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BROADCASTI NG BACKGROUND OF THE I NVENTION This invention relates to nethods
and apparatus for signal processing, and nore particularly to such nethods
and apparatus for mtigating the effects of signal fades, tenporary

bl ockages or severe channel inpairnents in an in-band-on-channel digital
audi o 5 broadcasting system Digital Audio Broadcasting (DAB) is a nedium
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 anal og AMor FMsignal, or in an all dgmwmmmmmmmm

wi t hout an analog | o signal. I|n-band-on-channel (1BOC) DA uire
no new spectral allocations because each DAB signal is sinultaneaws y
transmtted within the sanme spectral mask of an existing AM or FM channel

al l ocatjon. || 0 um whi Le enabling broadcasters
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| BOC DAB appr oaches have been suggested. 15 FM | BOC DAB broadcasti ng
systens using have been the subject of several United States patents

i ncludi ng patents no. S, 465,396; 5, 315,583; 5,278,844 and 5, 278, 826. Mbre
recently, a proposed FM I BOC DAB signal conbines an anal og nodul at ed
carrier with a plurality of orthogonal frequency division nultiplexed
(OFDM) sub-carriers placdd LU INBAD) DMYBNGION129 kHz to 199 kHz away

fromthe FM cent frequency,, both h ve an 20 el qw the spectrum oc upi ed
by an anal 0g modul it AV RESE TERFE P MEROT AR ARPITEEE (AR BB PIORESTINES 8641 or ¢ h

in U Snoregfa@idul ¥y 105sRBOmBRdds RAEaFptratud forehin@tih®ihes bfittd 8PSIRHSI Pades,
broadcasting anal og and digital signals in a standard AM broadcasti ng
channeltempitianygblockageamprsevarh chamneh mppirmeds i duliadbend-paghannel digiteheydio WO
00/ 12}3 §k$ﬁT/%§0%/04060 signal having a first frequency spectrumis

br oadcas?? gga%ﬂiF%ude-nDdulated radi o frequency signal includes a first
carrier modul at edDigytapAuaRBAAISIsEHE ADPAB) doal medPmiLibt pREMIAE Migial-ghatital i ty
of digitally-nodul ated carrier signals are broadcast w thin a bandw dth

whi ch ediorperssios to pasting analeg bigadersing famatsy Rotieddy] aad &M RAR sigvals caped

carrier, 5, si I: t] LQifal pr J L. A
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bl ockagggphy, }Jagﬂésiﬁajvglggé}gsjg?gm&_ul | stereophonic audio to nonophonic
audi o. Sone gegree of mtigation is achi eved because the stereo information

whih i s nodul at eEMoIBQC dAB broadcasting 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 modulated 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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WO 00/ 51272 4 PCT/ US00/ 04060 Figure 1 is a block diagramof a DAB

transmitt SO WHIER can broadcast digital audi o broadcasti ngPETGRA0/a406%
accordance with the present invention; Figure 2 is a block diagram of a
radi o receiver capable of bl ending analog and digital portions of a digital
broadcasting signal in accordance withsthe present invention; 5 Figure 3 is
a timng diagram showi ng audio frame alignnment with a frame synchroni zati on
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fs to paraaaeﬁerw@qeframt@anw%resﬁpmnrfé Byl digital Mt%baog cagj gjgnal) Thgupethod
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frame synchronization signal to each of the modem frames. The modem frames are then
transmitted along with the analog portion of the digital audio broadcast signal, with the analog
portion being delayed by a time delay corresponding to an integral number of the modem
frames. The invention also encompasses radio receivers and transmitters which process

30  signals according to the above methods.
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In the absence of the digital portion of the DAB audio signal (for exanple, .
when the WM@%272is initially tuned, or when a DAB outage BCTWSB)04060he

anal og AM or FM 10 backup audio signal is fed to the audi o output. \Wen the
DAB si gnal becones available, the digital signal processor based

denodul ator inplenents a blend function to snmoothly attenuate and

eventual |y renove the anal og backup signal while blending in the DAB audio

signal such that fhied | 8018bldeRRidgharliota BARNrBRAIGSBNiEn bl BiobdiasDlighal no

occurs during channel outages which corrupt the DAB signal.
cor r upt awlio boadersting signals in aggotdancelvith tlw presedieinaygntiomye t hr ough cyclic

redundancy checki ror,, det ection.nmeans. In i ase the anal og
signal is gradual P&u&cg%‘bg{ofﬁ@&gfﬂogﬁf%? r%‘fﬁﬁ'ief)cﬁabﬁéﬁ%ﬂ%lf% analagAng: i ng
the DABdi%thlflﬁthi&&&CJT al Bital B8adtdStinfy dignd W hetoRlaBERHN R FBRhPRVIREM; t he DAB
corruption appears at the audio output. Furthernore, the receiver outputs

t he fnal og audi o EigyraB mieehenng diagmnDaBowing randid framst aljgnewehwith2o filameone
proposed dj gital. audi o ,broadcasting receiver design, the anal og backup

si gnal T‘glch%f’g@b%sgﬂgoldﬂfﬁdyl ated producing a 44.1 kHz audio sanple stream
(stereo in the cagpusd 4AMadhetoradBldckrdilBaimbiligsehting (HOBRNA imPnSerdiifar | ow
SNR conditions). The 44.1 kHz sanple rate is synchronous with the

recei vefor&M bybifid Péfbrespiverscl ock. The data decoder al so generates audio
sanples at 44.1 k aueyer naeh QUs. W th the 25
nodem dat a stream whreH AR "—”“JH’“’ erence cl ock.
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Figure 4 is a functional block diagramof the relevant portion of an FM
Hybri d DAWQ @¢dT2er. An AM Hybri d DAB recei ver woul d i ncl uteTneanh3o6o
identical functionality. 30 To facilitate the description of the invention
in Figure 4, program signal paths are shown as solid |ines, while control
signal paths are shown in broken liness; The signal input to the blend
function on line 100 is the conpl ex baseband nodem signal (sanpled at
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is responsive to some neasurenent of degradation of the digital portion of
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a part of this .15 invention owever. he. .pr.evi Qus) t1 oned ication
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si gnal .thathige Rasahand mifPwdllysidgicadblé.s al so split into the digital path 106
through its own filters to separate it fromthe analog FM signal. Block 122
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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 complex baseband modem signal (sampled at 744,187.5 kHz for
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interruptions in the reception of said digital audio broadcast signal, said
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said digital audio broadcast signal 5 froma digitally nodul ated portion of
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plurality of o fr e adj secqnd lity

Prames. PPogrstsbog; Bt dudis SFadon e tho wrn enelontad wr obeed 1 ¥ihdhe i o
the 15t epesBlondl @i%&»t&l' AR AfrhinkS twlféh‘h"v&'ldbtlé/ bela‘n'pdo%tr%f ﬁgﬁzﬁ i§ fipuesenhel by ?o of
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blend control signal 1s responsive to some measurement of degradation of the digital portion
of the signal. The technique used to generate the blend control signal is not a part of this
15  invention, however, the previously mentioned Application Serial No. 08/947,902 describes a
method for producing a blend control signal.

The baseband input signal is also split into the digital path 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 audio 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



11 arrangi ng a predeterm ned nunber of said first plurality of said audio
franes i rwooeartizof a first plurality of nodem frames. 5. Atwusoeidaesd of
claim4, wherein the step of producing a second plurality of audio franes
representative of said digitally nodul ated portion of said digital audio
broadcast 5 signal conprises the stepsg of: arrangi ng said predeterm ned
nunber of said second plurality of said audio franmes into each of a second
pl ural j ' £ ef l ng;: :
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The recgeiver of claimé6, .further co risin f econd
Bl ur ot TG PeadncgopPREG Ao faine eI ot SemeR i 6 1o d2ot G485 st o
saigl s%amapgwlﬂla'Mwﬂfﬁ@u%@lekeamﬁm dach maem%e/er of claimé6, further
conprising: neans for measuring an offset between said first and second

plurality of auduAcﬁezsher\Iahgynm qurop del aeagured and kngvgn Hiis errearssreirmvedd;yustu ng

d f d d
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adj usted second plurality of audio 30 frames to produce a bl ended audi o
out put the fiagiool saplie semplcTniggpdtonddd. In effect the fractional audio sample

15  Interpolator simply resamples the digital signal audio samples with a delay 6. The next step

in the realignment removes the integer portion of the sample delay error. This is
accomplished 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 audio output on line 138.
Although the frame ambiguity can be resolved only at Modem Frame
25  boundaries, the fractional audio sample portion (3 ) of the timing offset of the FSS 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 & over one modem frame
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pl ur al i't ywefoosuzizo frames representative of said anal og nodaratsesioqoer ti on
of said digital audio broadcast signal conprises: nmeans for sanpling said
anal og nodul ated portion of said digital audio 5 broadcast signal to
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said nodem franes. 12. hod of claim 11, further conprising the step
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00/5.] @éshmplihg) of the DAB audio signal to accommodate this clock error.
While the present invention has been described in terms of its preferred
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.



PCT/ USO0/ 04060 neans for producing a plurality of nodem franes, each of

sai d nodewa o@ste® i ncl udi ng a predeterm ned nunber of sai dprawaisoo/bdoasres;
means for adding a frane synchroni zation signal to each of said nodem
frames; neans for transmtting said nodemfranes and for transmtting the
anal og 5 portion of said digital audiojproadcast signal after a tinme delay
corresponding to an integral nunber of said nodemfranes. 15. The
transmtter of claim 14, further conprising: neans for tagging each of said
audio frames with a sequence nunber. 16. The transmtter of claim 15,
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produce an error signal;
adjusting said second plurality of audio frames in response to said error signal;
and
20 delaying the adjusted second plurality of audio frames prior to said step of
combining the first plurality of audio frames with the adjusted 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
25 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
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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 combining the first plurality of audio frames with the adjusted second
plurality of audio frames to produce a blended audio output.
20 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
25  frames to produce an error signal,
means for adjusting said second plurality of audio frames in response to said
etror signal; and
means for delaying the adjusted second plurality of audio frames prior to said
step of combining the first plurality of audio frames with the adjusted second plurality of audio

30 frames to produce a blended audio output.
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means for arranging said predetermined number of said second plurality of said
audio frames into each of a second plurality of modem frames.
11 A method for transmitting a composite digital audio broadcast signal
having an analog portion and a digital portion to mitigate intermittent interruptions in the
15 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 plurality of audio frames;
producing a plurality of modem frames, each of said modem frames including a
predetermined number of said audio frames;
20 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.
12. The method of claim 11, further comprising the step of:
25 tagging each of said audio frames with a sequence number.
13. The method of claim 12, wherein said sequence numbers comprise a
series of numbers extending over a plurality of said modem frames.
14, A transmitter for transmitting a composite digital audio broadcast signal
having an analog portion and a digital portion to mitigate intermittent interruptions in the
30  reception of said digital audio broadcast signal, comprising:
means for arranging symbols representative of the digital portion of the digital

audio broadcast signal into a plurality of audio frames;
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