequeacy
rxf an interftW tg sigz~aI. United States patent No. 5,465,396 disclosrs au
In ~an~t On-Channel Digital Audio ~roadcaar system xhat inelude~ the
simultaneous aransrnicsion of a dig~tat audio broadcast signal and an FM
signal over existing FM t.6xnrtels. FM IBOC bAl3 signals xre subject tn
various fading conditions and bandwidth prc~pertiea whicl3 lirnir char
eff~iveuess of prior art COLT techrtiqacs. The is a uezd fr~r a signal
extraction technique that is effective for in-baacl on-channel digital
audio broadcast signals under fading coaditiaas. ~,iJMMs~,$.Y OF T1~E~ION
This iu~c~ou provides a method for zedueing FM interference in an in-band
ouzel dis'ttaI audio brc~adcastir~g system. The method includes the steps
of receiving a cocngosito signal including a signal of interest and s~n
interfierimg signal and is cbaracter-ized by the steps of ~oc~l~ing the
eztnposicE sigbal tv produce a noratalized composite signal) multiplying
the composite signal by the complex conjugate of the narnlaIized composite
signal to pz,odu~ a zea! signal, filtering the real siglral, and the
rnultipiyxng the r~sulcino filtered Signal by the normalized campo9ite
signal Yo produce an autpc~t signal, The adverse effects of the
iriterferiug sig-nr31 in !he output signal ara reduced relative to die sill
of iut~eresf in the original comiaosite sig~aa.E, thereby making it easier
to detect tt~e signal of ipteres~ In this context, adverse effects refers
to such effects as corruption of tha d~cce3 symbols resulting in increased
hit error rate (B~RJ AMENDED SHEET 



10 APRIL 2003 3 In addition, the invention includes radio receivers that
utilize the above method far separraafting a signal of interest frrnn a
composite signal and for bTeudiog fhc filtered and cotttpositc sigaa~ls.
AlQtough the technique deSCn'bed here is vUell-suitied to midgating the
effects of a fu6c-adjacent FM interferer, it can also be used to mitigate
the eEects of the host FM signal when the DAB signal is pl2~eed closer to
its FM host However, the [i~g factor in the latter case tends to be the
imtctference of the DAB onto its F'M h~ost_ ~RI~.F DFSCR~TION OF'~~iF
DR.AW,iN~S ~Flgure 1 is a diagram showing power spe~cay densities of an FM
In $and On-Channel Digits! A.arIio Broadcast signal; Figure 2 is a tlia~arn
showing the power spectral dcasities of two FM In-l3and On-Chazrnel Digital
Andia Broadcast signals izx adj scent channels;, Figare 3 is a bloe(<
dia~rarn~ thst illustrates the signal processing method of the present
invention; Figure 4 is a black diagram that illustrates the operation of a
first adjacent canccllcr (FAC) in accordance with this invextrion; and
Figure S is a black diagram of a re~ceivcr tad iti accoidanca ~.ith this
im~an;tian. pES~I~I~rION OF TIC E D ~ODIMENrS Refertitzg to the dra~xings)
Figure 1 is a~ schtmatic representation of the frequency allocations
(spectral placement) and relative power spcaral deusi~ty of the s~na1
components for a Hybrid FM LBOC DA$ signal 10. The hybrid format includes
the cotivrational FM stereo analog signal 123taving a power spectral
density represented by the triangvia~r shape 14 positioned in a central,
or' Central frequency band, 16 portion of the channel. The Power Spectral
Density (PSD) of a typical analog FM broadcast signal is nearly criaugc~lar
vrith a slope of abo~r -0,35 ~Ik>~Tz from the center frequency, A plurality
of digitally modulated evenly spaced sub-carriers are positioned on either
side of the analog 1JM signal, in an upper side6and l.8 and a lower
sideband 2d) and are transmitted conr~rrentty with the analog FM signal. Ah
Uf the carriers are iransmitxed at a power lettel that falls within the
United States Federal Carnrnunications Commi,9sion chamiel mask 22. AMENDED
SHEET   10 APRiL 2003 -4 In one example of a hybrid FM 1BOC modulation
format, 95 evenly spaced orthogonal frequency division multiplexed (OFDM)
digitally modulated sub-carriers are placed on each side of the host analog
FM signal occupying the spectrum from about 129 !d-lz through 198 kHz away
from the host FM center frequency as illustrated by the upper sideband 18
and the lower sideband 20 in Figure 1. In the hybrid system the total DAB
power in the OFDM digitally modulated sub-carriers in each side6and is set
to about -25 d)3 relative to its host analog FM power. Signals from an
adjacent FM channel C.e. the first adjacent FM signals), if present, would
be centered at a spacing of 200 lcHz from the center of the channel of
interest. Figure 2 shows a spectral plot of a hybrid DAB signal 10 with an
upper first adjacent interferer 24 having an analog modulated signal 26 and
a plurality of digitally modulated subcarriers in sidebands~ 28 arid 30,
that are at a level of about -6d8 relative to the signal if interest (tlte
digitally modulated sub-carriers of signal 10). The figure shows that the
DAB upper sidebarsd 18 is corntpted by the analog modulated signal in the
first adjacent interferer. The present invention provides a fast adjacent
canceller (FAC) that is able to suppress the effects of the interference in
this situation. It has been demonstrated that the FAC is able to deal with
first adjacent interferers on both upper and lower DAIS sidebands, and
successfully recover the DAH signal buried beneath them. The DAB signal is
extracted from below the interfering FM carrier, although the extraction
process distorts the DAB signal. It is assumed that the DA13 signal is
small relative to the interfering first adjacent analog FM signal such that
FM tracking and cancellation can be effective. In the absence of fading the
composite analog FM plus DAB signals can be 



rrtodeled as: s(t) ~ a . emuy ~ dot) where a is the amplitude and 8(t) is
the instantaneous phase of the of the FM signal, and d(t~ is the DAB
signal. Without loss of generality, we can assume that the average power of
d (t ) is one. Furtlterntore, we assume that a  1 so that the FM capture
effect is invoked. Notice that the signal amplitude is assutrled to be
constant since no fading of the signal is assumed in this part of the
analysis. A.Iso notice that this is the ideal case without noise. Lf this
signal is processed using the teehnignes shown in United States Patent
Nambers 5,263,19I; 5,428,834; and 5,355,533, then the output can be
approximated by:   ~0 APRIL 2003 -5 COLT_OUT'(t) ~d(t)~-d'(t)-e'i~t`~ The
first term of the CaX.,T output is the desired term while the second term
is interference. Although the interference term has the same power as the
first term) its spectrum is convolved with the square of the FM signal
vnhich has twice the FM modulation bandwidth. If the bandwidth oEthe DAl3
signal equals the bandwidth of the interfering FM signal, and if the DAB
signal is centered on the FM signal, the resulting signal to interference
ratio using the prior art COLT technique is reduced to a few dB at most.
Another large source of degradation is multipath fading. The fading results
in amplitude modulation of the instantaneous FM carrier. Selective fading
can result in an amplitude modulation bandwidth on the order of the FM
baseband bandwidth (i.c. 53 kHz), while the bandwidth due to dynamic flat
fading is limited to about 13 Hz at maximum highway speeds in an automobile
receiver. Since the extraction process of United States patent Numbers
5,263,191; 5,428,834; and 5,355,533 uses the input signal directly to
control the center frequency of the notch, the amplitude modulation on the
input signal due to fading will affect the pcrfvrmance. Ln the presence of
fading the composite analog FM plus digitally modulated sub-carriers
signals can be modeled as: .r(t) =~a+ j(t)3'e'e~` +d(t) . where f (t) is a
dynamic fading term which is due to amplitude modulation of the FM carrier
as it travels across the selectively faded deviation bandwidth. This
amplitude modulation has a bandwidth on the order of the 1 M baseband
bandwidth (i.e. 53 kllz). The slow fading component due to Raleigh fading
is limited to about 13 ~lz at highway speeds at a carrier frequency in the
1fl0 Ml~z range. This slow fading component is omitted from this model
since it is assumed to be nearly constant over the analysis window. Tn the
presence of selective fading, the additional interference components become
significanr_ The prior art notch filtering technique assumed that the input
sigaa! itself is a goad appro~cimatian of the FM signal, .since the ratio
of the analog FM power to the DA,13 power is high_ However, where the input
signal is subject to fading and is not a good appt~oximation of the FM
signal, flue processing steps can create an image which cannot be removed
in subsequent stages.   10 APRIL 2003 -6 The present invention solves this
problem using a normalized signa! extraction process. We observe that a
first multiplication of a signal shifts the instantaneous FM frequency to
zero, while a second multiplication should perform the inverse of the first
rnultiptication. Ideally, we note that if the first and second are complex
conjugates, and if the product of their amplitudes remains a fixed constant
value, then the signal should be perfectly restored is ph se and aruptitude
(minus The Tittered out FM carrier). Unfortunately, dynamic fading and
selective fading result in amplitude variations with the fading rate and
the baseband signal bandwidth. The additional step to normalize the
amplitude of the reference eliminates the generation of some of the
undesirable interference associated with the original COLT' technique. This
normalized extraction process is shown in Figure 3. The composite signal:
s(t ) = a w~a<`t ~. d( f ) is received on line 32.. Block 34 illustrates
tftat the input is norn~alized by dividing by its absolute value to product
a normalized signal oa line 36. In the presence of fading the composite
analog FM plus DAB signals after normalization can be approximately modeled
as: s(t) =c" f d(f3 ~col ca + rcfo where it is assumed that the PM analog
signal is much larger than the digital DA.B signal. The complex conjugate
of the normalized signal is produced as illustrated by block 38, and the
composite signal is multiplied by its normalized complex conjugate, as
illustrated by ruultiplier 40, to yield the intem~ediata signal: s(t)-
S.fl~ ~ ~(a f f(r))-e~au) fd~t~~ .~e-~~'a -t-~ad'l.(r)j~' on line 42. A do
notch operation, illustrated by bloc(c 44, removes the constant term a to
yield: 2 s~t)~ s. (t) ~-f~l)+d (t)~e'~t`~ ~-d(r).e ~~t~~ ~.[ ~d{ fir))' E (
on line 46. A low pass finite impulse response filter 48 produces an
estimate of the constant term as line 50. The signal on (ine 42 is delayed
as illustrated by black SZ to match the filter delay and tire oalput of the
filter is subtracted from the delayed signal as shown by adder 54 



10 APRIL 2003 to produce the intermediate signal on line 46. It should be
noted that the DAB signal in the vicinity of the notch is alsa suppressed
and the notch filtering has some affect on the integrity of the DAB signal.
Lastly this intet~rnediate signal is multiplied in multiplier 56 by the
nvrtualized original composite signal, which has been delayed as shown by
block 58, to yield ffxe output signal on line 6Q: s(t) S(,). Is.(r) _Q
-d(t)+d.(f).eJz.oc +f(t)'e'Bt`'+ftt).d(t) I s'(t )~ ' ~S~ (t }~ [a + f (t
)) +d2(t)-e^l~`t +Z.~d(f)~I-e'&`t +~d(r)~I.d(t) ~( ~- f(t)1 Ca+f(t))
fa+f(t)1~ Assuming that the FM signal is much larger than the DAB signal,
wluch is the usual case, then the output can be approximated by: fit) ~
.~(l)- s (t) -a -d(t)+d'(r}-~l'~'~~`~ + f(t} e:-Bc`~ + d(t) f.s(~)) ~~ (t>~
~ ~ [a + f `(f)I~ The equation above shows that if the selective
fading-induced amplitude modulation term f (i) = b , then the original COLT
method result is achieved. However, in the presence of selective fading,
the additional interference terms can be compared to those of the COT.T
technique under selective fading conditions. Specifically if: rt d(r) 1
I~~a-~2~f(r)]~d(t)+[a+f(t)]-(2a+j(t)].e'c't a +(a+~(1)~ Ca=
+[2'a-1-~(t)~'elZ~t`t 'd (1) then the self-induced noise using the method
of this invention is lover. The above inequality can be approximated by
fuct#~er elimination of less significant terms that are much less than one
to yie(d_ Cr$(`) <2-efi`) This shows a potential 6 da improvement in noise
reduction due to selective fading using the notmahezation technique. It
should now be apparent that the ptGSent invention reduces the adverse
effects of the interfering signal in the output, for example by increasing
the magnitude or power spectral density of the signal of interest with
respect tot he interferictg ~gnal. The FM cancellation process as described
above is directly applic:ahle to the FM TflOC DAF3 system whenev~.~r there
is a first adjacent interfering FM signal. The first adjacent int~crfering
FM signals can be processed and effectively canceledlnotched out of the
10 APRIL 2003 digital portion of the DAB signal with a reasonably small
amount of distortion resulting to the DAB signal. Tlte distortion will be
fairly small if the following thxee conditions ate met prior to initiating
the FM cancellation process. t) The only signals present that have
significant power are the first adjacent FM and the digital portion of the
DAf3 signal that is being interfered with (i.e_ the upper or the tower
digital side band of the DAS signal). This can be accomplished simply by
mixing the FM interferer to 0 Hz and !ow-pass filtering the resulting
signal or by band-pass filtering the resulting signal. 2) The digital
signal is completely contained on either the upper or lower half the first
adjacent FM signal. This is inherently done within the layout of an Lf30C
DAB system wherein the edge of the digital signal is placed almost nut to
+l- 200 kHz, which is the center of the first adjacent FM signal Therefore,
the digital signal is contained on otre half of the FM interferer. Tlus is
important since the undesirable distortion or image produced by this
extraction process appears on the spectral side opposite the placement of
the DAB signal relative to the FM signal. 3) The first adjacent FM signal
is about 6 dB stronger in power than the digital signal. Wlten the first
adjacent power becomes to low, it is better not to perform FAC. 'This
ensures that the FM signal is sufficiently large compared to the DAl3
signal such that the capture effect is invoked. In a multipath fading
environment the FM signal will sometimes fall below the G dB more power
threshold and thus a switching off algorithm is recommended Withi~t one
proposed FM IBOC system, the three conditions will be present some of the
time especially in the regions at the edge of an FM stations coverage.
First adjacent FM cancellation will provide interference mitigation and
thus extend the stations coverage. 



One method of switching onloff the FAC is to smoothly blend to and from the
non FAC processed signal. A measurement of the araount of power that is
being notched can be made by taking the di~ercnce between the power that
goes into the notch and the power that cvrtzes otrt of the notch_ The two
signals are smoothed ttsimg a simple lossy integrator before the digrerence
is calculated. Figure A- is a blociL~diagram which Illustrates the FAC and
blending functions, which can be performed on both upper and lower
interfering first adjacent FM signals. The composite signal is input on
line 62 and mined with a local oscillator signal   10 APRIL 2003 _g_ in
mixer 64 to produce a baseband signs! on line 66 where the first adjacent
interferes is translated to dc. the signal 'is f ltered by a finite impulse
response low pass finer 68 to remove signals outside the bandwidth of the
interfering Flvl signal. The resulting signal on line 70 is then subject to
FM tracking and cancellation as illustrated in block 72. The cancellation
is performed as illustrated in Figure 3, with the signal before and after
the notch filter being output on lines 42 and 46. Fn the blend control
block 72) the notched power in d~s is compared to an upper and lower
threshold that represents the range in which the blending will occur. The
range is notmaliz~d so that where the amount of notched power resides
within the unnormalized range can be represented by a straight percentage
of the range. The control signal on line 76 is representative of a
perceatage number that is used to multiply the FAC processed sigaal in
multiplier 78. A control signal an line 80 is representative of one minus
the percentage number, and is used to multiply the uon-FAC processed
signal, which has been detaycd as shown in block 82. The outputs of
multipliers 78 and 84 ate combined in summer 86 to produce a signal on line
88 that is filtered by a finite impulse response filter 90. The resulting
ftttered signal oa line 92 is again mixed with a toes! oscillator signal in
nuxer 94 to produce an ocrtput signal on line 96. This output signal is
then subject to further processing in accordance with know techniques to
produce an audio output from the receiver. This blending produces a smooth
tcansuion between FAC and noa-fAC and is applicable to receivers
implementing various interference cancellation techniques including those
illustrated in Figure 3 as welt as those disclosed in the about mentioned
patents. Figure 5 is a block diagram of a radio receiver 98 constructed in
accordance with the present invention. Antenna 100 serves as a means for
receiving an in-band onchanaef digital audio broadcast signal including a
signal of interest in the form of a plurality of OFnM digitally modulated
sub-carriers and an analog hM carrier interferes. The receiver includes
front end circuits that are constructing in accordance with well (anown
techniques. After front end processing, the composite signal on line 102 is
subject to a first adjacent canceling and blending in accordance with the
method discussed above as illustrated in block l44. The blended signal on
line 106 is subject to further processing in accordance with Irnow
techniques to produce an output signal on line 108 and an audio output from
speaker 110. The norn~ali~ation process used in this invention improves the
performance under selective fading conditions. Besides being convenient for
amplitude scaling, the   10 APRIL 2003 - to normalization has a secondary
effect of reducing amplitude variations of the DAB signal which are tracked
by Channel State Informatian (CSI) estimators in subsequent stages of the
f3A.B receiver. The improvement factor depends upon the type of CSI
estirrtation process used and the bandwidth of these estimation filters-
Furthermore the normalized signal uses a smaller dynamic range since the
gain through the FAC process is unity instead of az. Matching the delay of
the composite signal path to the notch filter delay is also important for
good perfotmartce. The present invention provides cancellation and/or notch
filtering of an interfering FM signal's instantaneous frequency to suppress
the effects of interference from FM Broadcast signats_ The invention is
particularly applicable to PM tn-Band On-Channel (IBOC) Digiiat Audio
Broadcast (I~A$) systems where first-adjacent FM sigttais act as
interferers to the digital portion of the DAB signal- A device that
perfot~ns this function is called a First Adjacent Caneelier {F'AC). Tdis
technique can also he used in a l-Iybrid IBOC F'M DAB system to suppress
the effects interference from the host FM sigaa! tv the digital portion of
the AAB signal. While the present invention has been described in terms of
what is believed at present to be the preferred embodiment thereof, it will
be appreciated by those skilled in the art that various modifications to
the disclosed embodiments may be made without departing frorrl the scope of
the invEntion as ref forth in the appended claims- For example, the use of
a FIR filter in the notch filtering process instead of a simple IlR filter
tnay not significantly improve performance. The IIR filter may yield
adeduate performance with a sigmiGeant reduction in computational
coznpiexity.   10 APRIL 2003 11 What is claimed is= 1. A method for
reduciag FM iutterferen~ce in an in-band on~hannel digital audio
broadcasting system, comprising t3nr step of receiving x composite signal
including a signal of interest (IO) and an irxterfering 8ignat (24)) and
characterized by the steps of: norrn,aliziag the eomposine signal to
produce a normalized composite signal; multiplying said coomposite signal
by a complex conjugate of said tuot~naJized composite signal to produce a
real signal; filtering said real signal zo produce a filtered signal; axed
multiplying said filtered signal by , said normalized composite signal to
produce an output signal, whcreifl the adverse effects of the iuheifcring
signal in the tantput signal have been reduced. 2. A method for reducing FM
interference in as inband nn-channel digital audio broadcasting system
according to cl aim 1, Wherein said filtering step is charac6eriized 



by the steps of prodtuing a carrier amplitude eatimale sig~nai; de:aying
said real signal to produce a delayed real signal; and subtracting said
carrier amplinrde estimate signal from said deiaycrl teal signal to
praduce~ said filtered signal_ 3. A method for reducing hM interference in
an, in band on-channel digital Audio broadcasting System according to claim
2, whe~in said step of producing a carrier amplitude eStimace is
cHaracterized by the st$p of_ passing said real signal throuplt a low pass
fiLfer. 4. A tnetlwd for reduu~ng fiM interference in an in-band
on-cb.annet digital audio bcoadcast~g system, sctording ~o claim 1 wherein
said ftlteiuig step results in a signal daay, furrber characterized by the
step of. defying said nnrnsaliz~ed composite signet prior to doe step of
multiplying said fileered signal by said noznaalized cc~mpasitc signal. S.
A mathod for reducing FM intesfereuee in a~ in-band on-chaanel digital
audio broadcasring system aacordin; t~o claim 1, wherein said step of
normalizing the composite signal ss c~aractc~arized by the step of dividing
said corsrposite signal by the absolute value of the carnpositc signal.
AMENDED SHEET   10 APRIL 2003 12 6. A method for rednca ng FM interference
in an in-band on-channel digital audio broadcasting system according to
claim 1, wliereiu said composite signal comprises: a plurality of digitally
modulated euh-caxxiers and. ao. analog mfldutatcd cazrizr. 7. A merhod fur
reducing FM iuterfcrence in en in band on-charmei digital audio
broadcasting system according tn claim 5, whereiuWbout one half of the
frequencies contained in said analog awdulated carrier intcrfarc with said
pluraiitp of dig~ally modulated sub-carriers. $. A method for reducing FM
ir~zfe~rence in an in-band on-ehanncl digital audio broadcasting system
actbrding to claim I, further cbaracteri~ed by the step of: blending said
output signal with said composite signal to produce a bladed output signal.



9. A method for reducing FM interfete.ucc in au in-band ou-channel di~p.ral
audio broadcasting system according w cairn 8, wherein said step of
bleeding said output signal with said composite signal to produce a hlended
output signal is characterized by the steps of: deternti~aing the
difference in power level between said real signal and said. filtered
signal; and controlling the amount of said output signal and the amount of
said composite signal m response to said diferearx. x0. .A, radio frequency
receiver corttprislng means (10~ for reexiviz~g a composite signal
including a signal of intezest (la) and an interfering signal (24), and
character~d try means far reQUCing FM interfeteoce including: means {34)
for normalizing the oornposite signal to produce a normalized composite
signal; means (40) for rnuluplying said composite signal by a complex
conjugate of said nnrmalizxd composite si~nas to prod~cc a real signal;
means {44) far filtering said real signal to produce a filtered signal; and
means {58) for multiplying said filtered signal by said normalized
cvmpositc signal to produce an output signal. AMENDED SHEET   10 APRIL 2003
I3 11 _ A, radio frequency receiver according to claim 10, wherein said
means (Q.4) far filtering is characterized by: means (48) far producing a
carrier amplitude estimate sigttaI; means (52l for desayin,g said zeal
sig~pal to produce a delayed real signal; and means (54) fior subfrac~ag
said carrier amlxIitude estimate signal from said delayed real signal to
produce said filtered signal. 12_ ~ radio frequency receive-r according to
claim. 11, wherein said mss (4~ for producing a carrier amplitude estimate
is characterized by; a lom pass filter. I3. A rad~To frequency receiver
a~rding to claim 10) further characterized by: means (56) for delaying sxid
normalized coznpvsite signal. 14. A radio frequency receiver according to
cIaitn I0, wherein said nseans (3d.) for normalizing tl>x co~pasite signal
is cfiarar~erizxd by: means for dividing said composite signal by the
absolute valve of the 



t,ampasits signal Z5. A radio fzeqtiency receiver according to clazm 1b)
wherein said cOrnposlte signal is cbaracoerized by: a plurality of
digitally modulated sub~earriers anud au analog modulated carrier, 16) A
radio frequ.eacy receiver aecard.ing to claim. 10, fuuther characterized
by_ mews (74) for blending said output signal with said composite signal to
praducC a blended output signal_ 17. A radio firequenCy receiver according
to claim 16, wlxereiu said means for blending said output s banal with said
composite signal to produce a blended output signal is characterized by.
means for detarmining the difference in power Ievel between said real
signal and said tiltez~ed signal; and AMENDED SHEET   10 APRIL 2003 1a
means for controlling the amount of said output signal. and the amount of
scud COIT1p6S1i8 Sf~ILII in response to said diil-erence. 18_ A, radio
f~-oqueuLy receiver accrndiag to claim 15, whercin about one balf of the
frequcacies contained in said analog moduiated carrier intcarfere with said
plurality of digitally m~adt~Iaba~ suh-criers. AMENDED SHEET
.AS%.A3&?.A.A&.A92.A,?.A,.A.A.Ae.A.A;s.AYe.A3`l l F2E  >Z^&
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