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™~ (57) Abstract: A method for transmission of compressed data for a digital audio broadcasting system comprises the steps of pro-
ducing digital information representative of an audio signal; estimating the number of bits to be allocated to the digital information
in a modem frame; encoding the digital information within the estimated number of bits to produce encoded data; removing selected
bits from the encoded data; adding bits corresponding to digital messages to the encoded information to form a composite modem
frame; formatting the composite modem frame bits to produce formatted composite modem frame bits; and transmitting the format-
ted composite modem frame bits. The invention also encompasses transmitters that perform the method.
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Abstract: -A nethod for transm ssion of conpressed data for a digital audio
broadcasti ng system conpri ses the steps of pro- ducing di glﬁe%}udr}pﬁw ti on
representative of an audio signal; estimating the nunber of bits to
all ocated to the digital information in a nodem franme; encodi ng the
digital information within the estimated nunber of bits to produce encoded

data; removing selected biye iy ALY

cor r espondi-Ag—to—-6 3
conposite nodem frarre formattlngthe conposite nodem frane bits to
produce ’f" Jﬂﬁ(tet g¥retidorrrfent s Fefre bits; and transmitting the format-
ted conpfgi,fe ,é e“ fﬁ%}’@ﬂfg’””g‘fl‘f’ébef"ﬁventl on al so enconpasses transnitters
t hat perform t he et 3 February 2004 WO 01/ 15358 PCT/ US00/ 23185 1
METHOD AND APPARATUS FO? TRANSM SSI ON AND RECEPTI ON OF COMPRESSED AUDI O
FRAMES W TH PRI ORI Tl ZED MESSAGES FOR DI G TAL AUDI O BROADCASTI NG




BACKGROUND OF THE I NVENTI ON Thi.s invention relates to nethods and appar at us
for transmtting and receiving digital data, and nore pagt,:iegma ddpsa tO
such net hods and apparatus for use in digital audio broadcasting systens.
5 Digital Audio Broadcasting (DAB) is a medium for providing

di gi t al - qwal difiysss audi o, superior to existing anal og broagepgdehmsisd Or mats.
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 AM
or FMsignal, or in an all-digital forlmat without an anal og signal. In-

band- on-cha A requi r o new spectral allocations
because e %@gﬁw 1;%%%‘&%@@%&%@%‘%%% he same
spectr al ¢ i ; QRTLAED MESSAGES, FORPIGIHAR.

pronot es econony of spectrum %%ﬁppﬁ&rr@ﬂgadcasters to supply digital
quality audio to their present base of l|isteners. Several |BOC DAB

approaches have been suggasHEEROUNE GETHEARNESAEON set forth in U S

Patent No. 5,588,022,.presents a nethod for sinultaneous|ly broadcasting
anal og and di gi t al "¥% Ggron;reatgs o mefedsndppnasaty 5 danssuitng apheseieng Usi ng
thi s appupaeihdatd imamiré phdnlaly ub ah&d meAdiOald SHHARE oS LENR! digbaulag 2
first frequency spectrumis broadcast. The anplitude-nodul ated radio

f r equency ™ @GHHIE SY§FB} udes a first carrier nodul ated by an anal og program

signag . Sinmul t aneoystn, Ariid BéRAkAstive EDABIIOE btk fﬁﬁ%ﬁ%@%@%a@@@aﬁgs' gnal s

are broadcast within a bandw dth that enconpasses ' cy
spect r um2i g HPLRF o KISHYR #eipg|baadensting forneats. SBajih AM pnd I AR sigehlssan be por t i on

of a 20 chaflintiAdd iRr2AFHAM i \Phere élefdigiﬁﬁ)]g HofliRe® gxgltlzﬁ' Codhisttl it llc1}¥ E:\Eﬂ)e%‘ig at ed

carrier signals lies within the first frequency spectrum and i's nodul at ed
i n quadr Rf@EAEstAnelestAN oriFM sigadlr or inrangililigital fimatonighoahan anahigr sigrgk ols  of

the digi tghd g e ?%Sjlta)j?g%g E)%Ee 'rgcﬂﬁlj $olnk® Sgé&l‘ﬁll e 'fog{ Dalsk 'é:?ch [%%% quency

spectrum and are no _ i r_l-pﬁase and 1 n-quadrature w first
carri®r siggalds simyitinepprlie trensmitiedrvaithim the samp septrd sk vk am sxistingodMhowgdbal

it or mat + aan bR HOE AR bt ot Lo LR Bni R TR R o

sever al predigitdtgnelsy aphe enthsir preséntiase gf Reterend sSeMeral BB D ABOGprdactizd 5, 583;

5,278, 844, 6 a id B i.gnal | ne n_anal o
nodul at eﬁ' géal?ere ?grggg\%'t%ﬁ gnep S;}rl apl%é?{/{:h’osfe?%é—éﬁ tlr?c%?fbl\gf‘tse#t%goq éeérigg@%dl r‘fssg'?a%%ﬁ )
mul ti pl exeshodODMimslidneamiyr ibevadcastirac adalogn ahd edigiend)i sigmafsr ma3Qamia@uiaM 29 kHz

Fobr bary B0 BUBr e 05 BHSREN i CRER B Gt R erBa oS

carri er. havingh Frstfrefubrdy shBOE@mD¥Roadeast. The amplitude-modulated radio frequency signal

includes a first carrier modulated by an analog program signal. Simultaneously, a plurality of
digitally-modulated carrier signals are broadcast within a bandwidth that encompasses the first
frequency spectrum. Each digitally-modulated carrier signal is modulated by a portion of a
20  digital program signal. A first group of the digitally-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 outside 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 orthogonal frequency division multiplexing (OFDM) to bear the

25 communicated information.
FM IBOC DAB broadcasting systems 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. One
hybrid 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

30 about 129 kHz to about 199 kHz away from the FM center frequency, both above and below



system el i m nates the anal og nodul ated host signal while retaining the
above sub-carriers and adding additional sub-carriers in %hg 8917008 from
about 100 kHz to about 129 kHz fromthe FM center frequency. Thése

addi tional sub-carriers can transmt a backup signal that can be wused to
produce an output at the receivers igzst he event of a |loss of the main, or
core, signal. A digital audio broadcdsting systemthat utilizes a single
frequency network and gap-filling technique is described in "Radio

Br oaddasspenguiBysicepind bpi ai arallogAtabidolateldr lomsd a8 tcangr.( DAB)-digitdBOE@ DABr t abl e

And Fi xed ceivers", Euro el eco i.cations Standard ETS.300 401,
Second$dp ?ﬁwatw_ﬁe R (f@gﬁtﬁg‘wﬁt Sraa%l er_&f"d’ﬁ@&?%ﬂ Wo¥ o P CATIE AN c odi ng
tech NL3ske afl@iofl1 Bub RhrrRNOMP Fr@él@ﬁsaﬁléﬂn%ohf‘_l@o RHR29) Gbodt! BYUETS FroREthWOT K
DAB system One feature of digital transm ssion systens is the inherent

abi | i # centersfreqieneneldwsd gdditiemsd silb-chwiets chingiransméda hackup sagral diat &an begi t al
audi o | raforma ion i st o{ ttef\{x] corrgrr es&led fotr t bansm..ssi on over a.bandlimted
channdped RErodues Ap PRIPES gt thesregeivers W fheeyent of alpssol the maly; oF'oze. Sighal - o
information fromn gigshphedloRoRRGEtIMH SstdirBhataitilpRephokidI@feh¥enc} rerddRs down
to 96 kbps while maintaining the virtual -CD sound quality for FM | BOC DAB.

Fur t hend cgappitling i techrdguen it cleagiticdpin {Rddioe Bovadeastingt Sydterns;f igitpbodiudiver eo

audi o lity, i is u | fog t AM, DAB systemor.a l,owd atency
backugr‘%aﬁtﬂéi nég‘kc\ﬁgnni? Sﬁlfcﬁ’gﬂ?’heb&ﬁr@ig@ﬁ}é eﬁhxe‘%f %%Ctelw\%s tonpr 88% on
schenggicesmhRpicdAons? Blagdirat ETS B3O0C 201, eBeodl Medinbier Ielaf/i Mg (199R-0SRgTE4t S Of
audi o are encoded into digital packets of variable ength, i.e. audio
segeftaadat wis yiorl sigeptptading Jechpiquesofeyedigal pudio broedcgstingaired gnpgle

varyi | engt h. ey s generated by typical audio encoders are in
for rra?”s%q'tl%jﬁ nﬁ%oeﬁ?tfﬁg s?elqlg'i ent for transm ssion as an | BOC DAB si gnal .

There is a needmer faturef bf cdighil nebhalsiohOkydisnansivl gri dheddid abitigpttoon of
conpressed audi o frames for _digital audio_broadcasting.. SUMVARY OF THE
| NVEN$Peptapeoushc Sesmié ot digitizad; pudio padedata. oPigitab apdipemieraition He raftens

provi ded . foet RRdud Qhnisdd2B5d ﬁsl%]a‘ﬁﬂliﬂlfitegod'ﬂ&?fé.s &g 434Apf0Tit & %géit§zeltoaUdi 0
br oadcast| ng system conprising the steps of receiving di gital information
r epr esempass the difitalnscamel mfsingaian, fradnl 0 statdoncprapavt disézr(CiT) dbiapprokomattlye

W £ 13 Mbrs1 dBten 006 DU ccmaibiaShe S BHBEC ToaugHca bt 401 SHATHaEe: vi ng
03 Baerese el 4 8 ofhony B Sy sy g g
quality, which is useful for the AM DAB system or a low-latency backup and tuning channel
for the FM DAB system. Effective compression schemes employ variable rate source
encoding where fixed time segments of audio are encoded into digital packets of variable
length, i.e. audio segments of varying "complexity" are converted into audio frames of
varying length.
Audio frames generated by typical audio encoders are in formats that are not
efficient for transmission as an IBOC DAB signal. There is a need for an efficient method

for transmission and reception of compressed audio frames for digital audio broadcasting.
SUMMARY OF THE INVENTION

In accordance with a first aspect of the invention, there is provided a method for
transmission of compressed data for a digital audio broadcasting system comprising the steps
of receiving digital information representative of an audio signal, allocating a number of bits to
the digital information in a modem frame, encoding the digital information within the allocated
number of bits to produce encoded data, and receiving digital messages containing auxiliary

data, the method characterized by the steps of: removing selected overhead bits from



the encoded data; prioritizing the digital nessages; selecting bits of the
digital nessages having the highest priority to be added (peglxﬁgjf.}JMe bits
in the nodem frane; adding the selected highest priority bits of the
digital nessages to the encoded information to forma conposite nodem
frame; inserting redundant franme overhead data into the conposite nodem
frame bits to produce formatted co site nodemfrane bits; and
transmtting the formatted conposite nodemfranme bits. In accordance with
a secdhdermopatdatafprioniézing viendigoal, mdskages; sekcpingbitdeftha digittbmsssagdsdravingr a

digit udi o broadcasti onpri.sing, means for .receiving digital

infor?& 3@%@%@&&& ata%geff & aupilablicipts &1 Qamiodeg vati Kgme hersecteds bits
to sai Iﬂb@bﬁ&itﬁ!%%ﬁﬁé tidtal MhedsacEPRCHL fchadtRd iRREAEHIND 163 Rirfh Qlcgﬂn}éaéite
information within the all'ocated nunber of bits to produce encoded data,
and r enedewi frgmej igherting neslvadant srapwravarheiad gataurid thacpmgasite, modem frageshiist t er

characgterized_.by: ans _for repovi.n el ect over.he its from sai.
ot PSS sohbiand 30Bpole SR it s B R heate Rybbntd SaHBS G,
sel ectmhédnbirise Bfts.sai d digital nmessages having the highest priority to be

added to available bits in said nodem frame, neans for adding the_ selected
hi ghest pri orit ynpiccerdgpces sith @isgeensd asnesk o dbe tipvension. drsevdedovifet wat i on

to for . Sh- : i It . . .
over heaenFE FA b e PROE B Fune Wi g SR o0 ROAN b BRIon
conpostepresemeiemof namadiol dighal callbeamans ntgber bf Bitsta $did dipitahfdroianiohtiec

conposi t demframe bits, Transmtters that transmt digital audio
br onddBderh AR FREPENG said disgalimiormafion i the e BIAeR %4 PHs i Bgduce

I ncl udgehdedNgath NURD eOvidk S@igh Cﬁ@%%??%oﬁaﬂgﬂ%g@g%& TaEEEt &epﬁéﬁgﬁﬁﬁé} by

the nethod and transmttérs that p ormt e nodem Trane
f or matchatapietingleby mednarfat fenyovirig bdedtethoearherdahith fporhiselddencodetl dathameat

audi o/data field, .and.a header field. Each. of. the back core audio fields
el odatbloriind i i BEBSE: inednd ror SR Rnenhi el Rl RGeS Ay e
headerthd highekt Fﬁ@ﬁt;l‘ lousdadtieliSo 232N bR 1 P holenOf4ne3nd&nE @/ bR 8185 3
BRI EF DESCRI P11 ON OF THE DRAWNGS Figure 1 is a block diagramof a

t r ansriplected highestuptority bits iif gridadighialdnessagrsdadets enonded infermmationdde ferm a
B Sk R 6 RGBSR KA G b et T 2
modem frame bits to produce formatted composite modem frame bits; and means for

transmitting the formatted composite modem frame bits.

Transmitters that transmit digital audio broadcasting signals in accordance with
the above method are also included.

The invention also encompasses modem frame formats produced by the
method and transmitters that perform the method. The modem frame formats include a
plurality of backup core audio fields, an enhanced audio/data field, and a header field. Each
of the backup core audio fields includes a core audio frame, a cyclic redundancy check bit, a

redundant header field, and flush bits.



5 and encodi ng audi o and priori.tized data-packets in accordance with this
invention; Figure 3 is a block diagramof a receiver that ;Gadhp4Po8648
signals in accordance wth this invention; Figure 4 is a block diagram
illustrating a portion of the signal processing perforned in the receiver
of FigurevBoorkidsdsi gure 5 is a schematic representati on skhomuswg2uspreferred
enbodi nent of the nodemframe format used with the present invention;
Figure 6 is a schematic representationyshowi ng a preferred enbodi nent of
the backup audi o/ suppl emental franme format used with the present

invention; Figure 7 is hahdd by Wi ng a preferred
enbodi nent of the 15 b:%%p cor%I&gE I W]]ﬁ'gﬁm)demframe f or mat
used with the pres&igrd dvisnt ikdavk @agremeofBaj teansmigteth doranisecinr e pdigita randivi on
showi n .hﬁﬁﬂfs' ' t.a fi.eld of the
nodem 19 r gﬁgg %ﬁ%ﬁgﬁgﬁa\% t tﬁ%%%‘%@gﬁ@?ﬁ%ﬁﬁﬁ%ﬁ%ﬁ g’%rl?aveg{ll S a schematic
represent ati on shoWigug 2igps 8hetianeldbleskbdietiram nfustrétinghibe methdd od andtiphexager
fieldgof . at e i.t h e present.invention; 20 Figure
101 5% SR ndRitE b ARFor IR R Ll BB B ent of ¢ he
core nodem franme f &igwet 3 ssddock didgrdnnef preegeantthat cangbdessidgnals inseotdanaen AM
DAB syste‘tg}th @iﬁ%% org,l is a schematic representati on showi ng a preferred
enbodi nmen oﬁ‘ht e core audio block frame format used with the present
invention for use iFiguan4AMDbiBcls yizpenm illubtragiug e dctiors ofl iRCHigiahtpraessing
represent atj’t on dsh vvi?(%.a (gfrPef erred enbodi nent of the 25 enhanced nodem
frame forfat Ueed Wit th ﬁuées nt invention for use in an AM DAB system
Figuri®é 13 is a bl oFiguet Sdy assherhaticheprdehntici goaing Nprefefral agbddiaént BByhebe used
when practici this invention in a receiver for use in a digital audio
br oadcast’inﬂéfné ® %fr‘ﬁ‘ﬁ"dll‘?“gu BPTEFNT BV ok di agram of a data signal

i nt er](‘j ace that may EE@:&Jgeﬂa vdherRaticpiepeich@tidigstoehgl AWwreftrd Bmbddibert E%Egth ter
in a digital audi roa ting system. 30 DESCRI PTI.ON OF THE PR

ENVBODI I\/I%I\hagl"f-?eﬁ“g’r"?si“%e”f’?}‘%ﬁ @8?“5%%%%‘{7‘]"13? g‘ﬁ?@seﬂ myeitign:h| ock di agram of a
DAB tranzm’ tter 1g Figrt]\iﬂé zhs Eékiherb_ﬁm@ﬁa@htaﬁérg%\bﬂﬁngw efRrrBl aaﬁcsla?ﬁ&ﬂﬂagﬂgei gnalh S
in acgordance with the present invention. signal source 12 provides the
si gndl toﬁaﬁg“pc “r‘%@ﬁi"@%@.0%‘1*}?@%“6@#@81%?%5‘?56%9‘? ths pEssepb Hyenii9m) 0- 2001 1 3
February 2004USO00234dire 4 id a sdnematic representation showing a preferred embodiment of the

enhanced andio/data field of the modem frame format used with the present invention;

Figure 9 is a schematic representation showing a preferred embodiment of the
redundant header field of the modem frame format used with the present invention;
20 Figure 10 is a schematic representation showing a preferred embodiment of the
core modem frame format used with the present invention for use in an AM DAB system;
Figure 11 is a schematic representation showing a preferred embodiment of the
core audio block frame format used with the present invention for use in an AM DAB system;
Figure 12 is a schematic representation showing a preferred embodiment of the
25 enhanced modem frame format used with the present invention for use in an AM DAB system;
Figure 13 is a block diagram of the data signal interfaces that may be used when
practicing this invention in a receiver for use in a digital audio broadcasting system; and
Figure 14 is a block diagram of a data signal interface that may be used when
practicing the invention in a transmitter in a digital audio broadcasting system.
30 DESCRIPTION OF THE PREFERED EMBIDIMENTS
Referring to the drawings, Figure 1, is a block diagram of a DAB transmitter 10
which can broadcast digital andio broadcasting signals in accordance with the present invention.

A signal source 12 provides the signal to be transmitted. The source signal may take many



forms, for exanple, an anal og program signal that may represent voice or :
N d/or a digital information signal that may represgrtprigss60LSDaba{ s

12&;!%%@!{[ raffi'c information. ‘A digital signal processor (DSP) rmggsed

* nmodul ator 14 processes the source signal in accordance wth various known
si gnal processing techni ques, such as &ource coding, interleaving and 5
forward error correction, to produce in-phase and quadrature conponents of
a conpl ex base band signal on lines, 16 and 18. The signal conponents are
shifted_up in frequency, filt ( [ ladrednt Goite BF GhREc 8RB hNO
rate intd §’c@ﬁ\?é?‘%&%’ %?{c?géloé@%ﬁg?sﬁ%% E%_gré@%)ir tal .1sarfp,l es at a rate
fs, on kipiarmegdintien ipaleac ynayi gp@bent imessapd date sa¢h aDirgfficainfermatinal oy
converter 24 converts the signal tq an anal qu Si ggal on |l.i na§.26. An
i nt er medigialesignaggraseespr BSK) hased mpgulaiy d ¢RIOGASHESSINE PR ETA 4" AEC PR e
the 'interpedi.ate,freque i |, £l | i 30 A LORRY, iagslehlink Qhd32
or oduce¥1tH EFgRs, kngyT g]%%yﬁbﬁgﬂ%& tfe\%fgﬂl@%si 'gﬂﬁ% Xed Wt h tﬁée i ntermedi at e

f r ecglengyrwBidaRAr cOfrettidie td3Prodycarinsias8and quatramirceonspomenin ¢f dicofmplexnease
.signals. on line 38. The sum signal and other unwa t ed _i.nt.er nodul @Biﬁ%
conponebans signl Aoilines. 4 and dfe e P! FomBRNENL FE Shiftef Up n JFApencs) BYHEE t he

o a1 gt Gl e Sh bl s b o4 oo e PN 201 THATplobercidial e

sends tAlE’ t'o an“ant e method of this invention involves
the ef fiGifed anaOrateoiysin Mdridepiaex frequanty emadrfeseredingi % t Migdideanalogng

ith data nessage f A iority,. ti I . A
basi ¢ APANVeBE 24 SRS SHoHEGH th R AP EACR e Ata RbdueriE R |
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y g I

-sufTicien n erleaving tines to mt i.ggt.e the effects of fading
{and shogt localt agilata32npiodecch arsgnal fueoh s 34ravhipe sempedisi the iptegmgiiatg
audi o broadcastjng system. ,The.del.ay fo e, i il id ed.
audi o cHEMHFIFY égqglogxiggﬁ I%@s@( PR 3?7 he p&écrhgc'ltg i Sélﬁii(b)‘?dtg %%ggl ? frs'Ziltgrﬂleg‘%i/-loWever,
this dehgy sii$ Hgtal andicatiriinanteddheadvanitege canpernenmd BOE DABepystdy in
whi ch the invention may be used al ready enpl oys aﬁl di v?rsi ?y g%a

t echni qureagewlejech filtar 69t prasdurs trsmadplated capderdighal &y o fIgm AL oM ELIRYE]
secopnds wit.h r ect_t he. i A DAB system which includes

L di W&FF&%@%%@@%‘%ES@%%@§’.§ﬂe%g%%t 6,178, 317. An anal og or_di gital
time diversity si gnahlmdtsodofotiisdaderftion ifadves thaiefficien aud sotusomuldiplexieg o

odom i camBEssean ety i e b e esgeeb ! Y rgRrRER, e sk, "
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r epackage thtierdeompreessend audintion.ambis feraton imrasited faensble syfisicatlyilepsnt
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i nitiallysy be expected in a digital audio broadcasting system. The delay for the main digital

{ interleaved audio channel can be no less than the duration of the modem frame. However,
this delay is not a significant disadvantage since one IBOC DAB system in which the
invention may be used already employs a diversity delay technique, which intentionally

25  delays the digital signal for several seconds with respect to the analog signal. ADAB system
which inélud&:s time diversity is described in U. S. Patent 6,178,317. An analog or digital
time diversity signal is provided for fast tuning acquisition of the signal. Therefore the main

. digital audio signal is processed iﬁ units of modem frames, and any audio processing, error
mitigation, and encoding strategies should be able to exploit this relatively large modem

30 frame time without additional penalty.

A format converter can be used to repackage the compressed audio frames in a
manner that is more efficient and robust for transmission and reception of the [BOC signal

over the radio channel. A standard commercially available audio encoder can initially
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20 frame with an audio encoder 68. The amount of auxiliary data that may be transmitted is
determined by multiple factors. In the preferred embodiment, the audio encoder first scans the
audio content of the audio information in an audio frame buffer 70 holding the audio
information to be transmitted in the next modem frame. The scanning is done to estimate the
complexity or “entropy” of the audio information for that modem frame, as illustrated by block
25 72. This entropy estimate can be used to project the target number of bits required to deliver the
desired audio quality. Using this entropy estimate on line 74, along with the quantity and
priority assignments ‘of the data in the messages in buffers 60, 62 and 64, the dynamic
scheduling algorithm allocates the bits int the modem frame between data and audio.
After a number of bits has been allocated for the next modem frame, the audio
30 encoder encodes all the audio frames (e.g. 64 audio frames) for the next modem frame and
passes its result to the audio frame format converter 76. The actual number of bits consumed by

the audio frame are presented to the scheduler on line 78 so it can make best use of the unused

bit allocation, if any. The audio frame format converter removes any header information and
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be an effective megpg Bgrdaa&gtgla@&ép%ytﬁ@uﬁgﬁgr H@eﬂé&sa 4b b B8okifed ¥ 20 more
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prioritization can be accomplished by the type of message generated by the broadcaster. In

either case the prioritization is self-regulating, and higher priority messages are assigned with

discretion since there is some incremental cost involved, both to the user and to the broadcaster.

Of course the broadcaster will assign the rules and associated cost functions for his net benefit
25  while providing a potentially valuable service to his users and listeners.

The modem frame format and assembly function arranges the audio frame
information and data packets into a modem frame. Header information including the size and
location of the audio frames, which had been removed in the audio frame format converter, are
reinserted into the modem frame in a redundant, but efficient, manner. This reformatting

30 improves the robustness of the IBOC DAB signal over the less-than-reliable radio channel. For
transmission in the all-digital IBOC DAB muode, backup frames, based on data supplied on line
86, are also generated. The backup frames can provide a time diverse redundant signal to reduce

the probability of an outage when the main signal fails. In normal operation, the backup frames
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combmmg, FEC decoding, and error flagging of the audio and data information in each modem

frame. The data, if any, is processed in a separate path on line 126 from the audio on line 128.
The data then is routed as shown in block 130 to the appropriate data service. The data priority
queuing is a function of the transmitter, not the receiver. The audio information from each
25 modem frame is processed by a format converter 132 which arranges the audio information into
an audio frame format that is compatible with the target audio decoder 134 that produces the left

and right audio outputs 136 and 138.
In one type of hybrid FM DAB systemt an analog modulated carrier is
combined with a plurality of orthogonal frequency division multiplexed (OFDM) sub-carriers
30  placed in the region from about 129 kHz to 199 kHz away from the FM cenier frequency,
both above and below the spectrum occupied by an analog modulated host FM carrier. In an
all-digital version, the analog modulated host signal is removed, while retaining the above

sub-carriers and adding additional sub-carriers in the regions from about 100 kHz to 129 kHz
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This modem frame is presented to a Reed Solomon encoder and subsequent

20  forward error correction (FEC) and interleaving functions. The rate of the Reed Solomon

encoder determines exactly how many bytes comprise the modem frame before FEC encoding.

It should be noted that in the preferred embodiment, the Reed Solomon code words are encoded

systematically such that the parity symbols are in front of the information symbols. This

ensures that the flush byte (all zeroes) remains as the last byte presented to the inner

25  convolutional encoder. The redundant header field is located at the end of the modem frame to
ensure that it is coded with a separate Reed-Solomon code word.

The format for the backup audio/supplemental frame 148 of the all-digital IBOC

DAB system is shown in Figure 6. Each backup audio/supplementary frame includes a backup

audio field 150, a supplementary data field 152, a cyclic redundancy check byte 154, and a flush

30 byte 156. The two modes of operation include the 24 kbps core audio backup mode and the 48

kbps core audio backup. Although each BCAx frame holds 8 audio fields each of variable
length, the total length of the combined BCAx fields is constant.
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the modem frame_ and the backup audi o/ supplemental framés are partially

corr upt edmgl?%atteﬁée“&f*@P@rqfé@lk@?bﬁi&f:ﬁblﬁpyﬂFﬁ’é‘-‘aB@&te#|eI ds carry a core backup
audi g The backup audio/supplemental frame BASx is transmitted on the backup

channel sub-carriers during each pair of interleaver blocks over the modem frame duration. The
supplementary data field with cyclic redundancy check and flush bytes is transmitted only in the
24 kbps core audio backup mode. The supplementary data field is replaced with additional
audio information in the 48 kbps core audio backup mode. In the preferred embodiment, the
25 BASx frame includes 1152 bytes (after Reed Solomon encoding), in 8 Reed Solomon
codewords. Each BCAx field includes 576 bytes (after Reed Solomon encoding) for the 24
kbps mode, in 4 Reed Solomon codewords, or 1152 bytes (after Reed Solomon encoding) for
the 48 kbps mode, in 8 Reed Solomon codewords. The supplementary data field includes 576
bytes (after Reed Solomon encoding) for the 24 kbps mode, in 4 Reed Solomon codewords. In
30 the 48 kbps mode, the supplementary data field is not present. The cyclic redundancy check
and flush bytes are used in the 24 kbps modes, but not in the 48 kbps mode. The 24 kbps
backup audio mode enables the insertion of a supplementary data field with a throughput of

about 24 kbps. This field is intended for use as an independent broadcast messaging or data
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the 24 kbps mode, in 4 Reed Solomon codewords, and 1152 bytes (after Reed Solomon

encoding) for the 48 kbps mode, in 8 codewords. The core audio frame CAx holds variable

20 length audio frame number of bytes (before Reed Solomon encoding) in CAx fields indicated in
the header CAx fields ordered for improved error concealment. A one byte (before Reed
Solomon encoding) cyclic redundancy check is included, as is a one byte (before Reed Sclomon
encoding) flush field to flush the Viterbi decoder. The HCA header is 8 bytes (before Reed
Solomon encoding), and indicates the size of the each of the 8 CAx fields.

25 The enhanced aundio/data (EAD) 170 field format is presented in Figure 8. The
EAD is transmitted within the modem frame and holds audio enhancement information for 64
audio frames. The EAD includes a header field 172, a plurality of enhanced audio fields 174,
each including an enhanced audio portion (EAx) 176 and a cyclic redundancy check byte 178, a
data field 180, another cyclic redundancy check byte 182 and a flush byte 184. The preferred

30 embodiment of the EAD contains 13680 bytes (after RS encoding) for 24 kbps B/U mode, with
95 RS codewords, and 9072 bytes (after RS encoding) for 48 kbps B/U mode, with 63
codewords. A 64 byte (before RS encoding) header 166 indicates the size of each of 64 EAx
fields 168. The EAx fields hold andio enhancement information to increase the core




15 transmtted on the backup channel sub-carriers over each interleaver
block (0 through 7) of the nodemframe. The 8 BCAx franeg @, 5604
transmtted as part of the nodemfrane. In the preferred enbodihent, each
BCAx field includes 576 bytes (after Reed Sol onon encoding) for the 24
kbps nodewaooisbsikeed Sol omon codewords, and 1152 bytes (rafriusoo/f3¢gsd Sol onon
encodi ng) for the 48 kbps node, in 8 codewords. The core audio franme CAx
hol ds variable 20 |l ength audio frame nynber of bytes (before Reed Sol onon
encoding) in CAx fields indicated in the header CAx fields ordered for
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i ncludi ng ‘an audi o portion (EAx and a cyclic redundancP/
redundant with the HEA field in the EAD frame. The core aud.lo header includes 64 bytes
20 (before Reed Solomon encoding) in 8 headers duplicated from BCA’s. A single byte cyclic
redundancy check is included over all headers. The flush field includes 15-P zero bytes (before
Reed Solomon encoding), where P is the number of parity bytes, to flush the Viterbi decoder.
This redundancy provides additional protection against corruption of the important header
information. The enhanced audio headers (HEA) 166 are transmitted in two locations within
25 the modem frame (i.e., the RH field and the 8 EAD field). The core audio headers 182 are
transmitted in three locations (i.e., the RH and the 8§ HCA fields within the modem frame, in
addition to the 8 HCA fields in the backup audio supplemental (BAS) frames of the all-digital
IBOC DAB system). The HEA header information includes 64 bytes (before RS encoding)
indicating the size of each of the 64 EAx fields redundant with the HEA field in the EAD frame.
30 The core audio headers include 64 bytes (before RS encoding), with eight headers duplicated
from the BCAs. The RH field includes 144 bytes after RS encoding, with one RS codeword.

The RH Field also includes a cyclic redundancy check byte 184 and a flush field 186. The




check byte 178, a data field 180, another cyclic redundancy-check byte 182,
and a flush byte 184. The redundant header (RH) field forsrf%tbr&a‘}?Zb &4
presented in Figure 9. This field carries redundant infornation”regarding
the sizes (or locations) of the audio fields. It includes redundant header
field (HEWodAd8sscore audi o headers (HCAx) 186, a cycli cearackooziasscy check
15 byte 188, and a flush byte 190. The redundant header field carries
header information for the 64 audio fijrames within the nodemfrane. In the
preferred enbodi nent, the redundant header field includes 144 bytes (after
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field 196 and a_Redundant Header fi el 8, as shown in the diagram of
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Frame (Core or Enhancement). The Audio Encoder encodes all the Audio Frames (e.g. 32

(@]

Audio Frames) for the next Modem Frame and passes its result to the Audio Frame Format
Converter.
The AM DAB Core Modem format carries core audio information for 32 audio
25 frames, along with a dynamic data capacity. The Core Modem Frame is comprised of time-
diverse main and backup components. In the preferred embodiment, the size of the Core
Modem Frame is 30,000 bits (3750 bytes) before coding. CABx (x=0 to x=7) represent the core
audio blocks CSBO through CSB7 of 460 bytes each.
The eight Core Audio fields CABO through CAB7 of the Modem Frame are
30  transmiited redundantly as time diverse Main and Backup components. These Main and
Backup components are created in the FEC coding and interleaving process. The Backup
component of the All-Digital IBOC system are transmitted several seconds after the

transmission of the cormresponding Main component of the Core Modem Frame, The Backup




conposite Modem Frane is presented to-the CPTCM Encoder and subsequent ,
interleaving 10 functions. The format for the Core Audi o 35y g%r%gg% f the
Core Modemis presented in Figure 11. Each CAB includes a hea

Core Audio franmes 202, each with a cyclic redundancy check byte 204, a
spare bl ooko@@@sssand a flush field 208. The ei ght CABx fp&ngsoziige
transmtted as part of the core nodemfrane. In the preferred enbodi nent,
each CABx 15 field is 460 bytes beforeoding. The HCA header is four
bytes, indicating the size of each of 'the four CAx fiel ds. The core audio

frame CAX t byt I n CAX
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byte flush field of zeros is included to flush the Viterbi decoder.

The scheduler orders the incoming prioritized and packetized messages based
20 wpon some predefined rules. The simplest algorithm would simply place the highest priority
message packets in the front of the queue in chronological order for each priority class. This
algorithm would guarantee that higher priority messages would be transmitted before any lower
priority messages waiting in the queue, and the chronological order would ensure fairness
within each priority class. It also ensures that the highest priority message class will be
25 transmitted with the shortest possible delay of any conceivable scheduling algorithm. However,
this particular scheduling algorithm does not ensure that messages would be delivered within
guaranteed times for each priority class. Moreover, it is possible for a message of any priority
other than the highest to be in the queue indefinitely as new highest priority messages continue

to be generated.
30 The various frame formats have been carefully constructed to provide an
efficient and robust AM IBOC DAB communications system. Moreover, the frame formatting
enables important features of this design, which include time diversity, rapid channel tuning,

muiti-layer FEC code combining between main and backup channels, and flexibility in




presented in Figure 12. Each EMF frane includes a header Pda,ystypbgaal ity
of Enhanced Audio fields (EAX), each having a cyclic redundancy” byte 216,
a spare block 218, and a flush field 220. This frame 10 carries the
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of the corresponding Core Modem Frane, provides higher audio quality than
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t he stream on line 256. Format converter 258 converts the standard AAC bit stream to encoded

frame boundary information on line 260, and encoded frame audio information on line 262. An

20  allocation variance signal is also provided on line 264, permitting the modem frame data
allocater to allocate data on line 266 in accordance with the allocation variance signal. The
modem frame assembler 268 receives the encoded frame boundary information, the encoded
frame audio information, and the data allocated in accordance with the allocation variance
signal to produce the modem frame that is output to the air interface on line 270.

25 The scheduler orders the incoming prioritized and packetized messages based
upon some predefined rules. The simplest algorithm would simply place the highest priority
message packets in the front of the queue in chronological order for each priority class. This
algorithm would guarantee that higher priority messages would be transmitted before any lower
priority messages waiting in the queue, and the chronological order would ensure fairmess

30  within each prionity class. It also ensures that the highest priority message class will be
transmitted with the shortest possible delay of any conceivable scheduling algorithm. However,
this particular scheduling algorithm does not ensure that messages would be delivered within

guaranteed times for each priority class. Moreover, it is possible for a message of any priority



frame formats are designed for .the All-Digital AMIBOC DAB system The AM
Hybrid Frame formats are made to be conpatible with the AfeAdarei4 al
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IBOC DAB 5 interfaces in a receiver constructed in accordance with this
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2004 of reformatted generic compressed audio frames in the DAB modem frame in a manner that is

=

Om

transparent to the audio decoder. However some restrictions are placed on the audio encoder.

These encoder restrictions are related to the allotment of bits to various groupings of audio

frames. The new frame formatting enables time diversity transmission of audio information as

25 well as FEC code combining of the time-diverse audio segments in an all-digital system. This

time diversity feature and its compatibility are also maintained in the hybrid system, which uses

the analog signal as a time-diverse backup, as shown in U. S. Patent Application Serial No.
08/947,902, filed October 9, 1997, assigned to the assignee of this invention.

The present invention permits the use of a standard advanced audio coding

30 (AAC) encoder in a digital andio broadcasting transmitter. In the illustrated preferred

embodiment of the transmitter, the custom modem frame formatting is performed outstde of the

encoder, Similarly, the preferred embodiment of the receiver disassembles the modem frame

prior to using a standard AAC decoder to decode the audio samples.




WO 01/ 15358 PCT/ US00/ 23185 15 .other than the highest to be in the queue
indefinitely as new highest priority messages continue t@f®ngepeod ed.
More conplicated dynam ¢ scheduling al gorithns could be enpl oyed that
guarantee delivery tines for each priority class. A flow control nechanism
may al SO Wwoayefks 5 the acceptance of the nessage in thecpuswzids a
priority class when it is full. At |east the user knows whether or not the
delivery time is guaranteed. |f a partgcular priority class is full, the
user could schedule his nmessage in another priority class with a different
cost. ne, Advant a0gm0lud Mo S0Lkb Tk Skl SAREARN Wk AL LRSS
hang-up of |lower priority nessages en prrority ssages are
const ant leybbdiment, govilk foauedtrstoqd tydbioseiskified inHbe ars&lat Yeipes mndliﬁcaftions tandel0
service h iz I | IS
choosi ng ng sc?i%l(f (Faﬂos 5’?‘5‘39' V%ﬂmi%&ggrsng %e%g %&, %Q, unc g%nﬁlgnta%tséénabl e
t he broadmmstMHﬂmmaptlnize hIS servi ces. ThIS |nvent|on provi des a robust
method for the multiplexing and transm ssion of conpressed digital audio
frames along with digital data packets within a nodemfrane in In- Band
On- Channel (1BOC) Digital Audio Broadcasting (DAB) systems. This nethod is
15 designed to have m ni nrum adverse inpact on the digital audio quality
whi l e maxi m zing data throughput for nultiple nmessages with different
priority assignnments. The invention provides a flow control mechani sm
where a conprom se is optimzed, given assigned priorities of classes of
nmessage packets versus audio quality. A scheduling algorithmfor the

vari ous packet priorities multiplexes the data packets along with the
encoded audi o packets during assenbly of 20 the nodem frane. Additionally,
audio frame format converters are used to enable transm ssion of
reformatted generic conpressed audio franes in the DAB nodemfrane in a
manner that is transparent to the audi o decoder. However sone restrictions
are placed on the audi o encoder. These encoder restrictions are related to
the allotnment of bits to various groupings of audio franmes. The new frane
formatting enables tinme diversity transm ssion of audio information as 25
wel | as FEC code conbi ning of the tinme-diverse audi o segnents in an
all-digital system This tinme diversity feature and its conpatibility are
al so maintained in the hybrid system which uses the anal og signal as a
ti me-di verse backup, as shown in U S. Patent Application Serial No.

08/ 947,902, filed Qctober 9, 1997, assigned to the assignee of this
invention. The present invention pernmts the use of a standard advanced
audi o coding 30 (AAC) encoder in a digital audio broadcasting transmtter.
In the illustrated preferred enbodinent of the transmtter, the custom
nodem frane formatting is performed outside of the




encoder. Simlarly, the preferred enbodi nent of the receiver disassenbles
the nmodem frame prior to using a standard AAC decoder to Flegpgdaybigsaudi o
sanpl es. 3 February 2004 WO 01/ 15358 PCT/ US00/ 23185 16 Wil e the  present

i nvention has been described in ternms of its preferred enbodinent, it wll
be understood by those skilled in the gft that various nodifications can be
made to the disclosed enbodi ment without departing fromthe scope of the

i nvent i @hias: set forth in the clains. 3 February 2004 17 Cainms: 1. A

met hod for transm ssion of con'pt)_ressed data for a digital audio . .
broadcast i ng syst ém cofpfiediady fern Branspussions of rompressey datagiarar digitadravdia on

represe i i i |.Loeat i ng.: 2 i 3 i
i g1 T ol AP Rl b GBS 1 ps T RS I BHIRST P forflsb el SR
wi t hi n ado signel; adlledatmgrb erundfer bift Isitst o paid ddigeal einfrchmtionldh as mealesh framej vi ng

di gital nessages, ¢ontai ni ng. auxil.i ar ata, the nmethod characteriz by the
ot Sos o PRERSER SRR B ki T wIReRa mPenp B o GHo chsnepded data
priorit i RdeivigligitQinicalagbPeiAARRy 28RS d0Y tR hStnBd cﬁ@fmeﬁiieeib&%i&e Bssages

havi ng the highest priority to be added fo available bits in said nodem
frane; &Hding the sel ected highest priority bits of said digital nmessages

to said encoded | . I t o f.or onpas; t e dem frame; inserting
redundant frane o%/ée}lﬁ%é%&?j% é“’?’ﬁ hga&ﬁ%ﬁ*glgﬁsgsqn{:%&%b% frame bits to
produce fornattedpdonasg tad dpdenméssags; bits; and transnmitting the

formatted conposite nodem frane bits. 2. The pethod of claim11, further
characterized in fHestinghts of s3d digitahmesages haying the Risestpriopti to hepdded tp

di gi tal 4y BleMBiR hill hole .frame, conprises the steps of: storing said
digital information in a buffer; and estimting the entropy of said

di gi tal informati adding the selected highest priority bits of said digital messages to said encoded
information to form a composite modem frame;

inserting redundant frame overhead data into said composite modem frame bits
to produce formatted composite modem frame bits; and

transmitting the formatted composite modem frame bits.

2. The method of claim 1, further characterized in that the step of
allocating a number of bits to said digital information in a modem frame, comprises the steps
of:

storing said digital information in a buffer; and

estimating the entropy of said digital information.

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

multiplexing said digital messages and inserting the multiplexed digital messages
into said composite frame data.

4, The method of claim 1, further characterized in that said modem frame
includes a fixed number of audio frames, said audio frames having variable lengths.

5. The method of claim 1, further characterized in that the step of encoding
said digital information within the estimated number of bits to produce encoded data
comprises the steps of?

arranging the bits of digital information into a plurality of backup frémes and

an enhanced audio frame,



3. The method of claim1, further characterized by the steps of:

nul tiplexing said digital messages and inserting the multipEgxesh oght al
nmessages into said conposite frane data. 4. The nethod of claim 1, further
characterized in that said nodemfrane includes a fixed nunber of audio
frames, said audio frames having variagje lengths. 5. The nmethod of claim
1, further characterized in that the step of encoding said digital

information withig theTkshietidest MRS futheDétagacteRizBd adufe tipnsiedetdigaiia
conprises the steps of arranging the bits of digital information into a

pl ur al i Ijorgratign cloy prid rbackep drnesamnd shdnentaneadd pedie r farae ae Rawpersy yo 2504 18

6. The J n..af urther characterized in that the bits of digital
inform%%ﬁ%gﬁga%;m@%&g'franes and said enhanced audio frane are

arranged to be subseqAenirsyita@d@Or forba digital dudid Hroalossting tsgsterh 1éhmprizinga

di gital audi roadcasti ng system cqnprising .meaps (14) for receiving

di gi t al mie?ﬁso&ﬁ’rgtf?'bFFCFféfB}geglé TP SPrEHABYS Pgﬁ&ﬁ,ug%m pighakt allRsating Gunber
of bit splfb&airbidha@bdidligiaf ki8R it B nddEROSINS, 'Rl bl islHadingi t al
i nfor ma?i_ on W thi n tlhelgél If(gl(rg(glltﬁ{eaciI mIJrrbg?b g% bi ti’ e?@é?%%ggggg%é%ggat at a,
and r ecwithinnige dillg¢ated nupbsaafelits toarrbdiicai angodedxdaltd, any rexivang tilpitat massagist t er

characterized by;..mean 7 far, removin el ected overhead bits fromsaid
encodedcca%%uélflga@%ﬂ%@%ﬁéw%?S_nﬂﬁ?rpcsﬁaftf?%&sbé’ai d digital nessages; means
(84) for sel ecti ngielist(F60for scxhdlist @ldcdd JRARAGBEs Homishil dnbsdddiahest
priority to be added to available bits in said nodemfranme. means (80) for

addi ng the sel ect Bgansi (§hkior pyipridaing seidigialonessages; di gital messages to said
encoed, 1l o | bl L. RSN TR AR A0 RLILARTFLON
pr oducetofteradded echvaiaiebits i saitlederh fiante. bi ts; and nmeans (46) for _
of "Gl i m 7. f urt hEFETIAP bO¥ ST BBANS FIEHATIEHS! FuaHt bp b9l RENaER |
.o ol OB R0 et 0, 500 A B oE B
i nf or mafrioa overhead data into said composite modem frame bits to produce formatted composite

| modem frame bits; and

means (46) for transmitting the formatted composite modem frame bits.

8. The transmitter of claim 7, further characterized in that the means for
receiving digital information, comprises:

means (70) for storing said digital information in a buffer; and

means (72) for estimating the entropy of said digital information.

9. The transmitter of claim 7, further characterized by:

means (84) for multiplexing said digital messages and inserting the multiplexed
digital messages into said composite frame data.

10. The transmitter of claim 7, further characterized in that said modem
frame includes a fixed number of audio frames, said audio frames having variable lengths.

11, The transmitter of claim 7, further characterized in that the means for
encoding said digital information within the estimated number of bits to produce encoded data
comprises:

means for arranging backup frames of said digital information for transmission

within said composite modem frame.



9. The transmitter of claim7, further characterized by: neards (84) for

mul tiplexing said digital nmessages and inserting the nulthpﬁﬁﬁgﬁynggital
nmessages into said conposite frame data. 10. The transmitter off Claim7,
further characterized in that said nodem frane includes a fixed nunber of
audi o franmes, said audio frames having variable Iengths. 11. The
transmtter of claim7, further characterized in that the means for

encodi ng said digi.t al Thetrandimittb:oBf Wiakhi 11, tigh&@SéHafRieGed WtIRd 196 Hstsr tO
produce encoded data conprises: .neans for arrangi ng backup franes of said
di gi t afigitalrigtommation i eaid brekypniramesomnd said prhanesd ahdio fivesiare appeisthtorbene. |-
i 3 F -12. The transmtter of claim 11, further
charaéﬁg%ﬁ?é%b%%%gﬁé&myﬁé'bits of digital information in said backup franes
and said enhanced audio frane are arranged to be subsequently code

conbi ned.



