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AUDIO BLEND METHOD, TRANSMITTER AND RECEIVER FOR AM AND FM IN BAND ON CHANNEL DIGITAL
AUDIO BROADCASTING

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 medilim 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



BOUNDARI ES DELAY=D 132 0 conbined with the second plurality of audio
frames to produce a bl ended audi o output. A nethod is also provided for
transmitting a conposite digital audio broadcast signal havyAdngusi2O8dal og
portion and a digital portion to mtigate intermttent interruptions in the
recepti on ovosmdierzdi gital audi o broadcast signal. The netbogssmagbi ses t he
steps of arranging synbols representative of the digital portion of the
digital audi o broadcast signal into a plurality of audio frames, producing
a plurality of nodem franes, each of the nodem franes including a
predet er mi ned nunber of the audio frames, and adding a frane

synchr onisigaili Bavirgy gnﬁdst tfieqeach spéctruine isTorbedoadts aie samplinele-maudRped§ faaies are

then transmtted.al th the' analo rt on of t digital audio

br oadcastreg¥gR%) st 0%3 anETSbgcaHbetrt H‘(ﬁ F%"\j%&i%ﬂ}gﬁnt siggalgel ay
corres posﬂhﬁl&n&cﬁls@n al pmagtyabf BigiHg  medulitbe cﬁfﬁaeﬁgﬁmmsmoﬂ&stwmtd on al so
enconpasses,_ r.adi Q receivers ghndggt ransm tters whi ch_process Si %nal S

accor di n§aRdvighvhigh RreoIRasics BRAYRREY seegfm-esh ligitly-mogeiredisytirn 4050 1

AUDI OsBL ON
CHANEL LB TR A O BRODEAST N BACRECORD CF TEEE TRVEN Qe ThY S

i nvent i ofadgiapdeqarmicy sighalsoliss }Xﬁhmaﬁﬁ‘ﬁafifé& freaueRny sncgiup %ﬁﬁdéé@@iuﬁﬁéed &hd nore
particul aﬁé&a&,ﬁ ﬁlﬁ?ﬁlerf%tm%ﬁ%réféqalaﬁ%ﬁ@% th'rnfar 'oqtaa}a talﬁg%.é?&lﬁzﬁg& s of

signal fades, orar(%; | ockages or severe ts In an
i n- band- Gﬁn@mgméﬂ hechuggidespf ﬂmmt(ﬁeqﬁclw mmwdwge gg@dtﬂeiml bh gi-phdse i o

B d | &
cuper | or TdaiSlhbi® uR FRE L Skt MUl W bt RN R
si gnalds ©tthogonal frequensyridivisien mwtiptekinp (QEDHY orkmar thihemmembrieated igforradtion.
dul d si I Al FM
modul ated stgnal - cRgK) il g GURESIKLY RI8A15ARLANARATHAN

signal, or in an a an ana
| n- band- caddmisemnetbroﬁdcmﬁg spAding y@dnem;hqneﬁm IFRvE radis rwv:gzﬁ@ﬂretafﬁbts af fadest | ons

poct 1ol SreaRa e et By il B R habord S b e e B o
econony dﬁg:s@eﬁhmgamomg hmmabédamg thdteradl hfisnatieh Whicls isppddnlatidgintedubqual ity
been Sug§ERFL I rE TRERB R A RS SR I ErCr AR OGP RAD SR he
subj ect aiie meMPhakic 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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interruptions in the reception of said digital audio broadcast signal, said method

comprising the steps of: separating an analog modulated portion of said digital audio
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 plurality of audio frames having symbols representative of
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interruptions .in the reception of said digital audio broadcast signal, said
met hod In accordance with a fourth aspect of the invention, there is provided 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; 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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up-converter block 20. This produces digital samples at a rate f, on intermediate frequency

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



25 August 2003 W) 00/51272 PCT/USOQ 04060 4 Figure 1 is a block diagram of
a DAB transmitter which can broadcast digital audi o broadcasting signals in
accordance with the present invention; Figure 2 is a bl ock28iAagustr2068 a
radio receiver capable of blending analog and digital portions of a

digital breasigasizeng signal in accordance wth the preseptri;pitk ON: S
Figure 3 is a timng diagramshow ng audio franme alignnent wth a frarre
synchroni zation synbol; and Figure 4 is a functional block diagram
illustrating the blend inplenentation, for FM hybrid DAB receivers.
DESCRI PTI ON OF THE PREFERRED EMBCDI NE?\ITS 10 Referring to the Figures,
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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



passes the frequency band of interest, including the desired signal at
frequency fc, but rejects 30 the image signal at f, - 2fif (for a | ow side
| obe injection local oscillator). Low noise anplifier 54 2/Upist@€808he
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creates sum (f, + fo) and 25 August 2003 WO 00/51272 PCTI USOQ' 04060 5
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blend technique shown in the functional block diagram of Figure 4. The blend

20  implementation of Figure 4 is intended to be compatible with non-real-time computer

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 thé 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



differences in the 44.1 kHz cl ocks between the transmtter and receiver
prevent direct one-to- one blending of the anal og signal samples since the
audi o content would eventually drift apart over tine. Thefef\yeest 26862

nmet hod of realigning the anal og and DAB audi o sanples is required. 30 The
transm tt ewomg@wrat or arranges digital information into pHEeRIGide nNodem
frames 82 as illustrated in Figure 3. A Frame Synchroni zati on Synbol (FSS)
84 is transnmitted at the start of each nodem frame, occurring for exanple,
every 256 OFDM 25 August 2003 WO 00/51272 PCT/ US00/ 04060 6 synbols- The
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in the blend chni que shown in the functional bl ock (?i%ggrgm of.bFi ure 4.
The blSendavzotionypPwershths Previowtly mepjipned Application SebNor /W03 HSSHEPH € with

non-r eal Ly {5OPMCRIp 2 IERGERPIRGnA!l the signal sanples. For instance, any
del ays are 1 npl enent eg by counting . signal sanples jnstead of nepasuring
absol ute time or pBhdhseshendinputsignalinelkso spifingo the digitglpath 106 through its own

filters to separate it from the analog FM signal. Block 122 shows that the DAB baseband
signal is “marked” with the FM audio frame alignment after 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



"mar ki ng" signal sanples where alignnment is required. Therefore the
inplenmentation is anenable to | oosely coupl ed DSP subrouti nes where bul k
transfer and processing of signal 25 sanples is acceptabl e25 AHgushaPY3
restrictions then are absol ute end-to-end processing delay requirenents

al ong w t hwappsps | ate signal sanple marking to elim natg-rargieiet Y over
the processing time window. Figure 4 is a functional block diagramof the
rel evant portion of an FM Hybrid DAB receiver. An AM Hybrid DAB receiver
woul d include nearly identical functipnality. 30 To facilitate the
description of the invention in Figure 4, program signal paths are shown as
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15 invention, however, the ﬁrevtously menti oned Application Serial No.

08/ 9%7, Jnterpglatar simply resamples e diggtal sigebandiq sygples Ay - Ghe RexbHiar . The
basebandy i AP YkalzhHRAY rdnfoval 38 %ﬁkée} potich bhandighpr! ddat Red06 e quah its

own filters toseparate it fromthe anal og FM signal. "Bl ock 122 shows t hat
t he DAB asepseiligipd by passing the fractionally realigned audio samples into a first in first out

(FIFO) buffer 132. After these samples are read out of the FIFO buffer, they are readjusted 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
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embodiment, it will be apparent to those skilled in the art that various modifications can be

made to the described embodiment without departing from the scope of the invention as

20 defined by the following claims.



15 Interpolator sinply resanples the digital signal audio sanples with a
delay S . The next step in the realignnment renoves the integer portion of
the sanple delay error. This is acconplished by passing t&eApgust2hal |y
realigned audio sanples into a first in first out (FIFO buffer 132. After
these sanples are read out of the FIFO buffer, they are readjusted as
illustrated by block 134 such that thel®ealigned digital signal audio
frames areygypchronous 20 with the FM Audi o Franmes. The FI FO buffer

i ntroduces a-stgnificant delay which includes the diversity delay m nus
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sanpl e pométiagd qopaprisgfg theeteps ofi ng of fset of the FSS relative to the marked
digital signal baseband sampl e ul d be asure t the start .of ,each FM
audio frane. fﬁ%ﬁgﬁgl %a%qcﬁl?aﬁ%d %cfrB?IﬁgF ?aﬂ‘ggﬁqﬁlﬁ@filqw?ﬁ)@icﬁﬁtl Sé@fabn del ay
val ue 8 i firod 8l6igitaly niddalatedFR @S sRldeadiitdTia08iol brdddRkst siBAgl; dynani ¢ change in
the error value 6 over tinme is proportional to the |ocal clock error. For
exampl e, if th@redyehe adirsicluislifoe! qudiorfameshavisigsymbelsgepresentativepisnid
transmtt : . . r wi || change by a whol e
audi o sa% gé%P%i%&%oé%gf@hggghgéw%@ﬁ§|{g?h5ﬁarI y the change in 8
over one nodemptoduning2SedorgiisiraBB0E MEc0drhdshaR i ngGCTIUSRGEN4EatHe ofi Ne i S
about one sixth of an udd; s_arrp#le., ;Eiis step size may be too large for

hi gh qual St% digitay rodpfptedpstian phsaid disialaudiy Bpadsaptsignaliandbl e to i ni ni ze
this timng ji I8 ' : ¥R FERA ' DAB
denodul at or, ttﬁiegq{agjéggﬂgglrn,ﬁ)@gra%g%%@E@%ﬁgﬁa{sl(ggmzfj e |W§r%§ﬁ§°g§\ﬁtﬁ%{“§ger ate

wi t hout stof eudje fitarries bd prydeenstleadadtagdicamitpl. | ong as t hese processes are
conpleted within the diversity delay tinme such that the digital signal
audio frames are avail able at the appropriate blend tines. The audi o bl end
function of thmeirﬁwmaf%imnlq%ﬂwi@bﬁmiﬁ%ﬂfﬁg«@rs%if:ty delay required of
all the DAB | BOC systens. The preferred enbodi ment includes audi o sanple
rate al i gmreing apid iseeond pluralitpof epdie Kragos iwioe $ymaral repsesentetive efthe | ocal

clock sourg Jﬁl%ﬁgﬁ)ggohhgymrﬁt io@hﬁg%%n%ts.i on described here involves the
use of programabl e S 0 erafryng Innon-real -time as opposed to

real -time hardware inplenentation. The alignnment nust

3. The method of claim 1, further comprising the steps of:

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



accommodate a virtual 44.1 kHz DAB cl ock which is synchronous with the
transmtted DAB digital signal. Although the transmtter and | ocal

recei ver clocks are noninally designed for 44.1 kHz audi 0284wgue 2088¢,
physi cal clock tolerances result in an error which nust be 15 accommopdat ed
at the receiver. The nmethod of ali gnmenf i nvol ves the interpolation
(resanpling) of the DAB audi o signal to accomobdate this clock error. Wile
the present invention has been described in terns of its preferred
enbodiment, it will be apparent to those skilled in the art that various
nodi fications can be nade to.the described.enbodinen A t hout. departing
from t ho scope BAPRE 2 PRGRIvTIA 2evSEoL R, nElRBATRE! sbt il hameFal . Oos
August 20GQsoacH b Mt Blurality et Mederh BranREocessing a conposite digital audio
broadcast signal to mtigate intermttent interruptions in the reception

of said digital audio broadcast signal, said nethod conprising the steps

of : separating u . td I Wl i Qc br oadcast
si gnal f?t')m a@?% ﬂogf ﬁ%&ué,ﬁ%gelgﬁet%t%oﬁro% %%%H“ﬁ’l“%‘g* gf br oadcast
si gnal ; praadivdirangesacpresentative of sdid digitally atvdubtddr pomien disaiddigisylridios
representative of, sa1i§g anal ng nodul at ed portion of said digital audio

br oadcast P&9agsast sighrlsgmprises He kPSRl plurality of audio frames having

synbol s repres%ﬁraﬁéih €418 s PWo T VI & 1N BY, L-a8 i beRiPIusai d digital
audi o broadcast si gngl E;11 %ﬁeéﬁﬁlhgllta?]l y con%slqﬁfng t(ﬁguﬁ(ﬁr}tst pfurua Ity of

audi o fr arfesnesiinth eatheofsescomu phraligy of modeoh framds.o franes to produce a

bl ended audi o output. 2. The nethod of claim1, further conprising the

steps of: marking said second plurality of audio frames with a synbol

represent & i ve OfadidRceidbd @BPPRRBEssHe SinshosRE BipstaPdudidbiohdcadf sighatlio franes.
3. The method of claim1, further conprising the steps of meaSuring an

of f set betpifigpic sefemnittpntdnteynptiensdo e reeaptiah of theakigital @ndjo readesst signalpr oduce

an error %&%@&%&' %tSin%g said second plurality of audio franes in
response to sard error siFgnal ; and del ayi ng the adjusted second plurality

of audi o franmesnguhb @t stgarsidrighmsdragahodulated portion of said digital audio

broadcast signal from a digitally modulated portion of said digital audio broadcast
signal;

means for producing a first 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;



conbining the first plurality of audio frames with the second plurality of
audio franes to produce a blended audio output. 4. The nethod of claim1,
wherein the step of producing a first plurality of audio #%Adgudst2003
representative of said anal og nodul ated portion of said digital audio
broadcast signal conprises the steps fg sanpling said anal og nodul at ed
portion of said digital audio broadcast®signal to produce synbols for said
first plurality of audio franes; and 25 August 2003 11 arranging a

pr edet er m ned nunber of said first plurality of said audi o franes into

each of a first it dem rrethod of ¢ a

Sherein the st P8 K ASUNERR RS CaLORRTETG PRI Tames Bidores

represent atloysighdl; &l d digitally nodul ated portl on of said digi taI audi o
broadcast signal conprises the steps of: arranging said predeterm ned
nunber of saudr@@@@ﬁaqslacrrlmth@9d19$te@3ﬁcaménhnrailtyf)fmﬁam%p@@rdh of a second
plurality em f rec faor essin corrp05|te
di gi tal g{%ffgg%fﬂg d’rﬁrﬁérah%ﬁfp\y 510 e|S§’Va1 e S REEr ﬁlp&rect %§ (gr r%'u fons in

t he recepttopfbdeteab&ndhcgamiaj owtprki 0 br oadcast signal, the recel ver
conprising: neans for separating an anal og nodul ated portion of said
digital audio broadcast signal froma digitally nodul ated portion of said
digital awdio gGast I ality of
aUdi o fr anes. e an s of flah®, whBER bt Pop Ll Afls  Ardchirafiy R

porti on ofaudiai frchntkisgeprasentative of baid ankdag modulgted| portieaotsaidatigipal @addioi ng a
second pl l]l)r aljity of audio franmes having synbols representative of said

di gi t al | y ORRAd6Rs 188215 OPIKISES of sai d digital audio broadcast signal: and
means for digi tradahy fG Qa0 Hh%&l& Bgalbg ﬁéﬁul@ieﬁrp%hi&rﬂ/of%gudwta@ ahdi§mes with the
second plurality of aud rames to producé a bl ended audio output. 7. The
recei ver dtoagiast mgbal tb praduse syobels farisaig: ﬁrnladn@hbmfamémkfmvgessamcu second

g;:lzialslef:g ngf pi’:ludﬁl‘%g? (gr;%gﬁ%ﬁ%l\émgfag)r?q,ei%@b OId num%%{' S'\fs sa1c¥ ﬁrs{ plura ty op salda au 5] ment  of

frames into each of a first plurality 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:



8. The receiver of claim®6, further conprising: neans for measuring an

of fset between said first and second plurality of audio frames tq produce
an error signal; 25 August 2003 12 neans for adjusting sai 4°4we 003
plurality of audio franmes in response to said error signal; and neans for
del ayi ng the adjusted second plurality %f audio frames prior to conbining
the first plurality of audio franes mﬁ% the second plurality of audio
frames to produce a bl ended audio output. 9. The receiver of claim§6,
wherein the nmeans for producing a first plurality of audio frames

b badeast “si onal conpriERRa el the BBt etk wli iR Gt i Stiear eo
portion ofdigiil dudlb bidadtasttighgl. broadcast signal to produce synbols for said

first plurality of audio franes; and neans for arranging a predeterm ned
nunber of said first plurality of said audio franes into each of a first

plurality of mﬁﬁé@efcéi%%ff'cl 6 H@e&@%ﬁéﬁ%ﬁ;:m claim9, wherein the neans

for producing a second uralitfy o ranes representative of said
di gi tal | y nodulmdaad fqaietactng cdrrgaiod of gl digikaligudodulatbd patioa st sHd gipdtal

conpri ses: ns for arranging said_pr.edeterm ned nunber of said second
plurality aﬁgﬁ’g’éf’ﬁ{caﬁﬂﬁn@aﬁr?%ﬁg@eiCﬁ‘frg’“?éﬁ%ﬁteﬁ-f a second plurality of nodem

frames. 11. The method of claim 1, further conprising the step of: using
the first plurality of audio frames to produce an initial audi o output
prior to Ithe clhetsessivey oftleim 14.2vherie teetbad fof detedingcorruptin dfghe conpri si ng
the step of:. detecti cor.ruption.of the.digitall dul at ed portion of

sai d di gi tdytaﬁﬁa]il‘?#ullag&o%cﬂﬁ%% iai“gﬂlﬁftalpaﬂjg@rdbrgﬁ(}qaﬁg%nﬁﬁqrﬂ?%&st ep. 13. The
nmet hod of cl ai fhekds POMSEIRS FedbBInsy EecRingdRd @i@{tmggm@@mmatpbﬁfbncsz shiae
digitally nodul ated portion of said digital audi o broadcast signal

conpr i ses digjtel gedip befadegtsigpgust 2003 13

16. A radio receiver for processing a composite 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.



cyclic redundancy checking the digitally nodul ated portion of said digital
audi o broadcast signal. 14. The receiver of claim6, further conprising:
nmeans for detecting corruption of the digitally nodul ated ®AHg¥H28P3said
digital audio broadcast signal prior to the conbining step. 15. The

recei ver of claim 14, wherein the neang,for detecting corruption of the
digitally nodul ated portion of said dig?tal audi o broadcast signal
conprises: means for cyclic redundancy checking the digitally nodul ated
portion of said digital audio broadcast signal. 16. A radio receiver for

processing,a C osite digita j 0 broadcast signal to mtigate

i nt er ni ttgﬁt i mfﬁ?b‘fefSh%a’inﬁll?’aﬁﬁgif‘gégﬁp%ﬁgof said digital audio broadcast
signal, the r asia@s R GRIVN@InCAGTNIBbAFeesadd BRAnERIcbAd SlurdlRy oSARMS at i ng an
anal og nodul ated portion of said digital audio broadcast signal froma

digitall yﬁ?ﬁ&ﬁlﬁhp@dﬂ?ﬁ)ﬂtftfmﬁ_sﬁlakai d digital audio broadcast signal; a
DO ot 01 o MY R AR L84 sHE Bty BF it RS, ARV Y ol

representative of sal no I'on of sal al™audi o
br oadcast esogsighdl; anddenodul at or for producing a second plurality of audio

frames having synbols . representative of said digitally nodul ated portion
of said digitaMe30¥fe dglaymedhes J§$ta41%ﬂ°9n%ala'raél%Pgwl%ﬁﬁmﬁwnw&ﬁ seigitally
conbi ni ng i : i & f Y] : ' ality of
i o 1 1 st of SoisBinifl e B ploraioy A o oA hOaaihtea SEBRREIPANL 2 | LY 2
16, furt hef achopminss tgproductecildaededfandionmxteitng sai d second plurality of
audio franes with a synbol representative of the alignment of said second
plurality of audio frames. 25 August 2003 14 18. The receiver of claim 16,

further cqopri ghegeceRABCIADE 1 SIBATYEih RSk %Jacéagélsfsi pRALMEER feaipthrhlid, S and

second plurality of audio frames to produce an error signal; meahs for
adj ust i ng aydipdragees sertessniatizag pf saidnadeglingdlatedwertion af ssidehgital medisai d  error
signal; a%goadcast signal comprises:
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 franes repregfntative 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

o ural sty 281 i dReod-et b, SAERDne A%uE s 'Rl BT RMAD o Sl i m
22, wher eialidis afr8m&E G GE vRLARE Nengip i 6&haof elid @Soden frames includes a

predetermined number of the audio frames from the first 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.



nunbers extending over a plurality of said nodem frames. 24. The nethod of
claim2l1l, wherein the audio franmes fromthe first plurali t¥ ﬁ\i‘ u%é@'g
frames have a variable I ength and each of the nodem franes P AP 0
predet erm ned nunber of the audio franmes fromthe first plurality of audio
frames. 25. The nethod of claim 21, f:[%t her conprising the step of:

recei ving the nodem frames and the analog portion of the digital audio
broadcast signal; producing a second plurality of audio frames having
synbol s representative of the anal og nodul ated portion of the digital
audi o broadcastsi | ; dc i,ning the first plurality of. audiq frames
M th e SBcondirtitied oS dm ST G by pf g cBrhidhncot Bt Medamy

out put. 2GramkRRomBlifethedfteprdfai m 25, further conprising the step of: using
the anal og portion of the digital audio broadcast signal to produce an
initial audi ocydiqgduysieney cheeking thegrpdsimiramgesst ep. 27. The nethod of claim
25, further conprising the step of: detecting corruption of the nodem
frames prior to the conbining step. 25 August 2003 16 28. The net hod of
claim 27, 28her A mahdngittet P ti@hsraieiRCd chrgpesite [digital @ndiebrdddeasteigasn havingnes
conpri ses thg_@fot ep of: cyclig¢ redundancy checking the nodem franes. 29. A
transmitt @ £ PeIHeR and;  ¢ligital gepion oo mHtigate Anteunitieny iBiespBenst insfhnal
having a LOn Lok L i to mtigate intermttent

i nterrupt ?%%Eﬁ‘{)ﬁr)lgﬁ%gf& %Qg@?g%agkﬁgg%al’%gﬁfgﬁgéudi o broadcast signal,
conpri sing: mneamsn$ dor arangingi sythbelsnteptesentaiveadahe digitaepation lof tltd digttall

portion of the digital audio, broadcast. si.gnal into a first plurality of
audi o f raﬁﬁé‘?%ﬁ‘f?gg?tf‘gFalb’?tBGLﬁthrPgur&ﬁtélo_éF‘é‘%lg%“@ > nodem franes, each of said
nmodem frames Irﬁ&hy%ﬂ&oaaﬂgw@1&511@%%90&&%%&, 8 b0&id hodbmPhar&l i ty of
audi o frames; neans for adding a franme synchroni zation signal to each of

sai d nodenndedings groupwé aedié frames asrthe fifshplusaditdofaydenfiamesres and f or
transmtting the anal og.portion of said. digital aydi roadcast si gnal
Lo time adrea)® R araBghsan v RugRkiol sl Rt eiSr AR oE Bl

frames. means for transmitting said modem frames and for transmitting the analog portion

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;



30. The transmtter of claim?29, further conprising: nmeans for taggi ng each
of audio franmes fromthe first plurality of audio franes ﬁﬁé@ a %ﬁg ence
nunber. 31. The transmitter of claim30, wherein said sequ oyl S
conprise a series of nunbers extending over a plurality of said nodem
frames. 32. The transmtter of claim29, wherein the audio franmes fromthe
first plurality of audio franes have a variable |l ength and each of the
nodem franes includes a predeterm ned nunber of the audio franmes fromthe
first plurality of audio frames. 33. Atransmtter for transmtting a

conposite digital audio.broadcast sigpal havi.] n.,anal. artiopn.and a
digital porti orf P8R Js)étaéranﬁlp%rsﬁﬂnh’g nﬁepﬁeﬁ%‘ﬁgﬁpq%i tgﬁsﬁ?%?tpﬁgmnr %@gﬁt i on of
sai d di gi tdditabudilio WroeRASas N300 firetOfTRalis] 80audld S for2Rdudidg
processor for_arranging synbols representative of the digital portion of
the di gi tPAyralifyaefompdesn deanas, §$C§n%ﬂp sqichppdgny frames fnolpding ayerewp &fidwdiof r anes;
for produg i g I . S
el i ng i dron® i bideaty OPARE REARERma 30E il £ Rethe RASIUEANE
franmes; anignhbo cacdofirgidanddeanfamysahd oni zati on signal to each of said
nodem franes; and an antenna far tngns jtting sai d_nodem franmes and for
lmﬁgmgl?

transmtting t 8 2FEPHIOT HEPEHIERS 6919430 %0 frri tngndting e anglogna)
after a tiJgg; e : . i Aonal r il m
Y K R i o B R
serves as integnabnifralyer of saydjinederadmimesf audi o franmes fromthe first plurality
of audio franmes with a sequence nunber. 35. The transmtter of claim 34,
wherein sai d sequence nunbers conprise a series of nunbers extendi ng over
a plurality of maitthnERARMF CRIBS3, IDeretNthel fratasdrtflifheralrvel Ak Mddds fpher ei n
the audio frames fromthe first plurality of audio frames have a variable
| engt h andaggitheash aftadisobianes Frometbe ifivetl Rierebityzof sndd Ermesriviidor pei¥bRe of t he
audi o fragps fromthe first plurality of audio franes.

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.



