WD 01/97416 PCT/ US01/ 17565 METHOD AND APPARATUS FOR REDUCTI ON OF

| NTERFERENCE | N FM | N- BAND ON- CHANNEL DI G TAL AUDI O BROADCASTI NG RECEI VERS
BACKGROUNIDD OF9THIHE | NVENTI ON Thi's invention rel ates to net hOO®S1GY7565educi ng
radio frequency interference and, nore particularly, to signal processing
techniques for use in Digital Audio Broadcasting (DAB) receivers and
receivers that utilize such techniques. 5 Digital Audio Broadcasting is a
medi um for providing digital-quality audio, superior to existing anal og
broadcasting formats. Both AM and FM DAB signals can be transmtted in a
hybrid format where the digitally nodul ated signal coexists with the
currently broadcast analog AMor FMsignal, or in an all-digital format

wi t hout an anal og signal. |n-band-on-channel (I1BOC) DAB systens require 10
no new spectral allocations because each DAB signal is sinultaneously
transmtted wthin the spectral mask of an existing AMor FM channel
allocation. I1BOC systens pronote econony of spectrum while enabling
broadcasters to supply digital quality audio to their present base of

| i steners. Several |BOC DAB approaches have been suggested. 15 FM DAB
systens have been the subject of several United States patents including
Patents No. 5 METHODANDASBPABATES BOR BEDUGIION, GEININRFERBNEBES. Mre
recently, a propd@MMANFBEANIDONAHE ANYER DIGECAE AAVDHO BROADCGASHING CY

di vision nultiplexed (OFDVM) sub-carr i REGEIVERBe regi on from about 129 kHz
to about 199 kHz away fromthe FM center frequency, both above and bel ow 20

the spectrum occupi ed by an RAGKGROWND! GF FEHOSYERM@Errier. Some | BOC 1
WO 01/97416 PCT/US01/ 17565 options (e.g., All-Digital option) permt

subcarriers starting asTgkOgRefonl BatkdZo AVAYAS rf@f”r&hﬁcl?gfe%cﬁé frécﬁﬂﬁ@}ﬂcy
The digital portion of the DAB signal is subject to interference,

exanpl e, by fmtesferemp an@nnorlémarmcghallystowtgrbypmg@slr@tgmicsles fprm@m ElgﬂBbC DAB

gi ;%Zf :‘ngf S g{ll 10 Bpr cf:castll n(%&l?)crggél l%se gn rregel{/gr at ug héeosu%lert)ecfu%tqﬁesom the

5 Digital Audio Broadcasting is a medium for providing digital-quality

audio, superior to existing analog broadcasting formats. Both AM and 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 all-digital
format without an analog signal. In-band-on-channel (IBOC) DAB systems require

10 no new spectral allocations because each DAB signal is simultaneously transmitted
within the 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.

15 FM DAB systems have been the subject of seiveral United States
patents including Patents No. 5,949,796; 5,465,396; 5,315,583; 5,278,844 and
5,278,826. More recently, a proposed FM IBOC DAB signal places orthogonal
frequency division multiplexed (OFDM) sub-carriers in the region from about 129
kHz to about 199 kHz away from the FM center frequency, both above and below

20  the spectrum occupied by an analog modulated host FM carrier. Some IBOC



interest in the presence of the interferers. One FM extraction techni que
called COLT (COnti nuous Look Through) can be used to extract a narrowband
si gnal fmwoonbeneat h a wi deband FM signal. This techni quePCEUd@gOR4sbed in
United States Patent Nunbers 5,263, 191; 10 5,428, 834; and 5, 355,533. The
met hod described in those patents uses, in effect, a notch filter that

tracks and su t b I . i I irng

St gnai . Uni t el GE- pa Rl FRER Rab BT S5 R+ lost BRAGOTEIER,
sanme assi gneeaway frivwe tix eswartirdgnemeyt i on, di scl oses an interference reduction
technique 15 that is particul arly direct to reductjon of, interference
fromfirst adjacent cha féfigﬂﬁfp Oﬁl\ﬂf%ﬁ%ﬁé@awﬁdﬁ&PEJR%td‘i.‘?dWeBtf‘?reSf’e’f I st
adj acent Phan%hglat@ Gesebpchs her ﬁ%ﬁél@'br byef Rt kRfatsOinalyhiid $BoadDagent
cancel | ati on (FAC).” FAC can be switched on or off as needed dependi ng upon
t he parti cul asystsingnaPigeslvinooessimgt teclDigresatrhonquotd savisemivtegut 8/ vdals bé FAC
isto blend to agsﬁ.r{\%lomthe nC}g- F%\% grocessed signal. United States 20

Pat ent Appl i cHEGIEH ° PSP TSt Sses a bl endi ng met hod for reducing
FM interference in an Ofe bpRM Ritadidanfhnidii@i dafibd a0O0LT RCOEE@SE DEok

recei ver. The FAC bl end nmethod of United States Patent ApPI ication No

09/ 192, 555 seFhisyghiranrysed &o extrassRawrpwhantheend frogr bersetlrawidebapd FBE used
dependi ng “poélgﬁiie fﬁg 3%&%%;;;%}946%&%%8%8. LR Stald NGl NSO TR BARA the

25 corruption 8n'the car requenci es nay not beé unitorm and’can be
differently 6138 834uinad,’ss,5FAMThetesthat éescabatd iInhthbACpaterits wseswirt bffedt, £AC
processing. The is_a need for a signal extraction technique that is

ef fective forn9tph Higndthah igfen gl uppiessss taadiY BrGabRets SPgirary hdte the
corruption on; : rier frequencies may not be uniform and can be
differently dllntg{}%r%gltg%ggl;or FM 30 interference wth FAC versus w thout FAC
processi ng. 2 WO 01/ 974UGitRCHt48S0 PARHS AppliSitivivVARY. OF 1THES 5, NavEaghiedtb The s

e o o A leh RSl or SAiE 1 fLer Lorence L1 (26el els bsed to
met hod coppr i g@sist gl #RSqiMctdeS e dfign 31 GREPQEhdCrcth I8 adjRehiidiaRfe1d
of an FM broadcast band. Reduction of first adjacent channel interferers is hereafter
referred to as first adjacent cancellation (FAC). FAC can be switched on or off as
needed depending upon the particular signal environment. One method of switching
on/off the FAC is to blend to and from the non-FAC processed signal. United States
20 Patent Application No. 09/192,555 discloses a blending method for reducing FM
interference in an in-band on;channel digital audio broadcasting receiver.
The FAC blend method of United States Patent Application No.
09/192,555 serves the purpose of selecting whether or not FAC is to be used
depending upon the relative interference level. However, in some cases the
25  corruption on the subcarrier frequencies may not be uniform and can be differently
distributed for FM interference with FAC versus without FAC processing.
The is a need for a signal extraction technique that is effective for in-
band on-channel digital audio broadcast signals where the corruption on the
subcarrier frequencies may not be uniform and can be differently distributed for FM

30 interference with FAC versus without FAC processing.



5 signal of interest and an interfering signal, denodul ating the conposite
signal to produce a first denodul ated signal, conmputing a first binary

soft deciwdondyfreom the first denodul ated signal, processPalyUSHIE76€npoSite
signal to produce a processed signal, denodul ating the processed signal to

produce a second denodul ated signal, conputing a second binary soft

deci sion fromthe second deno ng%nﬁ%E nmbining the first and
second binary soft decisions Mal In addi tion, the
i nvention includes radl receivers that utili edt abpve net had. In.the
preferred enbodi ment, S STy RAFOH PIOEEY BsPC é?‘lgﬂfmgc P& "a

plurality of &6&1‘&16}90&1@&'% Jel’:ﬁ%'%'ﬁcm\@hﬂlba‘e‘dd)ﬁnfé}iéﬂﬂemd@gi%@ EEI 0y B&raﬂéeféﬁﬁg
modul ated by a digital representati on of broadcast program materi al

other data, sgei dheweaihail tsenresgs thei stepa o irefietvang mgdnpome@@gmhmciudglgs@fst em

The presen i.nyv nt| 2 des rove oper a n of Fl rst
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On- Channel (| ﬁ%)tce‘l @it demoduldicd @r@ﬁdﬁﬁ@hﬁﬁ@é@rsﬁﬂﬁé@ oy d®icRion from the
first-adjacent FMsignals act as interferers to the digital portion of the

DAB si gnal . @st damoddnied| sisnghdpresesping dhe cpmpesils sigral tp Msepditve Mpipgessed

frequency of n Jti t

interference odrlﬁ %&[“%ﬁ}? ag%gc!tcg%?g ﬁ%ﬂalsqiﬁﬂéa%é ramg%fe' %ﬁpgﬁ%(lﬁlr%gg{g%fs e %é FAC
signal wt howmladnﬂ;grngsdcbﬁd bofaty syftridedision finréte seoonddémadulsted sigasls ahde
subcarriers. BRI EF DESCRI PTI NGS Figure 1 is a diagr

showi ng pHher capEBEdhe bsﬁgmij\' %gnﬁgmaw%%i qlq?wl@aﬁ@p@ﬁlu%%ﬁ%ﬁputﬁlgpﬁﬁaﬂn Audi 0

Broadcast si g&ﬁimonlﬁwﬁh%ﬂti%n%ndléd& rﬁﬁl@?&%ﬁ%ﬁhﬁéﬁ‘u‘ﬁﬁzé bR dBBVEMmcARECT T al
densities of two FM 1n-Band Channel Digital Audi o Broadcast signals in

adj acent channel s; Fi guleti® |p$efarréd1ramhodnu¢nt,blt1tﬁcI:slgdalagfalme.nést asracegnagr for

use in a digital audlo br oadc i n stemthat. can recei.ve signals
ormatted | o SEwiHne SHRER S LoRnglnkFRimes st hHoplE s Pudiort 7565
Figure 4 is amBligeledByosiasial Rtesehtatisd bﬂbﬁ)ﬁdédaﬁ]% g%a&nd@ém%wtﬁw dagt hod
of United States Patent Application No. 09/192, 555; Figure is a bl ock

di agram t hat $usht #sefould betfoundgnthdigiagmalio broadcasting SYStem The present

invention provides an improvement in the operation of a First Adjacent Canceller
(FAC) technique intended for use in an FM In-Band On-Channel (IBOC) Digital
Audio Broadcast (DAB) system where first-adjacent FM signals act as interferers to

the digital portion of the DAB signal. The FAC cancels and/or notch filters the
instantaneous frequency of an interfering FM signal to suppress the effects of
interference from an FM broadcast signal. This permits blending of the FAC signal

without adding the soft symbol information uniformly across the subcarriers.

BRIEF DESCRIPTION OF THE DRAWINGS

Figure 1 is a diagram showing power spectral densities of an FM In-
Band On-Channel Digital Audio Broadcast signal;
15 Figure 2 is a diagram showing the power spectral densities of two FM
In-Band On-Channel Digital Audio Broadcast signals in adjacent channels;
Figure 3 is a functional block diagram of a receiver for use in a digital
audio broadcasting system that can receive signals formatted in accordance with this

invention;



processing nethod of United States Patent Application No. 09/192,555; 5

Figure 6 is a block diagramthat illustrates the operation of a first

adj acent wanvgldier (FAC) in accordance with this inventi oPCT/EHRE/Psgure 7 i s
a block diagramthat illustrates the process for determ ning channel state
information, disclosed in United States Patent Application No 09/ 438, 148,
that is used in the pr of, hBe ifnvenrti QL s ETT ON
OF THE PREFERRED ENBODI géﬁ%}gﬁ‘;ﬁg‘ﬂ%‘% RS n{g% ﬂ%is ESSEI s 1agT

schemati c repme&edlbﬁUmtedSfatestPra&ntA@ghxmnoyI\h)l D@’dﬁlﬁﬁ)ﬁs (spectral pl acenent)
and rel ative power specy,. ensit 1 he si gnal nponents for a hybrid
FM 1 BOC DAB si gnal 10. BBy ¢ DU oAl Do St LORpesR (0 e
stereo anal Oglgr%b%@lﬂ 1&&1131?6@@1%6% S%&E@Patérﬂ%ﬁﬂl@ﬁtm%ﬁNQWIg s95epr esent ed by

the triangul 4 positioned in a central portion or central

f requency %and, of the Eigarenelis aThleckPdiagranStiat tillestraBe ribé toyeI@P@D)bf of firgt

typi cal analo .FM br oadca n i.s nearl trlan ular with a slope of
about -0.35 %PECWF%%FME@H%?MWC@W& m)g\enrg hdtdty of digitally
nodul at ed evenly spacedriggrb-Tasr b epclal a@afi tthanethseates fRehrsdeske of the
anal og FM signal, in an upper 20 sideband 18 and a | ower sideband 20, and
are transnit tederoumisgchemel staiziinformpiéon, disalosrsl InWtegrintes Ratenighpplisation
carriers are he United

St at es Feder a]IRI 8tf&d{h%gls%sggﬂ%wgl?e\éeﬁiegh%g}ﬁ#a@éﬂ)@z&lb%lﬁw%ne exanpl e of
a hybrid FM I BOC nodul ation format, 95 evenly spaced orthogonal frequency
division mul tipl exed (HESORIPAITION @F MAHPREFBRREDSEIMMBIBINMENTSer s are pl aced
on each side of the host anal og FM signal occupying the spectrum from about
129 kHz through about 1R&fekile avaY¥ drivikd, FeodiodtiskMdbembes rep&éseﬂtuemysf as
illustrated by the upper si deband 18 and the | ower sideband 20 in Pure
1. In the hybthedreqyencsmllopations (wectimlasenent) prd rehtiveromeaseciral qunsny 0

T host 30 ua et FhheER s S ROE o eRar B o R AIEREC 2,

adj acent FM cihemided tHd cenveitiendli Fdt stadp aamiviy Sikhali fhabkshg a fpopeespatiral woul d

be centered at a spacing of 200 kHz from the center. of the
15  density represented by tge trlangu{ar shape 14 pos{’gloned ?n a central portion 16, or

central frequency band, of the channel. The Power Spectral Density (PSD) of a

typical analog FM broadcast signal is nearly triangular with a slope of about -0.35

dB/kHz from the center frequency. A plurality of digitally modulated evenly spaced

sub-carriers are positioned on either side of the analog FM signal, in an upper

20 sideband 18 and a lower sideband 20, and are transmitted concurrently with the

analog FM signal. All of the carriers are transmitted at a power level that falls
within the United States Federal Communications Commission channel mask 22.

In one example of a hybrid FM IBOC modulation format, 95 evenly

spaced orthogonal frequency division multiplexed (OFDM) digitally modulated sub-

25  carriers are placed on each side of the host analog FM signal occupying the spectrum

from about 129 kHz through about 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 sideband is set to about -25 dB relative to its host

30  analog FM power.



channel of interest. Figure 2 shows a spectral plot of a hybrid DAB signal
10 with an upper first adjacent interferer 24 having an anal og nodul at ed
signal 26v@nd9a1®é plurality of digitally nodul at ed sub- caP€T/®R&1/17865

si debands 28 and 30, that are at a |evel of about -6dB relative to the
signal if interest (the digi taI | y nmodul ated sub- carriers of signal 10).

The figure shows that t per side or.r u b h nal og
nodul ated signal in thegl{gin%% 136{10 ?celngﬁ@ff iﬂa]e?esl q’ﬁ t}B:’ ggsir?th Ce Eﬁfl on
provides a fidigtalgdifpeanht, Gankeld @htefddACh shivdhg bS2@LE, ﬁ@nﬁtﬁ@@érﬁérsoﬂﬂ‘i@
effects 10 of the interference in this situation. It has been denonstrated

that the FAC henagl|of intgresteBigurg 2 phorysrasipegiat atetral 3 hbaid RAS senph 100vL upper
d | d
e | ner DU, onde vy, VRGP L SCONET KO R08 LTS o

carrier, a thgdugbhtyt bé deg(taﬂadha)cbﬂatm ouessaricdiin tsidebandshz8 E)&cBSGj thaabre dttai s
assurredthat t he sign is.smal| relafive to t terferl irst
adj acent anal lsgel Iﬁ\ﬁ%i%ﬁa@f% GelAt Yenter theigna Efklrnr?ﬁesér(gl c‘%\ eyt egc?&l?
effective. Figuigs3 ﬁgﬁalb! Ck T9he 2G5 RN AbwE thadiR D%Be'ug‘p’ér §0eapap g5 o

perform ng the signal proce sing in accordance wt I nvent1 on. %e DAB
signal is rememupedl hyntharahdngmodﬁlated stpmatimatbs fipat aéJebmtunténférbE rTlxbdprpms es

t he frequency band 20 of e ncl ed si gnal , at
frequency f, W T‘}'Pﬂonrpej’\élg%a [’lrfé ‘?ﬁﬁeﬁt éf?é?lg%{:pﬁ?glsa tojsppptess the, effehs si de
| obe inj egf i of the sRérfQekdd h ki kuatlRWIH R SEerPddhddstBled 46t 1RMPACTL SSickhe

si gnal . The amplified signal is mxed in mxer 48 with a |ocal oscillator

signal f,. sujssl vath BretladipeeBOointeyierers omdlothe upnss snddewer Dy sidgbandshped

creat es sum if ence. (fc i ne
o modi ot fbEertily, fepSTf (b TARBERGEL tificd Hensard B e Bhn Bapds
signal ff ande@tteiugé@sbdlswquentedsiQUrs darief, althogtbamndekieicHo fprodess

nodul at ed signal of interest. An_anal og-to-di i'tal converter 58 operates
using a cl ockdigghse PAR sigpplodhiseasairaed Bt 8 ssighnal i ﬁéalb@l%t"eéortb?e fs.

Digital df’sm %’éﬁh% %{rs@gcg gdeﬁf] (g%' Fﬁ/ﬁé&ﬁ% subl Itﬁag "M %%r i Ca'rﬂ%ﬁﬁé&ll%ﬁ@n

signal to uce € |1 n©phase an re signal's on
i nes 64 and cﬁiﬁ.be/bf&otmb g| taI si gnal processor based dem)dul ator 68 then

provtdes addi tional S1gnl. B BSESSAIE ber el PR 4 Bt e
performing the signal processing in accordance with this invention. The DAB signal
is received on antenna 42. A bandpass preselect filter 44 passes the frequency band

20  of interest, including the desired signal at frequency £, but rejects the image signal at
f, - 2f; (for a low side lobe injection local oscillator). Low noise amplifier 46
amplifies the signal. The amplified signal is mixed in mixer 48 with a local
oscillator signal f;, supplied on line 50 by a tunable local oscillator 52. This creates
sum (f, + f)) and difference (f, - f,) signals on line 54. Intermediate frequency filter

25 56 passes the intermediate frequency signal f; and attenuates frequencies outside of
the bandwidth of the modulated signal of interest. An analog-to-digital converter 58
operates using a clock signal f; to produce digital samples on line 60 at a rate f.
Digital down converter 62 frequency shifts, filters and decimates the signal to
produce lower sample rate in-phase and quadrature signals on lines 64 and 66. A

30 digital signal processor based demodulator 68 then provides additional signal

processing to produce an output signal on line 70 for output device 72.
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In the absence of fading the conposite anal og FM plus DAB signals can be
nodel ed as: s(t)=ae' (t)+d(t) where ais the anplitude and O(t) is the

i nst ant aveous9Iph@se of the of the FM 5 signal, and d(t) PEeTAR&/DAB si gnal .
Wthout |oss of generality, we can assune that the average power of d(t) is
one. Furthernore, we assune that a >> 1 so that the FMcapture effect is

i nvoked. Notice that the signal anmplitfude is assuned tq _be_ cQnstant since
no fading of the signalin @e@@gqyﬁ%gpfaﬁlq § CREppsitsranpleg Féﬁé}l@éﬁ ABRYs
notice that this.. ideal case without noise. If this signal is
processed usigr%soteﬁgoci%gdt%sghni gues shown in United States Patent Nunbers
5,263,191; 5,428,834; and 5, 355, 53@)=thef? he/(put put can be approxi nated
by: COLT_ QUT(t) d (t) + d (t). e.~"2e The first termof the COLT out put

i s the desir edhéreran jatthé entphigndseandn@(s) a5 rthé¢ smstantanepiseplaase ef ¢ oh dagy M he
interference termhas the sane power as the first term its spectrumis
convol ved Swi t Higaaheansqden ds dic PAS samabi Yrithout lost ohaaneralitbeve ¢aa gsppme that

nodul ati on bandwi dth. If th ndwi dt t he DAB signal .equals t

bandvi it of BREVEIRH BPEF Phg VAN S AREReRare (Vs Ko BAR il SPAREERE er ed
on the FM si e LNONSI; I i: r e. rati | t he
prior art COU %a@%%?qeufée% gs glg uéélédth %&;&?’%&/& dééglgtatq 3 sltl(ﬁlﬁﬁéﬁxlrﬁ'oa'iél déﬁeqjgir gg
source of degeadahi sincéd 8o Madihg pathe sigdl isgassithed irf thiki pegt ol anslysin. axipd i t ude

nodul ation of the jnstantaneous FMcarrier, Selective  fadin an, result in
an anpl i t ude RRteaIthatitBs 18 Ahrgifeek RSO Ttherd IHFS&e(raif &t F}ggalpﬁﬂprqugsggélﬁ@g the

bandw dt h (11;( ![ 6%;;11%%%%&;%1}%lI?ni%alaesa?égdl”%gﬁthm%e%fo5,@59,"}9;1;(3 sisbalgshadhmg is

20 limte maxi num hi ghway speeds i n an autonbbile

recei ver. SiHB85,55% thet thaouipmhcarmopemxahattthbyed St at es Pat ent Nunbers
5,263,191; 5,428,834; and 5, 355,533 uses the i.n ut,._z_g(j)gnal directly to
control the center frequency QpWh@U%}%H@t’FH%( npl i tude nmodul ation on the

7O o 002 S ks L85 00, MAGLRIREL 15 JBFERARGR 65 AgHEARIESS e
signal s can bgdme&iced Afoubh the interference term has the same power as the first term, its
spectrum is convolved with the square of the FM signal that has twice the FM
modulation bandwidth.
If the bandwidth of the DAB signal equals the bandwidth of the
interfering FM signal, and if the DAB signal is centered on the FM signal, the
15  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.e. 53 kHz), while the bandwidth due to dynamic flat fading is
20 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
performance.
25 In the presence of fading the composite analog FM plus digitally

modulated sub-carriers signals can be modeled as:

6



WO 01/97416 PCT/USO01/ 17565 s(t) =[a +f (t)] e o W+ d (t) , where f
(t) is a dynamc fading termthat is due to anplitude nodul ati on of the FM
carrier awoont9Me@avel s across the selectively faded devi at POVUB@I#45dt h.
This anplitude 5 nodul ati on has a bandwi dth on the order of the FM baseband
bandwi dth (i.e. 53 kHz). The sl ow fadi ng conponent due to Ral ei gh fading
islimted to about 13 Hz at highway speeds at a carrier frequency in the
100 MHz range. This slow fading conponent is om'tted fromthis nodel since
it is assuned to be nearly cons Lo t e SI s wi ndow. In the
presence of selective fading, hgr)'n (Jj ?r(o)rl d |%t erference 10 conponents

becone si gni fykaatf (¢ iea BidanQE !fdalﬁhsgt t@ﬁﬁl ik lﬂﬁd@‘ todhipliedieShad@sionalrend FNumber s
5,263,191; 5,428,834; and 5, 355,533 assuned that the input signal itself

is a good apprretiavat trovelsofcrdsh éhefdblestigrinlfaded idavietiomhbandatidth. Ghistdmepléinad og FM
power to the DA r is high, ere_t i t. sign bj ect
to fading andm?gﬂﬁtgq ﬁ%ié%‘b’gigﬁlpﬂﬂ ﬂr&{s’f\{g’ﬁﬂ@f F%"ﬂﬁ”@ﬁﬁ’é %’da{‘r{ 53
processing st aae stv@?aTdﬁ nipBRaS dhE'?éRal%?g'BrI%n?% lErﬁH&i/ﬁdabb{ﬂt subseguent

stages. The filtering method of commonly owned UnitTed States Patent
Appl i cation Noghwg/ 4@®d&¢8 aa@dn@s&wendaa B preoleMisiange.a Tios s fatingi gnal

extraction process Afir |on f a si |, shifts t

Cnst ant amconeernagts gt oS sl stk s Rednifl wdritetdit vt noul o
perform the iyearfgsi9wihdity. fd thé brd@bﬁdeld@lsbl«éaﬁxreoxiadlngd@alahaﬁnohan ihtefefdntst and
second signals are conplex conjugates, and if the product of their

anpl i tude®® r exprineserts besade #omscat vaI ue, then the signal should be

f I d ] I, | .
Carrior)) Unfortnat ol oaphahs ArRdni S EraTel¥uds Vel S Betr

anpl i tude 25 5/429,884;0a8d W5 Bh5,586 4saahed that ethandlphhes@%ebwmd isi gngbod
bandwi dth. The addl ti_ onal step. to normalize the amplitude of the reference
el imnates tHPPEEHBAHET Bhthe M él.gaalo?mcq the refirielsthe aptles FiM BYWarte feeDAB

associ ated wi hﬁok'/vetr H€ n@s. I1d¥evE O herel %Stﬂﬂ %1%1-511 ﬁsS?ubfﬂ%B @%ﬁ#@g Esr gil&t it

process is shown i n gure The conposi
15  good approximation of the FM signal, the processing steps can create an image that

cannot be removed in subsequent stages.
The filtering method of commonly owned United States Patent
Application No. 09/438,148 addresses this problem using a normalized signal
extraction process. A first multiplication of a signalA shifts the instantaneous FM
20  frequency to zero, while a second multiplication should perform the inverse of the
first multiplication. Ideally, if the first and second signals are complex conjugates,
and if the product of their amplitudes remains a fixed constant value, then the signal
should be perfectly restored in phase and amplitude (minus the filtered out FM
carrier). Unfortunately, dynamic fading and selective fading result in amplitude
25  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 4.
The composite signal:

30 s(@)=a-e’® +d(r),



7 WO 01/97416 PCT/ USO1/ 17565 is received on line 74. Block 76 illustrates
that the input is normalized by dividing by its absolute value to produce
a nor nal iwedr/gidghal on line 78. In the presence of fadi nBCT/NBIICIOREOSI t e
anal og FM plus DAB signals after normalization can be approxi mately
nodeled as: 5 S(t) = e.is(t) + d(t) 1S(t)l [a +f (t)], where it is assuned

that the FM anal o ignal i ch.| r.t the digital DAB. si. | . The
conpl ex conj U 5?‘?9"(?% O?ﬂé‘?en%lf ngtolf’li é éal@lgsgrﬁgls angt Tt HIQH{:_ dmﬁ@a]iqeg&é't ?Ihg{duéi‘?)g by

bl ock 80, andyt fi¢a6RNROTALE t6paate & Romdlizb@kighll RVlind 38.N0 MRl dré®dcEof P! ex
conjugate, as’illustrated by nultiplier 82, to yield the internediate

signal : 10 S(flingshet goreposite antlog)fM plus(PAB+signgly afier mogpelizatiop scag bg  (t) ]
on line 84. A dc not{cp 802 ion, illustrated by block 86, renoves the
const ant terrﬁppéc”%l‘%‘aﬁyel?‘g:e%;%s) s*(t) -a=f(t)+d*(t) e 1-0(t'+d(t)e-,0(t)
ld(t)It , S (t)l [af O on line@B. A lLow @gags finite inpul se response

\ |
filter 905produces an estimte of & B+ t termon line 92. The
signal on line 84 is delayed as il‘f(lt strat egab§ @]ock 94 to match the
filter delay d t t.. of f] L LS f l\ayed
signal as sha&%ﬂggpﬁéﬁéﬁgﬁéhﬁgh%?§%a%%5§ﬁ%h?ﬁﬁé?%@?%%?ﬁﬂgﬁgﬁiﬁﬂﬁﬁpﬁfﬁi 88.

It should beigel.ethd dvaipléhenRiBtesi fghahoinmlizb®sighaiinpioduedd dshBudstetatby s
al so suppressed and the notch filtering has sone effect on_ the integrity
of the DAB sitjpdt 80 zad| {het perapose | Hgral mis dmstiplisd ghyalitsi Bowmplized Goplex

mul tiplier 98 e | @ QAUPES ihiEmnsd : i ch has been
del a;/gdl as shcoo\%#gtba%’ B?g@gﬂlt%%ﬁ}ﬁ?%m I gfgi’tt%g out %:ﬁn sidgdrggklggér[]w: ine 102: , O
t) S(t) S(t) : (t- a =g +d (t) e, z0 (t) + tg'e +H (t)l [af
sz)(t§ )eLO.(izo(t§ T % *tg?={éwo‘g(t))i-q’%f?ﬁ)d(@(}:{eﬂ("t“g+( 4 (ﬁ’t)]}hg] L 2 [g)]+
f()] +la+t (]2 &0 ar 7

on line 84. A dc notch operation, illustrated by block 86, removes the constant term

a to yield:

— * Ja(t —J8( Id(t)lz
(0 [~ = SO+ O 0O+ S,

on line 88. A low pass finite impulse response filter 90 produces an estimate of the

s'(2)
E

15 constant term on line 92. The signal on line 84 is delayed as illustrated by block 94
to match the filter delay and the output of the filter is subtracted from the delayed
signal as shown by adder 96 to produce the intermediate signal on line 88. It should
be noted that the DAB signal in the vicinity of the notch is also suppressed and the
notch filtering has some effect on the integrity of the DAB signal. Lastly this

20 intermediate signal is multiplied in multiplier 98 by the normalized original
composite signal, which has been delayed as shown by block 100, to yield the output

signal on line 102:

() ()
[50) ’{S(’) 0

Jjo + f(t) i d(t)
[a+ f(@®)]
d*(t) - e7°® . '. |d(t)|2 LI0) . ld(¢)|2 -d(t)
[a+ f(D)] [a+ f(2)] [a+ £ ()]

]——a}==d(0-kd*(ﬂ-efiﬁo-%f(ﬂ-e




WO 01/97416 PCT/ US01/17565 Assum ng that the FMsignal is nuch larger than
the DAB signal, which is the usual case, then the output can be

approxi mnwedi/pie* "M+ s - ad (t) + d*(t) .e. "f (t) ' PeBOS)U/H5¢5a + f
(t)] The equation above shows that if the selective fading-induced
anplitude nodulation 5 termf (t) = 0, then the original CO_T met hod

i onal 1 e PR PBE e elaBali e ROTaE B i DERGGR) fonftisdy yhif

t echni que und@@esﬁé@&éb\i@u{@@ﬂm 9@%&&@@ Specifically if: d (t) I [4 a

+ 2 f (t)] d(t) + [a (t)] - Lea+ (t)] e,a(t) ial) e +[a + f
t <a2lL+][2 ‘t i-2-0 the | f {1 nduced
I(’]OI)]Se usi ng th[e W% (Gf(g 2] s air i) + l‘) ¢’ 2I(g(t)vv\af(t) &21 it il nequal ity
can be approxi mat/&¢’lb fu\ryt( r elimnation of |ess s gnlflcarf( rnms that

potental 6 B arBveAeRe bR bRl Feitedis pd it Pl

usi ng the 5n0rtlaﬁh 61?t& OnthtR ehbrifigal ASLTheethoW fRbl Maddieven] tHeslvéveati@ghdat ent
Application No. 192,555 reduces the adverse effects of the interfering

signal int heprewnpmbf bylectiver fadingnthet duditiomalymitdr fedence rterpmvean lsqoe@npabd tensity
of the S|gnal i nter vmth res ect tat interferi The FM
cancel | ati on B %tgé g@ W}@ ’Eﬁ?éecf‘lge Eq%}rgcctop OB ?&&Eﬁ%ﬂy% to the
FMIBOCDABsstemwhe er t S r N

signal. The f%/resi‘@(r)a,dj_ag.@n/.t_'k e&r?nzafflgm &S% aagg«g%?] l;%gr}@éissgé
effectively cancel el Adgi(Qhed’out[20fx -Itﬁe‘)}:lle(;ﬁ f%add goOrtion of t he DABJ SI gnal

with a reasonably small anount of distortion resulting to the DAB signal.
The distorti othemiliel sebeinfheder Inpiseswaig the inethivel dfdhisdwifany'on hs keveromiietaboms are

o1 gnal 5. pliescAPITAIE: CHEVRASFOHTR At pORET Bt Phet s SETFAERE: B and
the digital pgetiRnA 16k thheonPAByri@nal that is bei ng interfered with (i.

the upper or the lower digital side band of the DAB signal). This can bé
BRLICIPP N LI0

This shows a potential 6 dB improvement in noise reduction due to selective fading
using the normalization technique.

15 The invention of United States Patent Application No. 09/192,555
reduces the adverse effects of the interfering signal in the output by increasing the
magnitude or power spectral density of the signal of interest with respect to the
interfering signal.

The FM cancellation process as described above is directly applicable

20 to the FM IBOC DAB system whenever there is a first adjacent interfering FM
signal. The first adjacent interfering FM signals can be processed and effectively
canceled/notched out of the digital portion of the DAB signal with a reasonably
small amount of distortion resulting to the DAB signal. The distortion will be fairly
small if the following three conditions are met prior to initiating the FM cancellation

25  process.

1) The only signals present that have significant power are the first adjacent FM
and the digital portion of the DAB signal that is being interfered with (i.e. the
upper or the lower digital side band of the DAB signal). This can be



9 WO 01/97416 PCT/US01/ 17565 acconplished sinply by m xing the FM
interferer to 0 Hz and lowpass filtering the resulting signal or by
band- pasaw®ni/¢a1é ng the resulting signal. 2) The digital BCTU&a01/17565

conpl etely contained on either the upper or lower half the first adjacent
FM signal. This is inherently done within the | ayout of an I1BOC 5 DAB

260 ki, o ch Fecrnanenpmtopy s B R erkibnt BRFCnl QR eberd threffy

the digital sighalesilfingsighdlidres band-pas thelihg afe rehatiddibnilerferer. This is
important since the undesirable distortion or inage produced by this

extraction prdceds digipphsiemal srrompdetelycontatied smaathep Bssynnsr phl@vmr deliBat of
the DAB | h
ne _Signa rfgétga}g [ bEnt BV stehall NG HiMs %@%gﬁ{tyh&éhaﬁglﬁug lkﬁésf s Q%ﬁ&ﬁen he

signal is about stronger®in power
first adjacent [ABrsyblemonkaeinotht @dge bf thesdipied] tstgnah it placedpalifost out tHACE.
Thi s ensures that the FM signal is suffi Cﬁt!ﬂy Iarge conpared to the DAB

signal such t hat0PHel% apbifheis dht serter ¢f th aqent EMysignpky at hereions. e
envi ronment 15 ¢ ﬁ@tawgﬁmgﬂ%n%ﬁéd @93% hﬂ?% bRl fvosk eefgrérher@ %Bnﬂﬁ&%ﬁn

threshold and t sw t chi ng of or|t mis reconmende In one
proposed FM | BOGirey shenndésireblehdistertmondi inbagesprodideddey thps eseamtios qrecas t he

Fi ot a0 acent” ERPEENOLIEAPPOR! APIOPRIGY TOR TP B B ab e aLe e dna 20

thus extepd the g Bli Qfhag coverage. One nethod of switching on/ off t he FAC
is to snoothly blend to and fromthe non FAC processed signal.
measur ement o) tThe Gvbediecent Fbweanat isaabopk 6 d&str@lg@bmmwetﬁwnﬁbe sigi@l by

taking the di ffefencenhel esn.d 16 RONSL. L Hal.H05S of T &t AGLER.ARY,  he

power t hat conmes B WO Si gna s are srmo u5| ng a

si npl e | ossy i ntregt.arhis chafrey ®at the Fl fibealdnadfitienitnlaegs cailﬂpared:ﬂoghé DA is a
bl ock diagram which illustrates the FAC and bl endi ng1 functions of United
States Patent AftRbschpptiks ca@qu_ offees sxinvolade Hn @gRulfpathdpding gpYrawambt h

upper, | oveiod PEASAL O Lidolnathasepl Y shorals, fhadpmmsiic,
m xer 106 to pr cecking ol gdyithoh is recommended.

Within 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

20  thus extend the station’s coverage.

One method of switching on/off the FAC is to smoothly blend to and
from the non FAC processed signal. A measurement of the amount of power that is
being notched can be made by taking the difference between the power that goes
into the notch and the power that comes out of the notch. The two signals are.

25  smoothed using a simple lossy integrator before the difference is calculated. Figure
5 is a block diagram which illustrates the FAC and blending functions of United
States Patent Application No. 09/192,555, which can be performed on both upper
and lower interfering first adjacent FM signals. The composite signal is input on
line 104 and mixed with a local oscillator signal in mixer 106 to produce a baseband

30  signal on line 108 where the first adjacent interferer is translated to dc. The signal is

filtered by a finite impulse response low pass filter 110 to remove signals outside the

10



30 signal on line 108 where the first adjacent interferer is translated to
dc. The signal is filtered by a finite inpul se response |ow pass filter
110 to rev@veIsilgnal s outside the 10 WO 01/97416 PCT/ USORCT/US@3175¢5andwi dt h
of the interfering FMsignal. The resulting signal on line 112 is then
subject to FMtracking and cancellation as illustrated in block 114. The

cancel lation i farped . as il rated j.,n Figure 3, with. t si gpal

bef ore and af]?aélawﬁ)cﬁ@ oﬁ&ﬂ%ﬁlter??r}r{geﬁ%ggﬂ "0 ep{fts‘%ﬁﬂg Iﬂgf‘ilél\go% 1“52@28%%?91 t he
bl end controlg L&% HNiGracking an@tahetaondRViistiabeddBSIdck 192MI@kedndeflaiiéh Upper
and |l ower threshold that represents the range in which the blending wll

occur. The rafgeriosnedendiusiraigd 9o Rigee 3 natlathsusgnadbelone aahaftepBiketotelhat

resi des wthi . un | i r t S i ght

per cent age ofﬁh{%@%}ngn%%eﬁ%gn%ro egsglc'giri:lat{ﬁg(})#le icﬁgﬁ%@g?gﬁ@& eégs“ré%bgcri ve
of a percent@mgeeriuaBels tdiapartdtolgeabped amdildwepihtedhor] HAG prare@s fRtragignal
inmultiplier, 10 120. A control signal on line 122 is representative of one

mi nus the periBewkighdhe higatise Willepceps dhedangs ipmprnagizgd spehaohe paoUpt 8Eessed
i |, whi I S ' : 4. T f
Sl gna : Cn} é}gegg%?%é tlga? r@s)f@ég V@ﬁhlﬁZﬂé’\ﬂlﬂdﬁnml?eﬁlkrfégﬁ 8anp$§ aé&%@ﬂtteﬁ. gfn% | on

multipliers 1 are conbined I n sunmer ce a si
i ne 130 t hatstrasglft pbicemtegt dthardnigai The contpplbzealrendpende if rdpresenthfe oflhe

resulting filtered signal gn line 134 is agai ixed 15 with a | ocal.
osci |l ator siRfficass e 811&36? ¥ gl ahe %@[Hpalfocgisaﬁé}gnam mhEiPligE
Thi s out pigt signaly il 8knalbh GHE 10 i UESBRNRYE SPTHeNGinud BEpAERgee Wi th

know techniques to produce an audio output fromthe receiver. Figure 6 is
a functional mindwk, endgy vsed1@Oomuliply ithd net-FACeprocessed signalnwhickathas been

ccor dance w e RYhES (SR b Tn g 8l FRattie d2BnaR 120 iHput on
line 142 and dontdigsesh duhnZerDAB t81 BQ sigdal 64 1ias 1SO @M id Hltble@®y alfidite The
filtered signal is then subjected to tw denodul ati on schenmes as

il lustrated bynnuls respopeadsiiqr 3gatline respdingnfglterabsizdon lned 3¢upjpeain snikedk
filtered si hne . 0 FAC i t i p .
cancel L at o i Aot WGeilads nal i BE PR 8guck Mo SRR AEL ine 138,

il lustrated iThiFiogtpue stenallizetheesubjeting Sirthamprooessingnia ddodrdaice tidkrknow

denodul ated as shown in block 156 to produce a denodul ated signal on |ine
158. Bl ock 166CH®iES 1@ ArRduehmneaidih@tBU TR His Te¢RaYfiel state information is

made Figure 6 is a functional block diagram 140 that illustrates the
maximum ratio combining of FAC-processed and unprocessed soft symbol

éo information in accordance with the present invention. The composite DAB signal is
input on line 142 and filtered by a DAB sideband filter as shown in block 144. The
filtered signal is then subjected to two demodulation schemes as illustrated by the
blocks in paths 146 and 148. Path 146 subjects the filtered signal on line 150 to
FAC processing. FM tracking and cancellation in block 152 is performed in the

25  preferred embodiment as illustrated in Figure 4. The resulting signal on line 154 is
then demodulated as shown in block 156 to produce a demodulated signal on line

158. Block 160 shows that an estimate of the channel state information is made
based on the demodulated signal. The CSI estimate is then used to determine the

soft binary metrics for the demodulated signal as shown in block 164 to produce an

30  FAC processed signal on line 164.
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based on the denodul ated signal. The CSI estimate is then used to determ ne
the soft binary netrics for the denodul ated signal as shown in block 164
to produceoan974d® FAC processed signal on line 164. 11 WOPOLUSTAL665

PCT/ US01/ 17565 The filtered signal on line 150 is al so del ayed as shown in
bl ock 166. The del ayed signal on line 168 is then denodul ated as

illustrated in block 17Q. | ock. 172 sho t.hat esfimate aof .th annel
state information is naﬁée %ﬁ?g‘ﬁ 51§Hal. q“ﬁ@%@%ﬁ%ls%gglﬁy%(f %n%o“@ﬁfllbﬁ%g 1%?4. The
CSl estimate Tis H&l@fbduﬁgﬂaltﬁg diat e681 8 ehdrh Berho&itkbd ik NALMtrARE [ BBk Ar70t he
denodul at ed S|1gnal as shown in block 176 to produce an FAC processed

(o)

signal on |i nBloglzd72 Ko hilgt amestionatoadbiba shanpgbstets drfospaigmissnadedased ¢hal s
on |lines 164 . t L gn. i . i i gnal
o0 inen oot 980 RubRaaLAg A0, 00" S oSl Miala?l bArRedBE e THlReShOrS,
for further qfidsieasimgricnfdrhee datedwed sighallag shéven pi Bl®ER 76 Ry priduean
soft-decision_Viterbi decoding with wei i ng. and _maxi_nmum rati o_ conbi ni ng

ghting,

(MRC) for cohdfemrospsypdiseamabert Bpsk/s. SMasigim smuosombses 1880 thammogipipsithe

m ni m ze | 0ss . : '}@SH 149 i ( MRS il known
met hod for coﬁ%?anéll%h%gleltqﬁg%gn?egrtgi onsulg%gﬁ{)ﬁg s%ﬁrfég silgir?a 2i:orrusfc% eaollﬁny

i ndependent nihis delvrued 65 a2 demtbilenvagardforwatdt enpdrecditeciog riatsler Hompfusghor t i on
to the SNR of each of the inputs maxim zes the signal-to-noise ratio (SNR)
of the resul tFAGFSEPGHAIC T9GHET gt hod is applicable to conbining both the
FAC-procegsed and non- pioGes Sgdsct IRREnIRAL NSoft-dQesiBPNVRERS casRdinRatiimy be
corrupted by a first-adjacent" FMinterferer, while artifacts of the FAC
process cor rupghtinge afhGaxanhm Fite ¢ombdnihgr@MRE) dor ediesantlyodetesseh QPSK hese

two paths is very .20 different. . |f the soft nbols of each path are

appr opr 1 at ef v RETERY S i Shalaver 0 Sphie HERaTerone CRam Dl aRE i ng
t hem t oget hergatib RemMbinihg VMR QY b kab@AtmdtBodVRE.combitend engfiplt vesidhaiorake

t hrough coherent combining of the signal caonponent (since the signal
conponent is e signd porrumied PXODGPREDAGH- FAE seirpes) | (inbiginghkengikipls s
conbi ned n- - ' [.At nd:. S| L eye ary
over the gﬁbcag&?{alr g)tr !)%(ﬁgé%6@#@%?564{@#@%&3?@%%e e%:z'?ik %GSL%J ?ﬁogl,l&ﬁ/nel y
channel st at eratio{$NRROT the réSdBing signal. This method is applicable to combining both the

FAC-processed and non-processed signal paths. The non-processed path may be
corrupted by a first-adjacent FM interferer, while artifacts of the FAC process
corrupt the FAC path. The interference or noise for each of these two paths is very

20 different. If the soft symbols of each path are appropriately weighted with channel
state information (CSI) before adding them together, then this is equivalent to MRC.
The benefit is gained through coherent combining of the signal component (since the
signal component is the same in the FAC and non-FAC paths), while the noise is
combined non-coherently.

25 Since the interference and signal levels vary over the subcarriers
(frequency) and time due to selective fading, timely channel state information (CSI) is
needed to adaptively adjust the weighting for the soft-symbols. The CSI estimation
technique should be designed to accommodate a fading bandwidth of up to about 13
Hz for maximum vehicle speeds in the FM band around 100 MHz. A Doppler spread

30  of several microseconds is typical, although larger spreads have been measured in

some environments. A functional block diagram of the technique for estimating both
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needed to adaptively adjust the weighting for the soft-synbols. The CSI
estimation techni que should be designed to accompdate a fadi ng bandw dth
of up tovedoup7418 Hz for maxi mum vehicle speeds in the FRCDhaRA/ESSUNd 100
MHz. A Doppl er spread 30 of several mcroseconds is typical, although

| ar ger spreads have been neasured in sorre environments. A functional block

di agram of th chnl matin 2.-W0.01/ 97416 .PCT/ USO /17565
t he phase refﬁel? Seergn%%f%%dcéfasrommt %rer eﬁgrécreesn}?‘émgffﬁ(?%m“@rlgc Jr

comonly assisgiggetl United StafdscRtatmt PabRadioAN. i00a138038 NS . il18akd 8n F‘i%lre i7s
illustrated in F:g%ure 7. This CSI_weight combi nes anplitude wei |ng for

maxi mum r at i ol&® IHY%@"&PB}]?QWS wephtuge W%@%&rrféé}élm@ﬁl fagip ceﬁhwaa algpgse
errors. 5 Thewg}p%;:p %Brr@ét%otnr}% %eﬁgﬁ,ﬁg@ﬁg techni que of Figure 7 assunes
reque

acqui sition an |ng 0 ncy of the subcarri ers, and the
symbol timing of the OFbMMopyration of tHh€ST rempweryctechiidues yiitRadurs i7ms3gmes
acqui sition techni gues | oi t perties of the cyclic_ prefix. The
frequency andeC8§iFHHn %l}dafeas& fsﬂe%@%%wwgds WORABIGER 20h S\YQ&WOBHHBngt he

phase drift from SymboLt s§rﬁb§1¥”b[fﬂe PREncy Lihdt &y tirhi (Ej;g %%]Y

subcarriers). Arter acquisition of both frequency an 1Otl m ng,
synchr oni zat i expldaib préperidsock they nxaclmaplteﬁxn dhe tﬂmuBRSKamd rsymgolsarqm]mng:es is

attenpted by crossco lating the.dif retlaII etect PSKs ence

Wi th the b octecapRBsied firabish Shesraatinm ol s drith p o SR over
al | subcajgi efiffic 88 sefidhdy (dtadss bbdalieerd)ocat i on of the trai n| ng subcarriers
is initially unknown. A crosscorrelation of the known bl ock sync pattern

with the detected bits dfteeaepausibemr of erboils é@ﬂﬂmcbfedand Asguisd artithing,

correlation is r

ot tor ot o qeDpEREnRalih L s et g BPY Brile dddfieite BT
resol ution) ity cﬁsio@hielaslhgdha\/dﬁ“&réﬂmalmuaﬂaetredoa‘PSi@lsecgreﬁceawuﬁqhe Bloak isphis
nmeets or exceeds the 20 threshold criteria 4 subcarrier correlations

spaced a nul tPasearofhg 911@%%%1 detseon §|d§|ff0}'me%)f’ 8 alh spRaarrigyh asspung that
blish
establis het t@g flé@auaoﬁ % %%g é%c%\%%rsqg%glﬁﬂ%eﬂﬂnoﬁ?q Fﬁ'ggsfc %%s&] of

decoded. erenti a detect 6 Its o se varia are

deci ded on a ﬂhmjknowmblmﬂxt@nb@sﬁtananﬁuhs detheted bas nf nghsubecar¢rie perfeucdd. t hat

decoding is A subcarrier correlation is declared when a match of all 11 bits of the block sync

pattern is detected. Block synchronization (and subcarrier ambiguity resolution) is

established when the number of subcarrier correlations meets or exceeds the

20  threshold criteria (e.g. 4 subcarrier correlations spaced a multiple of 19 subcarriers
apart).

After block sync is established the variable fields in the BPSK timing
sequence can be decoded. The differentially detected bits of these variable fields are
decided on a majority vote basis across the training subcarriers such that decoding is

25  possible when some of these subcarriers or bits are corrupted. The 16 blocks within
each modem frame are numbered sequentially from O to 15. Then the most significant
bit of the block count field is always set to zero since the block count never exceeds
15. Modem frame synchronization is established with knowledge of the block count
field.

30 The coherent detection of this signal requires a coherent phase

reference. The decoded information from the BPSK timing sequence is used to
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25 possi bl e when some of these subcarriers or bits are corrupted. The 16

bl ocks within each nodem franme are nunbered sequentially fromO to 15.
Then t he wost9RiIgni ficant bit of the block count field i BCRUS@EYSs&et to
zero since the block count never exceeds 15. Moddem frane synchroni zation
is established with know edge of the block count field. 30 The coherent
detection of this sjignal requires a caqheren has ref erence. The coded
i nformation fiEBRVe Hee Bﬁk{aflf’li’ﬁ@‘?&l gE’q‘E?éWB% Sp Caﬁ%@ﬂﬁia&ngllﬁlf%aw %"Hgﬁe _
PCT/ US01/ 17561§ca1f %Q%Vr%feﬁélﬁe IR H&i@é.' RBeF 12 tFrd MaiRicBfhp Rt REding §fribdigavi ng
i nf or mation about the ocal phase reference and noise. Referring to Figure
7, the conpl ecartiedbynihe gefesentmdubcarters picdupusyntling 184 bt tecemplescanjipgate of ar e

i nput line 184 and.th | ex. conj ugat e, of _t mhol s i s..taken.
shown i n bl ock® FEB0OLTiRIARRA R L AR 1148 SorplepPllsste B BnhituR
training seq U@laﬁ;%vxpt@aihjx@%e&&lﬁcé% 108l 1R Pl in@ultiHRR 19T " Bis FQABKS theldhrp(Har y

(+/- 1) timng sequence nodul ation fromthe received training subcarriers
by mul tiplyi nb tithingreehyench encsiyplatipn Gy e regeiied deiniag gubcagigrs by multiplying

i ne 162 are BPBCBCORG By ety el Rl fede A P Re 70

snmoot h t he re@qﬁéﬂceg $HEReduRin@V §imbolyTen litleel 3P B prot@s@bbpl £ finiteijnpyiat ed
estimate of the |ocal Hg)gase and anplitude on [.i ngsyrln%g' This. value_. is

del ayed by t i feepaes 4RO Eltam d9nip smgpibe thepiesying lse0wt e Yeldingr deal
of the nojse_ vari I i ol i Liapce i s
ost i mat el by el BT ld (ot aRiqfl bhisd ah  brblie S EnbRbe PTHELLIAG

anpl i tude on isideeayd@byftiraendelah d 98 npd tmatjptied| by {ratdtiaratapphepediptoealtdfitbe

al i gnnent provided by del 204) at 15 su tign paint 206, .t hen ring
the result asmélFF‘oW%'yetﬂ“%l? gQ??sz &Hﬁﬂﬂl}er {Eg?i n’ghet ﬁ‘é‘se SHHER ﬁsg’inéazgtg}‘rpl es
as illustrate R&ih &6 bPIHeA8¢al bRasRIAH AXIpIRIIe n 1 106 fi

di vi de- by- zerglbgrrﬁgt?igg?iggﬁ%gglgashém by bl ocaka?LZ. Thi g Csl aei ght i o

s
i nt er pol at ed theempttheybBols upbar rpmopridietinee alipahen ppvided dvedelay rZ¢hiaig

subcarriers as illustr.at bl ock 214 t roduc i I

wei ght's ofr | i FE®3ion %ﬁ@%(%%n 2HBS GRee rag sﬁ%\g}f}fé@gﬁ'% %é’%ﬁi b ﬁ%@f tgﬁe

cor r espondi ngedrRgiak ndRk AaPBRE 2B ALEHABOS bl6RCEIOV ethofecipraal Rldppradmetedt hey
have been appropriately delayed as shown in block 220. Ml tié)l ier 222 then

produces the 6uflt didde-byaaroontgiestionn as shewnay, block 212. This CST weight is

interpolated over the 18 subcarriers between pairs of adjacent training subcarriers as

illustrated by block 214 to produce resulting local CSI weights on line 216. These CSI
20 weights are then used to multiply the corresponding local data-bearing symbols
received on line 218, after they have been appropriately delayed as shown in block

220. Multiplier 222 then produces the soft decision output on line 224.
The normalization process improves the performance under selective
fading conditions.  Besides being convenient for amplitude scaling, the
25  normalization has a secondary effect of reducing amplitude variations of the DAB
signal which are tracked by Channel State Information (CSI) estimators in
subsequent stages of the DAB receiver. The improvement factor depends upon the
type of CSI estimation process used and the bandwidth of these estimation filters.

Furthermore the normalized signal uses a smaller dynamic range since the gain

30 through the FAC process is unity instead of a®. Matching the delay of the
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The nornmalization process inproves the performance under selective fading
condi ti ons. Besides being convenient for anplitude scaling, the 25

normal i zav¥oen9has a secondary effect of reduci ng anplitudeCVaEsIIER7FE@NS oOf
the DAB signal which are tracked by Channel State Information (CSI)
estimators in subsequent stages of the DAB receiver. The inprovenent

factor depends upon the .t of CSI tiJati .ocess .use nd the
bandvi dt h of CHISSIESTEM MER B oret [t HEinbit Ao HBpiAR D5d28rdnal
uses a smal | eferfymanicc range since the gain 30 through the FAC process is
unity instead of a . Matchi nrgmt he delay of the 14 WO 01/97416 _

PCT/ USO1/ 17565 conposi Teisiag gl uspdah a &/pidak ckarrlp 1 ptraedulaicmyterknigns o

i nportant for_go r i ica e for
2 Todut at i on VEdRARER Y RRERRGols Y fasa B0HAReR b b GRR s I 1

i ndependent ngiskighstichleAmddRldn subh bi GAKI Bhesed othdera pragmbid nthsdieh as
QAM i s used, then a pragmatic nethod of transform ng the detected synbols
into binary nEansfamipgde dsectedsymhelsinte binqrprglics nust beimplemenied fyerder ve

conbi ning of th C : 3 - 1decd si i rJmtion.
Sof t - deci si ontbvléi%agf%iﬂ% gg@ﬁ?ﬁgO%%I%?%§ ﬁg@;ﬁ@eﬁﬁg i 5rril?mﬁlr]gftg|CéC)SQé(€()g OB

conbi ni ng ( MREcisiar infohatient | y det ect ed QPSK subcarrier synbols is enployed
to mnimze | osses ove%%ége.cha el... in(%.11e3 the interference and signal

| evel s vary over the stBEar9{E l‘ieﬂ?‘e%ﬁ% §) Wik gV eighiipe PEKIERIE B e

fadi ng, tforfe'dbn%‘ﬁﬂ@%/ﬂ@@)afo? coHe@nﬂ&@Ee’c@H Q@tkuﬁo%n[é?%?xﬁgolfs?s éﬂ?ﬁ%&’ &Y

adj ust the weighting for the soft-Synbols.  The CSI estimtion teChni que
shoul d be deshygrmiretlossat ovamtbaleitrene. fSaaberthe rderdmerge land Sigoél layels vargboiet 13

Hz for maxi num vehi cl.e speeds i.n t.he FM band ar oun 00 . A Doppl er
Spread of svEp ARPHTEFS BER) i, PaF e Porisats fedti Jibg shaRL e
been measur ednfdtmea6me (ESY ii§ AEHIBN oS adaPtive Glijueingk valiging dbithe 3BTLAKiboS.

technique for estimting both the phase reference and the CSI fromthe

reference subBigrEPlessimagon fechnigiershorld belesipradrie apcommedatecsfadipgibgntwiddii nes
the anpl 'fSUdeonﬁa' tgha"bbﬂﬁli 517 f&%e@%hﬁ%@hicﬁ‘é bR SO D ERELANR R RIGViEA M 2
phase correctio or channel phase  errors.

A Doppler spread of several microseconds is typical, although larger spreads have

been measured in some environments. A functional block diagram of the technique

for estimating both the phase reference and the CSI from the reference subcarriers is

illustrated in Figure 8. This CSI weight combines the amplitude weighting for

20 maximum ratio combining (MRC) along with a phase correction for channel phase

€rrors.

A

a

22
)

CShweight =

where 4" is and estimate of the complex conjugate of the channel gain

and o ? is an estimate of the variance of the noise

The operation of the CSI recovery technique of Figure 7 assumes

acquisition and tracking of the frequency of the subcarriers, and the symbol timing of

25  the OFDM symbols. The frequency and symbol timing acquisition techniques exploit
properties of the cyclic prefix. The frequency and symbol tracking is accomplished

15



CSl wei ght 2 where a* is and estimte of the conpl ex conjugate of the
channel gain and 6 2 is an estimate of the variance of the noise The

oper ati ow@h1/913e6 CSI recovery techni que of Figure 7 assunET/USCIGUISES ti on
and tracking of the frequency of the subcarriers, and the synbol tim ng of
25 the OFDM synbols. The frequency and synbol timng acqui sition techni ques

s acconpl | SotERsSye Gon e Frelhfukom Mt TR P duly BBl 10

phase drift faemsssbbatiedsy synbol over time or frequency (across
subcarriers). After acquisition of both frequency and synbol tim ng,
synchroni zation to the Hfteickacpifitionat O&r Moy ifflﬁéu@PBK aﬂlﬂm ﬁ@@éqd@ﬁ@é» i's

attenpted 5 ofsrofitzatol {oeché‘BlPEE s%&keqa‘?ﬂeﬁf St @R ‘Eg@kd tns%&&e%‘ée Féf aence

with the blocK sync pattern eren I's per over
al | subcarsri esyscimssoniehgng ftiet diffefentibldy dbfectad (B‘PStKheequemerwmg tlwbbakrsyﬁcr sis
initially unknown. éhcro scor Lgl ation of _the knowq bl ock. sync patt%rn wth

the detect ed BRIFEL of he UFPreniiat dptertin isPeptorned pue. all bsuricky jsswning t
correl ation igedgckighd theRnfc®bESriok i@lihitiddy Qhﬁlﬁ)v@lf Ak@oﬁk&?&aﬁéﬂlﬁf 10

pattern is detected. Bl ock synchr oni zation (and subcarrier anbiguity
resol ution) ithe keswalblackisguc pdtem whib the dttectedbits obeah sulmarroan g pd:lﬁdzrmﬁds

neets or exce ds. t he hol.d crlt ria e rier atlons
spaced a mul t4 pgluBC%’flerl@r’éeE%@ r'¥ |d8‘f‘1§re ( %tfligfgi’}? §§#3:
est abl i shgd tﬁh@teﬁﬁ{sl &dceed i Blodis sh&h&d}@zaﬁeﬁfﬁaﬂd mbaﬁneﬂ@nﬁ%ﬁm?@é&lﬁﬁﬁ)l?@

decoded. The differentially detected bits of these variable fields are
deci ded on a mbdiﬁlilqdy when ethp arinsbesicplo subaaniert erralatiogs subrtarari exasedudhe t hat

decoding i s %ﬁ c%terla %%T%gs%bge%mgp ERfIAHRE 2 aceg mgllil :,éflsgﬁfl%@oc% [ypted.

The 16 bl ocks WI FEne are nunpered seq Fom 0 to
15. Then the dfh).of the bl ock count field is always set to zero since the
bl ock count never exceeds 15. Mddem 20 _frame synchrgnization i

est abl i shed with know eﬁ&@r Rpcks fyac By evablishadnife vadable fistds m #hﬁ\E&rﬁK §pping
provi des B nes% QRE' Ianj ?lfle &zmnﬂhlﬁgdétgﬁed ﬁﬁ%ﬁﬂ%e%ﬁﬁ‘gﬁ%ﬁfs aréyrmoI

i nf ormation tO ate etect an
dec1ded on a majorlty vote basis across the training subcarriers such that decoding is

possible when some of these subcarriers or bits are corrupted. The 16 blocks within
each modem frame are numbered sequentially from O to 15. Then the MSB of the
block count field is always set to zero since the block count never exceeds 15. Modem

20  frame synchronization is established with knowledge of the block count field.

This invention provides a near optimum method of combining the
FAC and no-FAC soft symbol information to demodulate/detect and compute the
binary soft decision from both the FAC and unprocessed signals, as shown in Figure
6.

25 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 signals. The invention is particularly applicable to
FM In-Band On-Channel (IBOC) Digital Audio Broadcast (DAB) systems where
first-adjacent FM signals act as interferers to the digital portion of the DAB signal.

30 This technique can also be used in a Hybrid IBOC FM DAB system to suppress the

16



bi nary soft decision fromboth the FAC and unprocessed signals, as shown in
Figure 6. 25 The present invention provides cancellation and/or notch
filteringvob1/9ame i nterfering FM signal's instantaneous frRODERCY1756
suppress the effects of interference fromFM Broadcast signals. The
invention is particularly applicable to FMIn-Band On- Channel (IBCC)

Di gital Audi o Proadcast _ (DAB). systens re fjrst-adjacent F i act
as interfer ereépef;ﬁ %ﬁ‘é‘te&fe W%Iﬁoﬁﬁﬁ}ef%%tWts}%la%%i(ﬁ#ﬂipownr% gqetg@gﬁi que
can al so be ugggiin a Hybrid I BOC FM DAB systemto suppress the 16 WO

01/ 97416 PCT/US01/17565 effects of interference fromthe host FMsignal to
the digital portion of WhidethaBnvesitignhhs baghidescribiaé ini tevehof whathabelinved at

described in ter 0 at is believed a resent . be the ferred
erbodi ment ¢ HupEy 1O e “BF ire Eed shPe i@l et Pkt % el By TR
that vari qus JMItHdfihGat iafNBatl Varlod€ ntidsEdBisa6l te tHead kIRl Senitvihentiads vé t hout
departing fromthe scope of the invention as set forth in the appended

claims. 17 Wonady withows degringsiemths ssopeviidhe inyention; agesgt fosth in thovapaspdest f or
reduci ng FM kﬂ&ﬁ%ference in an in-band on- channel digital audio
broadcasti ng system said nmethod conprising the steps of: receiving a
conposite signal including a signal of interest and an 5 interfering
signal; denodul ating the conposite signal to produce a first denodul at ed
signal; conmputing a first binary soft decision fromthe first denodul ated
signal; 10 processing the conposite signal to produce a processed signal
denodul ati ng the processed signal to produce a second denodul ated signal

17



conputing a second binary soft decision fromthe second denodul ated
signal; and 15 conbining the first and second binary soft decisions to
produce avoooempat signal. 2. The nethod of claim1l, wherrCTUSHIEL7S65ep Of
conbining the first and second binary soft decisions to produce an out put
signal conmprises the step of: 20 maximumratio conbining the first and
second binary“aﬁétczgci%ions. 3. The nethod of claim1l1, wherein the step
of processing 1S 3%5 Yie signal to produce a processed signal conprises

the step of: filtering the cAampesictefosirghring AM Thefareidomh af islbahdnok,
wherein the step of conputing a first 25 binary soft decision fromthe
first denpdul gheanelsiigishpudie bpradeassing Restapaspid ethod semprging eskpanél st at e
information for the fir . Sl | Lng. it he. nnel . state
information to conmpute %%%9§%3£?Eﬁkﬁggyhg%ﬁfngg@ggﬁgﬁggghgﬁﬁﬁéggi%ﬁkﬁ%

step of campuinterfpriagsgaeind bi nary soft decision fromthe second denodul at ed
signal conprises the steps. of estimating channel state infornation for the

second 30 denodul at ed s{ggrdulatingqthg GoRposike sighalnifeprodics @ firsl demeduldgad t o
conpute the ggg@nd binary soft decision. 18 WO 01/97416 PCT/US01/ 17565 5.
The met hod of aim1, further conprising the step of: delaying the
conposite signal prior ¢amptimgsd dpstobinaynediudedisioy fidme the dirpodérhedidatghal .
6. The nethod.of claim1, wherein the step of processing the 5 conposite
signal to prdﬂ@%@ a processed conposite signal conprises the steps of:

normal i zi pg the conposi@cskBBahe EdnfsREHigRaldo PRIGIBS 4 BRAEGRABRaML ©  signal ;
mul tiplying said conposite signal by a conplex conjugate of said

normal i zed conposite sidgredulasingrtbel prascysedbiggilgaairodure of secord dergodidited r eal
signal to pro&g&ﬁ;a filtered signal; and

computing a second binary soft decision from the second
demodulated signal; and

15 combining the first and second binary soft decisions to produce an
output signal.

2. The method of claim 1, wherein the step of combining the
first and second binary soft decisions to produce an output signal comprises the step
of:

20 maximum ratio combining the first and second binary soft decisions.

3. The method of claim 1, wherein the step of processing the
composite signal to produce a processed signal comprises the step of:

filtering the composite signal.

4, The method of claim 1, wherein the step of computing a first

25  binary soft decision from the first demodulated signal comprises the steps of
estimating channel state information for the first demodulated signal, and using the
channel state information to compute the first binary soft decision; and wherein the
step of computing a second binary soft decision from the second demodulated signal
comprises the steps of estimating channel state information for the second

30  demodulated signal, and using the channel state information to compute the

second binary soft decision.
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mul tiplying said filtered signal by said normalized conposite signal to
produce said processed signal. 7. The nethod of claim®6, wherein the step
of filtewagrearid real signal to produce a filtered signBCT/@SMBI7TEESes t he
steps of. 15 producing a carrier anplitude estinmate signal; delaying said
real signal to produce a delayed real signal; and subtracting said carrier

anplitude estinate signal fr@gélgl?{hgfig?u%g fu&ﬁﬁllecr .(%{I’%%{I’%ﬁlgs f gguce sai d

filtered signal. 8. The netho aimeo, furt sing the step of.
20 del ayi ng sai d nor nal ddsdng dtimposnpasits isignall proori torthe atephef deneplubifting the

mul tiplying said filtered signal by said normalized conposite signal. 9.
The net hod of CERASH? §18%%her ei n sai d conposite signal conprises: a

plurality of digitally G(de@E@%&k&b@‘&@élﬁfm@ﬁ?mﬁﬁf&i@@h@@@{;%prgéa_sﬁﬁg“ﬂﬁ@t ed

carrier. 10. The nethod of claim1, wherein said step of corbining the
first and Secomipdsitesigpalgoprodiee pprasassed oorppesita signahncomuprisas thsistepalofif ur t her
conprises the step of:1 bl eﬁd{'nnq é‘i r st e%nd. ) ctond %ignar so{s.t ddeci Si ons to
produce the output 30 %‘?rﬁﬁ‘ F g1]§ WL P8 PETTUS6 ZeC CPMPRSILC
recei ver for gig@e@j ving an FMinterference in an in-band on channel digital
audi o broadcasting signal, said receiver conprising: neans for receiving a
conposi te signal i ncl udMHHipAying gaisl compasiie steask by sneomplex moatugate; eigsad gnal

5 nmeans for dﬂﬁ%ﬁ-&@&n@%’sotsﬁg?i%{é%ﬁ%ﬁ&dﬁceslie%aﬁ'o produce a first

denodul at ed sign Ing a st’ binary soft decision from
the firstio denodul at ed Sitgig saidmeahnsgifabto podwesdiltged dignaipamdosi te signal to
produce a processed multiplying said filtered signal by said normalized composite signal

to produce said processed signal.

7. The method of claim 6, wherein the step of filtering said real
signal to produce a filtered signal comprises the steps of:

15 producing a carrier amplitude estimate signal,

delaying said real signal to produce a delayed real signal; and

subtracting said carrier amplitude estimate signal from said delayed
real signal to produce said filtered signal.

8. The method of claim 6, further comprising the step of:

20 delaying said normalized composite signal prior to the step of
multiplying said filtered signal by said normalized composite signal.

9. The method of claim 1, wherein said composite signal
comprises:

a plurality of digitally modulated sub-carriers and an analog

25  modulated carrier.

10. The method of claim 1, wherein said step of combining the
first and second binary soft decisions to produce an output signal further comprises
the step of:

blending first and second binary soft decisions to produce the output

30  signal.
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10 signal; neans for denodul ating the processed signal to produce a second
denodul ated signal; neans for conputing a second binary soft decision from
t he secomdo odenweul at ed signal; and 15 means for conbi ni nBCTA80HI766t and
second binary soft decisions to produce an output signal. 12. The receiver
of claim1ll, wherein the neans for conbining the first and second binary

soft decisions to produ an j : i fereHBARS 81 L.mum
rati o conmbi ning the fi ris:ita an qlg(té%ﬁﬂbligﬁéa}lﬂygggﬁhﬂ%ﬁggm Si zarrllsﬁI bfg&)&fhe
recei ver of cdhahmeltigitaMaedieibroddbasting sigsalf eiid preivessinngisiigie conposite
signal to produce a processed signal conprises. ans for filtering the
conposite signal. 14. THEMSOEISFEV 2 €7 P?ﬁltff}g‘\%g}c dipg h&ghrl pfdnieist
computing a £ fiihRlfreRhfafyas0f t decision fromthe first denodul ated
signal conprises nmeans for ~ eStimating channel state information for the
first denodul at ed si gnaingamndornéemeduiamng bsi ermpdsige chgnmaheb modue a first
information to co Lt|téa the first binary soft decision; and wherein the
means for co ‘i‘ﬂ‘@f‘% deUnd bi nary soft decision fromthe second

denodul at ed signal conPriesas féreadapitil £StilsMbidang LRaBaSios R hef fitation
for the 30 second denodul ated signal, and neans for using the channel state

i nformati on tdsmagipied €igkde second binary soft decision. 20 WD 01/ 97416
PCT/ US01/ 17565 15. The,fecekye roé)efssn[?%%&mc&%%?sﬁtléf sﬁ%u%@ 1§ PISddcE |an’i9l;ocg5%gcps for
or eno he

del ayi ng the conposite signa ri atin conposite signal .
16. The regceisigialof claim 13, wherein the neans for filtering the 5

conposite signal conprises: neans for .normalizing the conposjte signal to
produce a nornal i zed C@quréieg}ogﬁlgpl}g the processed signal to produce a second

‘demodulated signal;
means for computing a second binary soft decision from the second
demodulated signal; and
15 means for combining the first and second binary soft decisions to
produce an output signal.
12.  The receiver of claim 11, wherein the means for combining
the first and second binary soft decisions to produce an output signal comprises:
means for maximum ratio combining the first and second binary soft
20 decisions.
13. The receiver of claim 11, wherein the means for processing
the composite signal to produce a processed signal comprises:
means for filtering the composite signal.
14. The receiver of claim 11, wherein the means for computing a
25  first binary soft decision from the first demodulated signal comprises means for
estimating channel state information for the first demodulated signal, and means for
using the channel state information to compute the first binary soft decision; and
wherein the means for computing a second binary soft decision from the second
demodulated signal comprises means for estimating channel state information for the
30  second demodulated signal, and means for using the channel state information to

compute the second binary soft decision.
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means for multiplying said conposite signal by a conplex conjugate of said
normal i zed conposite signal to produce real signal; 10 neans for filtering
sai d realw@bgymlie t o produce a filtered signal; and neansP€DUSMA7565p] yi ng
said filtered signal by said normalized conposite signal to produce said
processed signal. 17. The receiver of claim 16, wherein the neans for
filtering said real signhal 10 produc fi.ltered signal conprises: 15
means for producing a carrie hedpﬁffiw?l?&%%tlgl’rrﬁ?@e%?o A& eans for del ayi ng
said real signal to progegas f@r delfygdhé eahpssigndbnal Rivd toRRASIAALNg the
subtracting said carrier anplitude estimte signal fromsaid delayed real
signal to prd@ﬁm@sﬁwlﬁnfﬂi |tered signal. 20 18. The receiver of claim 16,
wherein the means for fi(*.teri&ﬁ'ﬁgrels,&{/& of §&n ﬂ%?érei}lgh@{n%gﬁk% ?iltfel'ill%(? &d
signal conprises: neans Tor delaying sSard normalize conp05|{e signal prior
to the step oinpwsité sighalicogpsisésd filtered signal by said nornalized
conposite signal. 19. The receiver_of claim 16, wherein the neans for

normal i zing 25 the corpg¥istiar aorgrRbiring dhsrrorapesite sigaaktiorpdiges rrAglised d
conposite si he absol ute value of the conposite signal. 20. The
recei ver of g{agépr%g%%,glg\ﬁ/\ﬂér ein the neans for conbining the first and second
bi nary soft decisi ons tmeprsddumaltplyiog sadcosipgsitd signal bparconglexcompgases: 21

WO 01/ 97416 P /.HSOl/ 17565 neans .for bl egdi n If”SI- and second binary soft
deci sions to P _émalt"fP Cgmpﬁﬂfesgwﬁ]gﬂ_ﬂ? ¢ TR &8 ver for receiving an FM
interferepce in an in-bashsaHr AIEIRBREI 161Gidn| toaeiRe RrMANGESI1aNGmal gnal ,

sai d receiver conprising: 5 an input for receiving a conposite signal
including a signal of imeasedwr maighlpingi paiér fibeiedgsighajndy ; said normalized

composite signal to produce said processed signal.

17.  The receiver of claim 16, wherein the means for filtering said
real signal to produce a filtered signal comprises:
15 means for producing a carrier amplitude estimate signal;
means for delaying said real signal to produce a delayed real signal;
and
means for subtracting said carrier amplitude estimate signal from said
delayed real signal to produce said filtered signal.
20 18.  The receiver of claim 16, wherein the means for filtering said
real signal to produce a filtered signal comprises:
means for delaying said normalized composite signal prior to the step
of multiplying said filtered signal by said normalized composite signal.
19.  The receiver of claim 16, wherein the means for normalizing
25  the composite signal comprises:
means for dividing said composite signal by the absolute value of the
composite signal.
20.  The receiver of claim 11, wherein the means for combining
the first and second binary soft decisions to produce an output signal further

30  comprises:
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a first denodul ator for denodul ating the conposite signal to produce a
first denodul ated signal; a first processor for conputing a first binary
soft deciwoonyfmeomthe to first denodul ated signal; a fiPCEUSIIGN7565
processing the conposite signal to produce a processed signal; a second
denodul ator for denodul ating the processed signal to produce a second

denodul ated signal; 15 . f i : | y
soft decision from theﬁgéggﬁﬂglgg%ggﬁ%?% %?%@gmﬂgﬁgﬂﬁggﬁggﬁpgd&%
conbi ni ng t hethkiousplut sipalsecond bi nary soft decisions to produce an out put

signal. 22. The receiver, of c¢laim?2l], wherein .conbi ner, conbi.nes the 20
first and second bi nar yzkoftgﬂé@ﬂ‘éﬁi’f SRSV R aﬁé{ﬁﬁgﬁ’i{}?rﬁ?‘?edn@ﬂﬂ'ﬁiw g~ 23.

The receiver af,n6Li3i M knai¥BRI 8RS Sichhll $hid RIOGESSMprisfle: Computing a
first binary soft detision fromthe first denndulate3)3|gnal esti mates

channel stsat e i nfor mat i aninputrfor teeeivingst cadeprsde bighaddndudingk sigaaldofligtssest he
channel state ]é{;)arr#&o%gn‘tat.i on. t@, conpute the first binary soft decision; and
wherein the s& NFEHPSYe8%or for conputing a second binary soft decision

fromthe second denodul atied desb@nabor &stdeiRdeBisd R RMmpsEiad Sgidl i@ pretucon for
t he second denodul at ed S|gnal, and uses the channel state information to

comput e the seftsdempdidptpd signal; deci sion. 24. The receiver of claim?21,
further comprising: a delay ggc\é%sg)?sf{)g%%lﬁfﬁt% Q%ﬁstt%?na(f}p%@%e&goﬁ'@&ﬁlta‘%' or

to 30 denodul ating the conposi € receiver of claim
wherein the ffidst @émedunped sigsdl; 22 WO 01/ 97416 PCT/ US01/ 17565 a normal i zer
for normalizing the conposite signal, to produce a, normalized conposite
signal; a first nultipIPéﬂw¥8¥lﬁﬂﬂﬁﬁﬁgﬁhﬁGogﬁPﬁﬁ%ﬁﬁ$§§?ﬂ%o@wﬁﬁmeﬁ?wa
conpl ex conjag&ﬂe of said normalized conposite signal to produce rea
si gnal ; ’

a second demodulator for demodulating the processed signal to

produce a second demodulated signal;
15 a second processor for computing a second binary soft decision from
the second demodulated signal; and

a combiner for combining the first and second binary soft decisions to
produce an output signal.

22. The receiver of claim 21, wherein the combiner combines the

20  first and second binary soft decisions using maximum ratio combining.

23.  The receiver of claim 21, wherein the first processor for
computing a first binary soft decision from the first demodulated signal estimates
channel state information for the first demodulated signal, and uses the channel state
information to compute the first binary soft decision; and wherein the second

25  processor for computing a second binary soft decision from the second demodulated
signal estimates channel state information for the second demodulated signal, and
uses the channel state information to compute the second binary soft decision.

24.  The receiver of claim 21, further comprising:

a delay device for delaying the composite signal prior to

30  demodulating the composite signal.

25. The receiver of claim 21, wherein the filter comprises:

22



5 areal signal filter for filtering said real signal to produce a filtered
signal; and a second nultiplier for multiplying said filtered signal by
said now@bi/gads conposite signal to produce said processpAr/asgiEabes 26. The
recei ver of claim25, wherein the real signal filter 10 conprises: an
estimator for producing a carrier anplitude estimte signal; a delay device
for delaying said real signal.to produce.a del ayed real . signal; and a
conbi ner for subtractind gflﬁhzt?érfgf SPTHMHE Sll?ﬁcgglﬂ)ﬂ%t élgg?lgFPalprcfcfu(‘}%aﬁ
sai d del ayed fi@alisddddalpokide ippduce said filtered signal. 27. The receiver
of claim25, wherein the real signal filter conprises: a delay device for
del ayi ng sai d normal i ze#fieshrpdiaplics for grEiplypg eaid compesitetdigna) biig eoaiplex
filtered signgl. sad d: r Ry | 0S| S| | . 20. . The receiver of
cl ai m 25, Meég?%%%%sglggﬁa@%%?%gg 8&%5%%&&?50 I%flg@]l&g ?ﬁfs%%%gldi viding said
conposi t e ssi gnal by thea adaseigublefiNégl foe fidkring BEid GedMOSial & HiENae a ABred he
receiver of claim21, wherein the conbiner for conbining the first and
second bi nary sof tS#g&ei¥flons to produce an output signal further 25
conprises: a bl ending fi0 [ LSt e bi-nary..sof
deci sions to produce {ngggoﬁltdpfﬁuﬂgﬁ {g%gaflag %glE1§b1@1Qalﬁ B élgﬁgl by fdha
normalized composite signal to produce said processed signal.

26.  The receiver of claim 25, wherein the real signal filter
10  comprises:
an estimator for producing a carrier amplitude estimate signal;
a delay device for delaying said real signal to produce a delayed real
signal; and
a combiner for subtracting said carrier amplitude estimate signal from
15  said delayed real signal to produce said filtered signal.
27.  The receiver of claim 25, wherein the real signal filter
comprises:
a delay device for delaying said normalized composite signal prior to
multiplying said filtered signal by said normalized composite signal. '
20 28.  The receiver of claim 25, wherein the normalizer comprises:
a divider for dividing said composite signal by the absolute value of
the composite signal.
29.  The receiver of claim 21, wherein the combiner for combining
the first and second binary soft decisions to produce an output signal further
25  comprises:
a blending means for blending first and second binary soft decisions

to produce the output signal.
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