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BACKGROUND OF THE INVENTION

This invention relates to methods and apparatus for signal processing, énd
more particularly to such methods and apparatus for mitigating the effects of signal fades,
temporary blockages or severe channel impairments in an in-band-on-chamnel digital audio

5  broadcasting system.

Digital ;f&udio Broadcasting (DAB) 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

10 signal. In-band-on-channei (IBOC) DAB systems require no new spectral allocations
because each DAB signal is simultaneously transmitted within the same spectral mask of an
existing AM or FM channel allocation. IBOC promotes 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 IBOC DAB breadcasting systems using have been the subject of several
United States patents including patents no. 5,465,396; 5,315,583; 5,278,844 and 5,278,826.
More recently, a proposed FM IBOC DAB signal combines an analog moduilated carrier with
a plurality of orthogonal frequency division multiplexed (OFDM) sub-carriers placed in the
region from about 129 kHz to 199 kHz away from the FM center frequency, both above and

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

One AM IBOC DAB approach, set forth in U. S. Patent No. 5,588,022,
presents a method for simultaneously broadcasting analog and digital signals in a standard

AM broadcasting channel. Using this approach, an amplitude-modulated radio frequency
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Simultaneously, a plurality of digitally-modulated carrier signals are broadcast within a
bandwidth which encompasses the first frequency spectrum. Each digitally-modulated carrier
5 signal is modulated by a portion of a digital program signal. A first group of the digitaily-
modulated carrier signals lies within the first frequency spectrum and is modulated in
quadrature with the first carrier signal. Second and third groups of the digitally-modulated
carrier signals lie ontside of the first frequency spectrum and are modulated both in-phase and
in-quadrature with the first carrier signal. Multiple carriers are employed by means of

10 orthogonal frequency division multiptexing (OFDM) to bear the communicated information.
Radio signals are subject to intermittent fades or bldckages that must be
addressed in broadcasting systems. Conventionally, FM radios mitigate the effects of fades
or partial blockages by transitioning from full stereophonic audio to monophonic audio. Some
degree of mitigation is achieved because the stereo information which is modulated on a sub-
15 carrier, requires a higlier ;:ignal—to—noise ratio to demodulate to a given quality level than does
the monophonic information which is at the base band. However, there are some blockages
which sufficiently “take out” the base band and thereby produce a gap in the reception of the
audio signal. IBOC DAB systerns should be designed to mitigate even those latter type
outages in conventional analog broadcast, at least where such outages are of an intermittent
20  variety and do not last for more than a few seconds. To accomplish that mitigation, digital
audio broadcasting system may employ the transmission of a primary broadcast signal along
with a redundant signal, the redundant signal being delayed by a predetermined amount of
time, on the order of several seconds, with respect to the primary broadcast signal. A
corresponding delay is incorporated in the receiver for delaying the received primary
25  broadcast signal. A receiver can detect degradation in the primary broadcast channel that
represents a fade or blockage in the RF signal, before such is perceived by the listener. In
response to such detection, the delayed redundant signal can be temporarily substituted for
the corrupted primary audio signal, acting as a "gap filler" when the primary signal is
corrupted or unavailable. This provides a blend fanction for smoothly transitioning from the

30 primary audio signal to the delayed redundant signal.

The concept of blending from a DAB signal of an IBOC sysiem to an analog,
time delayed audio signal (AM or FM signal) is described in a co-pending commonly
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broadcast signal from a digitally modulated portion of said digital audio broadcast signal,
producing a first plurality of audio frames having symbols representative of said analog
modulated portion of said digital audio broadcast signal; producing a second plurality of
audio frames having symbols representative of said digitally modulated portion of said
digital audio broadcast signal; and digitally combining the first plurality of audio frames
with the second plurality of audio frames to produce a blended audio output.

In accordance with a second aspect of the invention, there is provided a radio
receiver for processing a composite digital audio broadcast signal to mitigate intermittent
interruptions in the reception of the digital audio broadcast signal, the receiver
comprising: means for separatihg an analog modulated portion of said digital audio
broadcast signal from a digitally modulated portion of said digital audio broadcast signal;

means for producing a first plui'aiity of audio frames having symbols representative of



presents a nmethod for simnultaneously broadcasting anal og and digital
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smoot hl 'y repraqstadive e fdigdial tfdetion of the digital audio broadcast signal into a first
plurality of audio frames; producing a plurality of modem frames, each of said modem
frames including a group of audio frames from the first plurality of audio frames; adding a
frame synchronization signal to each of said modem frames; transmitting said modem
frames; and transmitting the analog portion of said digital audio broadcast signal after a
time delay corresponding to an integral number of said modem frames.
In accordance with a fifth aspect of the invention, there is provided a transmitter
for transmitting a composite digital audio broadcast signal having an analog portion and
a digital portion to mitigate intermittent interruptions in the reception of said digital
audio broadcast signal, compriéing: means for arranging symbols representative of the
digital portion of the digital audio broadcast signal into a first plurality of audio frames;

means for producing a plurality of modem frames, each of said modem frames including
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20 signal f; on line 22. Digital-to-analog converter 24 converts the signal to an analog signal on

line 26. An intermediate frequency filter 28 rejects alias frequencies to produce the

intermediate frequency signal f;; on line 30. A local oscillator 32 produces a signal f,, on line

34, which is mixed with the intermediate frequency signal on line 30 by mixer 36 to produce

sum and difference signals on line 38. The sum signal and other unwanted intermodulation

25  components and noise are rejected by image reject filter 40 to produce the modulated carrier
signal . on line 42. A high power amplifier 44 then sends this signal to an antenna 46.

Figure 2 is a block diagram of a radio receiver constructed in accordance with

this invention. The DAB signal is received on antenna 50. A bandpass preselect filter 52

passes the frequency band of interest, including the desired signal at frequency £, but rejects

30  the image signal at f, - 2f; (fora léw side lobe injection local oscillator). Low noise amplifier

54 amplifies the signal. The amplified signal is mixed in mixer 56 with a local osciliator

signal f,, supplied on line 58 by a tunable local oscillator 60. This creates sum (f, + f,) and
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DAB iy anBgi eqrayption is detected during the diversity delay time through cychc redundancy
checking (CRC) error detection means. In this case the analog signal is gradually blended
info the output audio signal while attenuating the DAB signal such that the audio is fully
blended to analog when the DAB corruption appears at the audio output. Furthermore, the
receiver outputs the analog audio signal whenever the DAB signal is not present.

20 | In one proposed digital audio broadcasting receiver design, the analog backup
signal is detected and demodulated producing a 44.1 kHz audio sample stream (stereo in the
case of FM which can further blend to mono or mute under low SNR conditions). The 44.1
kHz sample rate is synchronous with the receiver’s local reference clock. The data decoder
also generates audio samples at 44.1 kHz, however these samples are synchronous with the

25 modem data stream which is based upon the transmitter’s reference clock. Minute
differences in the 44.1 kHz clocks between the transmitter and receiver prevent direct one-to-
one blending of the analog signal samples since the audio content would eventually drift apart
over time. Therefore some method of realigning the analog and DAB audio samples is
required.

30 The transmitter modulator arranges digital information into successive modem
frames 82 as illustrated in Figure 3. A Frame Synchronization Symbol (FSS) 84 is
transmitted at the start of each modem frame, occurring for example, every 256 OFDM



whi ch can broadcast digital audio broadcasting signals in accordance with
the present invention. A signal source 12 provides the signhal to be
transmitted. The source signal may take many forns, for exXdApbest28A3anal og
program signal and/or a digital information signal. A digital signal
processor Wesk)sirased nodul ator 14 processes the source piasHoekdde 15
accordance with various signal processing techniques which do not forma
part of this invention, such as source coding, interleaving and forward
error correction, to produce in- phasg and quadrature conmponents of the
conpl ex base band signal on lines 16 and 18. These conponents are shifted
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initially a DAB outage occurs), the anal og AM or
processing of the signal samples. For instance, any delays are implemented by counting

signal samples instead of measuring absolute time or periodic clock counts. This involves

“marking” signal samples where alignment is required. Therefore the implementation is

amenable to loosely coupled DSP subroutines where bulk transfer and processing of signal

25 samples is acceptable. The only restrictions then are absolute end-to-end processing delay

requirements along with appropriate signal sample marking to eliminate ambiguity over the
processing time window.

Figure 4 is a functional block diagram of the relevant portion of an FM Hybrid

DAB receiver. An AM Hybrid DAB receiver would include nearly identical functionality.

30 To facilitate the description of the invention in Figure 4, program signal paths are shown as

solid lines, while control signal paths are shown in broken lines. The signal input to the blend

function on line 100 is the compléx baseband modem signal (sampled at 744,187.5 kHz for



10 backup audio signal is fed to the audio output. Wien the DAB signal
becones available, the digital signal processor based denodul ator
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The equi tfogﬁg@cﬂgaqqgﬁcgﬁugllg anal og backup signal is transmtted
simul taneously wth the | eading e e of the FSS. The encoded data Frane

whi ch hol ds the eBid kasgbend inp is algo pnik Byeriee idigiakrsth H4ohRygh 85 BV ane 0
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the past "separated by ‘exactl rsity d .
signal is “marked” with the FM audio frame allgnmcnt aﬂer appropriate adjustment for

20  different processing delay due to the splitter filters. This marking enables a subsequent
alignment measurement such that the digital audio frames can be realigned to the FM audio
frames. The digital signal demodulator 124 outputs the compressed and encoded data Frames
to the decoder 126 for subsequent conversion into digital signal audio frames. The digital
signal demodulator is also assumed to include modem signal detection, synchronization, and

25  any FEC decoding needed to provided decoded and framed bits at its output.  In addition,
the digital signal demodulator detects the frame synchronization symbol (FSS) and measures
the time delay relative to the marked baseband samples aligned to the FM audio frames. This
measured time delay, as illustrated by block 128, reveals the digital signal andio frame offset
time relative to the FM audio frame time with the resolution of the 744,187.5 kHz samples

30 (i.e. resolution of +672 nsec over an audio frame period). However, there remains an
ambiguity regarding which audio frame is aligned (i.e. O through 15). This ambiguity is

conveniently resolved by tagging each digital signal audio frame with a sequence number 0
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processi nowdabsis: | Nt roduced by the digital processing igrrusshiResystem the
delay being greater than 2.0 seconds, and preferably within a 3.0 - 5.0
second range. The anal og and digital audi o sanples can be aligned through
sanple 15 interpolation (resanpling), of one of the audio streans such that
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expense O&%ﬁ‘r €0 separati on. EIOI’ convenli ence, as .
illustrated by block 134 such that the realigned digital signal audio frames are synchronous

20 with the FM Audio Frames. The FIFO buffer introduces a significant delay which includes
the diversity delay minus the delay incurred by the encoder. The realigned digital signal
audio frames on line 136 are then blended with the FM audio frames on line 116 to produce a
blended andio output on line 138.

Although the frame ambiguity can be resolved only at Modem Frame

25  boundaries, the fractional audio sample portion (8 ) of the timing offset of the ¥SS relative to
the marked digital signal baseband sample should be measured at the start of each FM audio
frame. This allows smoothing of the fractional interpolation delay value & in order to
minimize resample timing jitter. The dynamic change in the error value & over time is
proportional to the local clock error. For example, if the local clock error is 10 ppm relative

30 to the DAB transmitter clock, then the fractional sample errord will change by a whole audio

sample approximately every 2.3 seconds. Similarly the change in 6 over one modem frame



bl ock 112, the FM stereo sequence is franed into FM audio frames of 1024
audi o stereo sanples using the FMaudio frane clock 114. These frames can
then be transferred and processed in bl ocks. The FM audi 02f Adged 28Q3] i ne
116 are then blended in block 118 with the 10 realigned digital audio
frames, wheooesmard able. A blend control signal is input pafrdstonaosd20 to
control the audio franme bl ending. The blend control signal controls the

rel ative amounts of the anal og and digital portions of the signal that are
used to formthe output. Typically thg blend control signal is responsive
to sonme neasurenent of degradation of the digital portion of the signal.
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20 defined by the following claims.



5 The audio frane anbiguity resolution discussed in the previous paragraph
can also be sinplified by encodi ng an exact nunber of audio frames per
modem frame. This requires a nodification in the audi o end®8egustd@ds t hat
variable length audio frames are not permtted to straddl e nodem frane
boundaries. This sinmplification can elimnate the need for the sequence
taggi ng of audio frames since these frHhes (e.g. 16, 32, or 64 audio
frames) 19 weul d appear in a known fixed sequence wi thin each nodem frane.
After the—afigrmment error is neasured and known, this error is renoved by

realigning the digitgl. signal. audi o Fr.anes. hy exactly thjs anount. This is
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frames on I.Htr;]:la 'Eli’ilG to r%&gjce a gg(fn_ded audi o output on line 138. Although
the frane SEAEIGHY yodulatebportian pisaid digftel apdiolygadrastsignsl; ands poundari es,
the fractional gaugiig c5aBRlS: ROHMurkiylor2liibHintds WitdnoLi Rl e FSS
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at the st afaudé freach todudi oblefdedramdicfhitimutal | ows snoot hi ng of the

fractional interpolation delay value 8 in order to mnimze resanple
timng jitter. The dynam c change in the error value 6 over tine is

proportional tqheRhCat clfmOr kudier ebmpFisihg GieadPsef: 1 f the local clock
error is 10 ppmrelative 30 to the DAB transmtter clock, then the
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2003 WO Oéﬁgﬁfﬁ%%&%ﬂ%g?&ggggﬁ%gﬁﬁgn%&f%&about one sixth of an audio

sanple. This step size may be too large for high quality audio. Therefore
the smoothing of 8 is desirable to mnimze this timng jitter. This

parti cul af bl eddeDpshasRffiaim; lo furghar somprsias BRsters ®bdul at or, the

measuring an offset between said first and second plurality of audio frames to
produce an error signal;

adjusting said second plurality of audio frames in response to said error signal;
and

delaying the adjusted second plurality of audio frames prior to said step of
combining the first plurality of audio frames with the second plurality of audio frames

to produce a blended audio output.

4, The method of claim 1, wherein the step of producing a first plurality of audio
frames representative of said analog modulated portion of said digital audio broadcast
signal comprises the steps of:

sampling said analog modulated portion of said digital audio broadcast signal to

produce symbols for said first plurality of audio frames; and



decoder, and fractional sanple Interpolator to operate w thout stringent
timng constraints, as 5 long as these processes are conpleted wthin the
diversity delay time such that the digital signal audio fPafegur2803
avai l abl e at the appropriate blend tinmes. The audio blend function of this
i nvention incorporates the diversity d?iay required of all the DAB | BOCC
systens. The preferred enbodi nent includes audio sanple rate alignnent
with a 44.1 kHz clock derived fromthe receiver's local clock source. The
10 particular inplenentation described here involves the use of

progranmabl e DSPs aper at i in.non-real-tj osed. to.real -tine
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Al t hough the transmitter and | ocal receiver clocks are nom nally designed

for 44.1 kHz audi o sanple rate, physical clock tolerances result in an

error whi nmu e I f
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described. in terns of its preferred, enbodinent, it will be apparent to
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descr i bed enmbodifthe thiki e ARRRY HufiBef S AMd QEoREARRIR of By Aidygnt | on as
20 defined by the Tollowing clalnms. 25 August 2003 10 AIM5 1. A nethod

f or pr ocedsimey izt cacipois tegomt] putadity alidbderh flrmeds.ast signal to nmitigate
intermttent interruptions in the reception of said digital audi o broadcast
signal, said nethod conprising the steps of: separating an anal og

nodul at ed gpor t i OradRf resa@ikel @l rocadsindutdompdsnadipast audidmnBhdcabt @eaptdi gital Iy
modul ated portion of said digital audio broadcast signal; producing a first
pl ur al i ty "tigataditerntitteptdteiaptiong is (hevetaption of waligital aydio broadaistisiganlal og
nodul at ed i.- j.d.digital audi o broadcast signal; producing a
second pl ﬁée)ﬁre%%l)g/&oc?};né%%%n “frames having synbols representative of said

di gi tally nodulnadags fqraepdratingodn Salok modilitad penidh of bai@ diig@abiudié gnal ; and
digitally conbining the first plurality of audig frames with the second

pl ur al i ty brepdeast sieBalifromadiginlly mefdwatedpostion gbenid dgntal Bidigbroadeast The net hod
of claim %ignfal”t her conprising the steps of: marking said second plurality
of audio franmds with a synbol representative of the alignnent of said
second pl ural i tyean$ fearpaddncingentst plurality of audio frames having symbols

representative of said analog modulated portion of said digital audio broadcast signal;
means for producing a second plurality of audio frames having symbols
representative of said digitally modulated portion of said digital audio broadcast signal;
and
means for digitally combining the first plurality of audio frames with the second

plurality of audio frames to produce a blended audio output.

7. The receiver of claim 6, further comprising:
means for marking said second plurality of audio frames with a symbol

representative of the alignment of said second plurality of audio frames.

8. The receiver of claim 6, further comprising:
means for measuring an offset between said first and second plurality of audio

frames to produce an error signal;



3. The method of claim1, further conprising the steps of measuring an

of fset between said first and second plurality of audio franes to produce
an error signal; adjusting said second plurality of audio 29 AngestiZR03
response to said error signal; and delaying the adjusted second plurality
of audio frames prior to said step of lgonbining the first plurality of
audio franes with the second plurality of audio frames to produce a

bl ended audi o output. 4. The nethod of claim1, wherein the step of
producing a first plurality of audio franmes representative of said anal og

nodul at ed portion of. said.digital audjo . broadcas signal conprises the
Sreps of - Sampieg® Loraaniis it Saft Bbeuth SPRTER bamey B Fonshty Bt o
broadcast egloggighail #hd pProduce synbols for said first plurality of audio

frames; and 25 August 2003 11 ar_r;ggi ng a Fre_det ern ned nunber of said
first pluralitynesfs Suidglaying the adiusted second pluealidyiobfudip frames pyigrupal ity of

nodem fra . of aim 4 erein the,s f preducing a
second pl LErB %’Ibllr?@g %%t%@ﬁgﬁ rogéélori:aﬁ?eggz\eﬁlh tﬁ&? isgce0 ng]p 1u§%é1|§‘t§ Ogﬁléclﬁf) gﬁqﬂ? >

modul at ed tperdduona blend&l shdéh gtpal audi o broadcast signal conprises the
steps of: arranging said predeterm ned nunber of said second plurality of
said audio franmes into each of a second plurality of nodemfranes. 6. A

radi o recej ver 1ian PEACEEELAY 6 AnFAIRARE {Tﬁa&’ 3 gﬁ)'dué‘iﬂg'b;ﬁr%?gﬁglﬁ Y signal to

mtigate intermttent interruptions in e reception-o ital audio
br oadcast asdigrfedmes refresanéatioe vé said anglog siodglatedgantsorf afrsasleligitadtudig an anal og
modul at ed portion of said digital audio broadcast signal froma digitally
modul at ed AR AlLHRl OBPHSE gi t al audi o broadcast signal : means for

produci ng a fi rsdanPkdtsaibliNe &id andbOmbiRERA JdRMNYT stdiata? audigPr €sent ati ve
of said anal og nodul at ed EOI’tI on of said digital audi o broadcast signal;

means f or bpeaddest sigmaldo d sphbela fartsgiddirstpldiabityf ofzrdio framésngndynbol s

i f iddigital] dul d [ id digital, audi
br adeast - si ondtems Rt oot Agrs e eBhEt sh gt by 8 A Blaifi T o
audi o framesnestintd chéteoSLBRNplurality of modem frames.

10.  The receiver of claim 9, wherein the means for producing a second plurality of
audio frames representative of said digitally modulated portion of said digital audio
broadcast signal comprises: 7

means for arranging said predetermined number of said second plurality of said

andio frames into each of a second plurality of modem frames.

11.  The method of claim 1, further comprising the step of:
using the first plurality of audio frames to produce an initial audio output prior

to the combining step.

12.  The method of claim 1, further comprising the step of:
detecting corruption of the digitally modulated portion of said digital audio

broadcast signal prior to the combining step.

13.  The method of claim 12, wherein the step of detecting corruption of the digitally

modulated portion of said digital audio broadcast signal comprises the step of:



plurality of audio frames to produce a bl ended audi o output. 7. The
receiver of claim®6, further conprising: neans for marking_said second
plurality of audio frames with a synmbol representative of 2? AWOH§t2§RFent of
said second plurality of audio franes. 8. The receiver of claim®6, further
conprising: neans for nmeasuring an offsget between said first and second
plurality of audio franmes to produce an error signal; 25 August 2003 12
means for adjusting said second plurality of audio frames in response to
said error signal; and neans for delaying the adjusted second plurality of

audio frames prior to ..conbining.the first. pl.uralit f audiq frames with
the second plurali tycyglllcrgag?dénffgwgmgtt%e %Ilgﬁ?ll C@ogulﬁﬁegﬁaxg@nﬁa?lg out put. 9.
The recei \gitadbhudib &td¥dBast Waesiei N the nmeans for producing a first plurality
of audio frames representative of said anal og nodul ated portion of said

digital audio broadcast signal conprises: neans for sanpling said anal og

nodul at ed jport ?H?&Eeiéélj(ﬂ‘cﬂh%:é %nl‘feyg%@})%g#gadcast signal to produce

synbols for said first pluralitfy of a anes; and neans for arranging a
predet er mi ned nngdne foraletestinglcdriuption i treadigitall yahoddated pottion of §diddipstal nt o
each of a first %uralit of dem frames. 10. The receiver of claim,
wher ei n tr?é‘d‘r?ij’éﬂ Ry Sigyp it reLombiAESsSPural ity of audio franes
representative of said digitally nodul ated portion of said digital audio
broadcast signal conprises: nmeans for arrangi ng said predeterm ned nunber
of said sdéond Theueesiver pf dfing d# dvhexeiditios eansder deteaingaohuptioranftbe ond

plurality pf. de rapes,. 11, The. methad of claim 1. further conprising
the step ﬁ@ta@g’i %H‘JI‘%%‘{TJ?QFPQIE OB?aEﬁlg‘igﬂg‘fuﬁ%o %fﬂﬁfcégfsﬂmgor?@“ﬁ?'oduce an
initial audi o QkdapYForlRtIR redbianbe cliRRPicIhe\digfAIBPmodlated PortivRtdFagidof cl ai m
1, further_conprising the step of: detecting corruption of the digitally
nodul at ed digital pedio bfoadeastisighdi t al audi o broadcast signal prior to the
conbining step. 13. The nethod of claim 12, wherein the step of detecting
corruption of the digitally nodulated portion of said digital audio
broadcast 1%l gnai ragléoeeceisasfot p@cedsiig adomposite digital audio broadcast signal to

mitigate intermittent interruptions in the reception of said digital audio broadcast signal,
the radio receiver comprising:

a signal splitter for separating an analog modulated portion of said digital audio
broadcast si gnal from a digitally modulated portion of said digital audio broadcast
signal;

a processor for producing a first plurality of audio frames having symbols
representative of said analog modulated portion of said digital audio broadcast signal,

a demodulator for producing a second plurality of audio frames having symbols
representative of said digitally modulated portion of said digital audio broadcast signal;
and

a blend control for digitally combining the first plurality of audio frames with

the second plurality of audio frames to produce a blended audio output.

17.  The receiver of claimed 16, further comprising:
a decoder for marking said second plurality of audio frames with a symbol

representative of the alignment of said second plurality of audio frames.



25 August 2003 13 cyclic redundancy checking the digitally nodul ated
portion of said digital audio broadcast signal. 14. The receiver of claim
6, further conprising: neans for detecting corruption of tR2AYIYEIEAP3Y
nodul ated portion of said digital audio broadcast signal prior to the
conbi ning step. 15. The receiver of clﬁ£g1l4, wherein the means for
detecting corruption of the digitally dul ated portion of said digital
audi o broadcast signal conprises: neans for cyclic redundancy checking the
digitally nodul ated portion of said digital audio broadcast signal. 16. A

radi o recei,ver -for_processin osite digital audio broadcast signal to
mtigate ﬁﬁt er r#hfetr%c%fvefﬂf@?’lﬂgﬂ)&iiﬁﬁg‘gﬁqqpﬁlém!gepepti on of said digital audio
broadcast si gnaheans fdiendadehiny SRy BEtweORIId Sishand SecShdplatal®Pbi aides for
separating an anal og nodul ated portion of said digital audio broadcast

signal fr S @0 piodHed 3p erpusigRed portion of said digital audio broadcast
signal; a proc%?e%@ﬁ ﬁr\%gjugt;ix?ééé% Qegzoﬁ‘ﬁl {Sg&%oﬁﬁﬁ*- M{cﬁ% h%%ﬁeffn r%é’pgo'fnge [falgs having

synbols representa ai d ana ated portion said digital
audi o br oadoasigndj grdal ; a denodul ator for producing a second plurality of
audi o frames having_ synpbols representative of said digitally nodul ated
portion of sai d@ngfarsdelaymgthe EBB%{%%PH‘%PWHW obpulinframenprirdpssigl f or
di gital |y om0 Rid fiedi L dr gl b j | hg;.second
ol tr a1 1 *5f Cacara e e g PhurliofcFabdif e ding @TRE Wcbha philgC
recei ver of aadiaifrees iGproflucet fislendedrandiosoutgnt. a decoder for nmarking said
second plurality of audio franes with a synbol representative of the

al i gnnent of said second plurality of audio franes. 25 August 2003 14 18.

The receiver ofrhglaieMet 6 clhist | H&IHFANMIE SoBGsorBARDdhQhe FERs Phirgy of f set
between said first and second plurality of audio franmes to produCe an

error si geudio framesgerresentatiyve of saidansdogimedeloted pottinnaifisaig digitahaedio franmes in
response %QOa%@e;sgsigﬁglrc:%{npﬁis&pal . and
means for sampling said analog modulated portion of said digital audio
broadcast signal to-produce symbols for said first plurality of audio frames; and
means for arranging a predetermined number of said first plurality of said audio

frames into each of a first plurality of modem frames.

20.  Thereceiver of claim 19, wherein the demodulator for producing a second
plurality of audio frames representative of said digitally modulated portion of said
digital audio broadcast signal comprises:

means for arranging said predetermined number of said second plurality of said

audio frames into each of a second plurality of modem frames.

21. A method for transmitting a composite digital audio broadcast signal having an
analog portion and a digital portion to mitigate intermittent interruptions in the reception
of said digital audio broadcast signal, said method comprising the steps of:

arranging symbols representative of the digital portion of the digital audio
broadcast signal into a first plurality of audio frames;

producing a plurality of modem frames, each of said modem frames including a
group of audio frames from the first plurality of audio frames;

adding a frame synchronization signal to each of said modem frames;



means for delaying the adjusted second plurality of audio frames prior to
said step of conbining the first plurality of audio frames_ wth the

adj usted second plurality of audio frames to produce a bl &hOegushgldd
output. 19. The receiver of claim 16, wherein the processor for producing a
first plurality of audio franmes repr egfnt ative of said anal og nodul at ed
portion of said digital audio broadca signal conprises: neans for
sanpling said anal og nodul ated portion of said digital audio broadcast
signal to-produce synbols for said first plurality of audio frames; and
means for arranging. a predetern.ned nunber of said first plurality of said
audio franes it‘%{‘%g@gtg‘%aﬁfm‘é(?%nﬁg’?esp ality of nmodem frames. 20. The

recei ver of cl afdrdi%ing'¥hiehdles bbiiof 8B ldaiar aldis biva@eieCii Bkl An&es find
plurality of audio frames representative of said digitally nodul ated
portion ofleksicerrespprdingto anydicarabnwabrs #4 said mpdam feamdsr i ses: neans for
arrangi ng sai d predeterm ned nunber of said second plurality of said audio
frames into each of a second plurality of nodemframes. 21. A nethod for
transm tti2ng aThemudsddicf ctiingi2l pfurtheciompbisidgdieastp ¢f gnal havi ng an anal og
portion and a digital portion to mtigate intermttent interruptions in the
reception of §%8H1gd‘?3§‘?t°§f‘hea‘[‘]%ﬂli%ﬁ5@8§ag‘€@s@e dirgj plyrality of pugdier frgacscBith 2i si ng

t he steps s?n{u'engerr{ |-ng synbols representative of the digital portion of
the digital"audio roadcast signal into a first plurality of audio franes;
producing a plurality of nodem franmes, each of said nodem franmes including

a group audjo fr s.fromthe first pluralit f audi o.franes; adding a
Frane. syndtir on EEROCPGHATT Lo Bheioid SNSRI FUBbTisscs ATSE 2003
15 transmphinbad efRhSinFBIGNR fiEANBRST s@BdddeANS4thdst | Ng the anal og portion of
said digital audio broadcast signal after a time delay corresponding to an

i ntegral nunber of said nodem frames. 22. The nethod of claim 21, further

conprising,the.ste f: tagqi each.of, the.audio franmes fr t fidst
Ul ty 24t " addegheibh ok ¥ih A, SAEkD it A% ks 'SR B MR S Sl i m
22, wher eiafidis afrBm&E Qe GE vaLABIE engkio NI &Rhaof @lid @fodefn fiAtED einslueest @ndi ng

over a plurality, of said nodem franmes. 24. The nmethod of claim 21, wherein
t he audi o Predsieaained shnpereofithe apdiqsirypes frany therfirst plurality of audio frames. -

25.  The method of claim 21, further comprising the step of:

receiving the modem frames and the analog portion of the digital audio broadcast
signal;

producing a second plurality of audio frames having symbols representative of
the analog modulated portion of the digital audio broadcast signal; and

combining the first plurality of audio frames with the second plurality of audio

frames to produce a blended audio output.

26.  The method of claim 25, further comprising the step of:
using the analog portion of the digital audio broadcast signal to produce an initial

audio output prior to the combining step.

27. The method of claim 25, further comprising the step of:

detecting corruption of the modem frames prior to the combining step.



audi o frames have a variable I ength and each of the nodem franes includes a
predeterm ned nunber of the audio franes fromthe first plgggbit 335 audi o
frames. 25. The nethod of claim 21, further conprising th gyt gpos3
receiving the nodem franmes and the anal og portion of the digital audio
broadcast signal; producing a second plurality of audio frames having
synbol s representative of the anal og dul ated portion of the digital
audi o broadcast signal; and conbining the first plurality of audio franes
with the second plurality of audio frames to produce a bl ended audio

out put. 26, The.net hpd, of .cl aj 5, .further rising the s of.: using
Che” anal ogBpor B maRo ety Fubescinit 1 abidiing o R ademan
initial et compRss th dtéyoft 0 the conbining step. 27. The nethod of claim
25, further conprising the step of: detecting corruption of the nodem
frames prior t&velifaredwidansy ehgcling e mslem garaes. 2003 16 28. The net hod of
claim 27, wherein the step of detecting corruption of the nodem franes
conprises the step of: cyclic redundancy checking the nodem franmes. 29. A
transm tteo. f orA trasssiteit fok BgnanieRiERo Sorhipositt didial aadidibeoadeaadigasithavingnal
having an analog portion and a digital portion to mtigate intermttent

i nt er r upt i38rdajag perdion raed e digital gTtoR tp Aligate intgritent iinkcaaplans & gwal |
conpri si ng, 8 I r tative of the digital
portion o?e%eﬁg&g%&{a%qlgﬁggg‘%%goragg%tgg tal’s(%g{gﬁ&:éht oafirst plurality of
audi o franes; nmemns fdromrgpemgugibglsareptesermdtivieyofahe digitehpdtianes theedightalof sai d

nmodem frames. .i ncl udi.ng .a grou f audi,o frames fromthe first plurality of
audi o frar?Bé‘,obﬁ%aélﬁ%StF‘ggalé’ﬁtgiaﬁﬁ&é’?‘?rﬁ%fg‘&%EW?’zati on signal to each of
sai d modem frafgsns SEROSGadY ab!@ﬁﬁ?otfkhd&nﬁﬁhﬂeﬂ%gﬁ{‘bf §ABRD 8R4
transmtting the analog portion of said digital audio broadcast signal

after a tiimeudieg agrovpof ewdio frdines from thefifshpluplity of avdisbfamest sai d nodem
franmes. 30. The_trapsm,t.ter of clai,m29. further c i Si Nng; ans for
Lo mg sach ofhE Biihgh SRt ficb i el s i ERRE Lo i 1
a sequence nuntbgdans ot traddiittineARIthbdedd frahesarall for @Shsmiiap BidunsRizGofRGAUENCE

nunbers conprise a series of ) ) ) )
of ‘said digital audio broadcast signal after a time delay corresponding to an integral

number of said modem frames.

30.  The transmitter of claim 29, further comprising:
means for tagging each of audio frames from the first plurality of audio frames

with a sequence number.

31.  The transmitter of claim 30, wherein said sequence numbers comprise a series of

numbers extending over a plurality of said modem frames.

32. The transmitter of claim 29, wherein the audio frames from the first plurality of
audio frames have a variable length and each of the modem frames includes a

predetermined number of the audio frames from the first plurality of audio frames.

33. A transmitter for transmitting a composite digital audio broadcast signal having
an analog portion and a digital portion to mitigate intermittent interruptions in the

reception of said digital audio broadcast signal, comprising;



nunbers extending over a plurality of said nodemframes. 32. The
transmtter of claim?29, wherein the audio franes fromthea}éirst %@gality
of audio frames have a variable | ength and each of the no AHgyst
includes a predeterm ned nunber of the audio franes fromthe first
plurality of audio frames. 33. Atransptter for transmtting a conposite
digital audio broadcast signal having an anal og portion and a digital
portion to mtigate intermttent interruptions in the reception of said
di gital audi o broadcast signal, conprising: 25 August 2003 17 a processor

for arranging synbols representative of the digital . port.jon of th di gital
audi o broadcast ograr’ FRGEEhE uSaR rebitFelhile ' P Sl ollon; 8 e
produci ng digitaplaudial brovddabt meehtor aMRs, pledity of asdb dramaefod prafB&ng Ac! udi ng
a group of audio franes fromthe first plurality of audio franes; and for
addi ng a fRlyAkYsSin@Adenifagmasogachselgsmd medesniames inplydingradE vl 0Aedio and an

por t1 on oft e aray e SeaRatity BPASH HRRE A dfling & AR drhliifhatann! 00
cor r espondigagl tb@adnof saittragdent frsued)and of sai d nodem franmes. 34. The

transmtter of claim 33, wherein the prpocessor further serves as neans for
t aggi ng each ofanéiﬁ‘ﬁﬁnaag‘?raﬁﬁ%@mml%ﬁu dnq E’Fégfalﬁ%ﬁ%f{ %qr)fmé‘?m%’éﬁ theranalogs wit h

a sequenc : o TRET LT L t i i guence
umbor e coentaeid Sl R TAOREN: P an 8ol el eBl e o BT
modem f r anetegraBimbin ef saidmedemtimmesf cl ai m 33, wherein the audio frames
fromthe first plurality of audio franes have a variable | ength and each
of the nodem franes includes a predeterm ned nunber of the audio franes

fromthe fiurst TeUrabhitier F cRUAIB, WheBSthe processor further serves as means for
tagging each of audio frames from the first plurality of audio frames with a sequence

number.

35.  The transmitter of claim 34, wherein said sequence numbers comprise a series of

numbers extending over a plurality of said modem frames.

36.  The transmitter of claim 33, wherein the audio frames from the first plurality of
audio frames have a variable length and each of the modem frames includes a

predetermined number of the audio frames from the first plurality of audio frames.





