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METHOD AND APPARATUS FOR TRANSMISSION AND RECEPTION OF
COMPRESSED AUDIO FRAMES WITH PRIORITIZED MESSAGES FOR DIGITAL
AUDIO BROADCASTING

BACKGROUND OF THE INVENTION

This invention relates to methods and apparatus for transmitting and receiving

digital data, and more particularly, to such methods and apparatus for use in digital audio
broadcasting systems.

5 Digital Audio Broadcasting (DAB) is a medium for providing digital-quality
audio, superior to existing analog broadcasting formats. Both AM and FM DAB signals can be
transmitted in a hybrid format where the digitally modulated signal coexists with the currently
broadcast analog AM or FM signal, or in an ali-digital format without an analog signal. In-
band-on-channel (IBOC) DAB systems require no new spectral allocations because each DAB

10 signal is simultaneously transmitted within the same spectral mask of an existing AM or FM
channel allocation. IBOC DAB 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. One such 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

15 broadcasting channel. Using this approach, an amplitude-modulated radio frequency signal
having a first frequency spectrum is broadcast. 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
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Digital Audio Broadcasting (DAB) is a nmediumfor providing digital-quality

audi o and ugaeriilling t teclmiqust i gleseribled ginb‘Badioa Bréadgastiog nBysiemBoDigimal) AndioFM DAB

si gnalB?'oaﬁif%QstllI)l% (DAB) To Mobile, Portable And Fixed Receivers”, European
Telecommunications Standard ETS 300 401, Second Edition, May 1997 (1997-05). That
standard sets forth signal coding techniques for digital audio broadcasting in a single
frequency network DAB system. |

One feature of digital transmission systems is the inherent ability to
simultaneously transmit both digitized audio and data. Digital audic information is often
compressed for transmission over a bandlimited channel. For example, it is possible to
compress the digital source information from a stereo compact disk (CD) at approximately
1.5 Mbps down to 96 kbps while maintaining the virtual-CD sound quality for FM IBOC
DAB. Further compression down to 48 kbps and below can still offer good stereo audio
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
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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
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‘ _compressed digital audio along with data messages of varying pnionty, or lime urgency,
requirements. A basic unit of transmission of the DAB signal is the modem frame, which is
on the order of a second in duration. This duration is required to enable sufficiently long

20 interi'eaving times to mitigate the effects 6f fading and short outagés OT noise bufsts such as
‘ may be expected in a digital audio broadéasting 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

AMENDED SHEET
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etermined by multlple 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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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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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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systemancally 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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RS( 144, 140) RS( 144, 136) and RS( 44 132), coding options are
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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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
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of the BCAWid frPhed whthih thSmens rand, - m-ﬁﬁkeﬂr@féﬁéﬁemﬂobﬂueﬁﬂﬂiem%adér%eﬁﬂ | ott ed
a fixed nunber of bytes to encode each %( of 8 core audio franmes (CAx).
-op

One of t hidclgeerlds bytss dafien Beesl $olemers ensoging et eAeRyeh by HBAsingludesfant | y

15 transnmyitQleR K2 s%ﬁllsﬁ en&hﬁgpﬁhmaurg tﬁé‘£1£e! SledchOGhe GPER KBS he RV er
bl ock (0 through 7) of nodem fr ane. BCAX frames are al so

t ransnmi t t Edugantyuith ﬂ@fHthéieraéhr EARh@ams. nTb‘hé‘)fe Brdp deadsriinglydesdihiries each
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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




the 24 kbps node, in 4 Reed Sol.onbn codewords, and 1152 bytes (after Reed

Sol onmon encoding) for the 48 kbps node, in 8 codewords. Bhe,fQ6o io
frame CAx holds variable 20 | ength audio frane nunber of bytes {ge?%&?e Reed
Sol onon encoding) in CAx fields indicated in the header CAx fields ordered
for inprowsbiasiser conceal nent. A one byte (before Reed pcSarssorzmssencodi ng)
cyclic redundancy check is included, as is a one byte (before Reed Sol onon
encoding) flush field to flush the Vitegrbi decoder. The HCA header is 8
bytes (before Reed Sol onon encoding), and indicates the size of the each
of the 8 CAX.feahls of #5 FHIPAEE AN ARG FARly B8 rat s
pr esent eél1 I neFi gu_re°8. _‘Iﬂhe %igél?s transnt‘fli)tlftﬂgl]i {MS'[ I IM‘(% %Eje%}{r%éﬁ and
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nunmber of te bfo%e RS encodi g) i field, is indicated in the
header, X =rg} 8716,40%31, Tame i f&ﬁg%ﬁfﬁ 6‘5‘)3%1?[2&9 lﬁngo rf‘?)‘:l %%’,chf)‘?'&é?tggeafnﬁﬁ error
concéal nefntictiohsach  enhanced audio field includes a data portion 170, and a
cyclic redundancy eck byte 172. |f . the schedul er determ nes that, bytes
are avail able for EB? &"“?"?VT%I (G r%éﬁdlﬂglﬁ%ﬁpé’%%enéﬂﬁﬁodﬁnéf; HreseniefAn it h a
??/Cl ith reildgmdamc]&‘acn hﬂﬂé(inbmﬁﬁfal]ﬂeﬁder&Oo,ﬁBuﬂva dre ALbRfBihts B@Z,ﬁaaﬂditm?):yclﬂigr 0

us ie 178 |s.used to u i t.erhi er. . Th e
carries trﬁ‘g“"é?a‘b“iytc}“?ﬁlf%y‘%@éi %Sﬁa?ﬁs"g‘?cﬁfgﬁpﬁ?d agﬁlélhg?%ﬁggs Wf’e‘ﬁge}t‘,@% HFith the
core audide frafnigedods fafterf @Ry dops o fsh RgmeD 8 Melpreied enidoditidhadtt ChBal
conpact d'ﬁ ( )b uqijhty ound. The enhanced plzgudi_o/,eztlajta fi elg i ncl udes a
headgs fi%ﬁglsf.’%), yfgs §¢ pregeding. bhe Hed hepden irclawr batrss indipating dhe sizenf eachad
i ncl udi Ngtha foud ENxOdMY. ITHR RokeFeliib faffe AL hAEY Chriable ] RIS Framé R@gkerbyt €
178, a data field 180, another cyclic_redundancy check byte 182, and a

flush byt%fbﬁeééll.l Crrelofistfehaie hrat eFRERMp 1rlds evofie redpdapaschesk pBlnt ed i n
Fi gure 9.20BVeprefdn@ sgaxfewe!seénaiﬁiﬁgmgaﬂtafeeﬁalﬂwﬁ&h@ml&cm HROmisAHictkzes (or
| ocat i on2 of the audio fields. Tt includes redundant header field (HEA)
172, cor e“08piE bHealrerasdatmag jo fush thegVitaphi|degodpredundancy check 15 byte 188,

and aof l ush byte 1?@&‘, ALGS Eh@di{éf‘&k@ﬂéur@?ﬁ%écafeh%ln%ﬁﬁro?higssfgt]ﬁ?qﬁﬁ M;j(fafsﬂr mation

for the 64 audio franes wthin the nodem frane. | eferre

enbodi n«en’{"‘r’amﬁ: Keore ey Jinkancementh g Ehe Apdip 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




i ncludes 144 bytes (after Reed .Sol onon encoding), in one codeword. The HEA
i ncludes 64 bytes (before Reed Sol onon encodi ng) indicati } of
each of the 64 EAx fields, and is redundant with the HEA%%etj}i-%%b(ﬁe BAD
frame. The core audi o header includes 64 bytes 20 (before Reed Sol onon
encodi ng) weoosdisksaders duplicated from BCA's. A singl e bydpusieiss
redundancy check is included over all headers. The flush field includes
15-P zero bytes (before Reed Sol onon gncoding), where P is the nunmber of
parity bytes, to flush the Viterbi decoder. This redundancy provides

addi tion : ; L t f L oyt ant header
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r edundant gaip il meévec ¢dfmafiorel d in the BAD franme. 30 The core audi o headers

i ncl ude 64 bytes (bgf RS en in ] el.ght headers duplicated from
the BCAs. The RH fiblg’leg“ﬁ%‘é?“ﬁ%ﬁ“%ﬁ‘ﬁ‘%%%@“gﬂ%gqﬁ@%f?c?&'ﬁe%é] mfigie dde RS
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and a flugh.fjeld,1l e 3 Februar 5358 P USO( 185 1
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byt eslO( P) cdrriesttheadditizial 280iodnforinat06 isid. thaPekdnf dofblrled with ehd oD AudRforftieush
bytes equal s 15-P. &lﬁn enmpodi nent, of the invention particularly

appl i cabl FEPORIB r%]%_fl rame; PEVigen Hetics aukioauediat b thaCareaitne: Data or
Enhancenment Data, d@pefiginCgneipRbdd fgneiatds tBdandi GRNREASR kB IHHS. The
AM DAB Modem Erane 1 ilJustrated in Figure 10 includes a set of 8 Backup

9 I :
Core Audi 849 &R &]é}a,ga*%m} Yh e referend srbadiment. dieenhasement medradiamsant
Header fhallel2l8B,bi8$3350OWas)i Tht bEAd) 12Meal®r Bdnthih Iy Bt OnaEatly Bogkdipy Core
Audi 5fleld |gﬁ}lﬁt§ a group of 4 Core Audio Franes, where each BCA field
i s alPocafdsh ofthei g@"f‘rﬁ%l frumhsE2% fielp Gold cahasseament andiel énformatinn tq incysrsssent ed
to the CPHEMoRNEQASqualy, S1d0SEUrRtabIOLEE] ERQVNBDit dy; HAHLS - isf Or mat
for the Cor e,oA dio Igl ogﬁl 194 of theaCore Nb%\grrﬁgg)ét %’?Qégﬁtﬁ‘%&d&ﬁ ‘%i‘gﬁre 11.

Each CAB PR¥HgfieBlogk RiReantains@oy sagrbytesgraainiygiafer audiodfeanzoulocatipoh Aieh a
cyclic rBAngMEYd 6hRENK idMEI8dA4 fludh BPHiGHPIRGH; 206, and a flush field

208. The eight CABx frames are transmtted as part of the core nodem
frame. In the pref dhesehedwpoeriere the, ineuming ABGIized afd pdcketized H@Gagesttasedbef or e

Four Cax fra) e PRReled e, Dtk MY PSR it Spbadhile pRLE e ek oo o -
frame nunbéfagediacisis mghg Fortak therpipusan shronglogited ohien fe reachGRGritysclass.1 Thist e
cyclic regpadan %uﬁf@%nteﬁhgﬁkgher priority messages would be transmitted before any lower
priotity 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




206 represents spare bytes renaining (|f any) after audio frame allocation.

The flush block 208 is six bits of zero data used to flugrddigarybd bi
decoder. 20 The Audi o Encoder of Figure 3 is allocated a nunber of bits for
t he next Modem Franme (Core or Enhancenent). The Audi o Encoder encodes all
the Audiowoamsss(e.g. 32 Audio Franes) for the next Moeemudeoesies and
passes its result to the Audio Frane Fornmat Converter. The AM DAB Core
Modem format carries core audio inforngtion for 32 audio 25 franes, along
with a dynam c data capacity. The Core Modem Frane is corrpri sed of tinme
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Frame are transmtte ant Iverse Main and Backup
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delay is mdatﬁmgmt asrulmazﬁo(ﬁ aﬁameombd!esrﬂﬁt mthé eatgto \a)mg dtsmﬂbﬂsaﬁlt t he
receiver S§8S Bac u nt as enabl e
rapi d tun?nr?égs ﬁ@ ﬁ g%‘ 8&‘/8@5% % %‘H??S@ﬁ h’ﬂ?ﬂ ents of
t he @ore ddncketer Examat &h‘ﬁfh‘tst matslgﬁaltlh&szestmmomatlﬁt smrbnamcl jsabllahenaar e
code- combi.n fl t aki adyant age. of the diversity gain and netric

esti mati oh™ %ﬂ*ﬂzﬁéﬁﬂ%ﬂ@%ﬁ%?wﬂ&ﬁ@?ﬁ%ﬁ‘&ﬁ@“’flm) 210 format is presented in

Fi guref 12|. | Each EWfguts pis dm&dkLﬂi@mﬂoFaﬁﬁﬁC/ﬁbgl DABmt;fdffﬂ:lehﬁﬁ tRhsofianced
Audi o fields vi.n acyC|creunany yte 216 spare

bl ock 2189°n5q?<(ﬂtea f%ffca%rﬂaw 34“3 s mvensigfc Aodeis Sere cudip piademy i gunalied v ial

audi o i nf pREE ARCSHAEdeE DAL ThORAAT 6REMI REchivptdAuddl @n &Py Skt on he 148

correspon i ng Core Mpdem Frane, provides, hi audio qual ity than the Core

al ond 3 ThiBr BRAGH GaME ARta AIRFAIT f45meh A5t SrOCIRS 250, HPBLIGS SR 4 EAFISH PRATFSF et | on

for 32 ameingdbmafiBse dih WloddRE 3n links 250 . Théh HRandteRf Rihedal HheGenAt, the
enhancenment nodem frane holds 22,800 bits (3360 bytes). The HEA 212 header
cont ai ns Eodyses 28it aligsationsignalpriling 234 hemte fss‘\ce%ﬂdespro@wes apApfoaudiodliys. The

EAX fi el dgrehal g 18336 SRR cohkier iﬂf&W@‘E'tht&fam'dn&A@%ﬁestreﬁrﬁ'% eRbgeaudi 0
quality, and are of variable size. A one bit cyclic redundancy check is

provi ded. frsnkqundary infeymatehen 268 mad enqegeddlameaapdiorinfagnatipn er lisgfiZo A ane
al | ocit | OffjochicRNBiriance 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



byte flush field of zeros is included to flush the Viterbi decoder. The
schedul er orders the incomng prioritized and packetized mEsbagpptmsed 20
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of reformatted generic compressed audio frames in the DAB modem frame in a manner that is

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.




produces a bit allocation signal on line 254., then the AAC encoder - :
produces an AAC audio bit streamon |ine 256. Format congerdbfiary 2604
converts the standard AAC bit streamto encoded franme boundary 1 nfornmation
on line 260, and encoded frame audio information on line 262. An 20

al | ocat i ofwowai4zece signal is also provided on |ine 264 pcrasoiizissng t he
nodem frane data allocater to allocate data on line 266 in accordance with
the allocation variance signal. The dem frame assenbl er 268 receives the
encoded frame boundary information, the encoded frame audio i nformation,
and the data alloc |gnal
to produce the nndgﬁgg n&g%%gtﬂﬁgﬁgﬂp%%pm%g%aﬁéggf?I& a%%ggﬁﬂrgne 270.
25 The secimbddiirent, 8rvdlbe undesstéaddorthosg s]gﬂed)ml the @'edlaawdoymmkéﬁcmnb tmdsages
based l.est m o |y

pl ace thé'?%a??g%t&ciosg&r E‘gduﬁég‘ggéglg pa Emggﬁ%% ?ﬁeg&r on[Eh of %%gn%gﬁe in
chronologhmwhﬂwahmmfor each priority class. This algorithmwould
guarantee that higher priority messages would be transmtted before any

|l ower priority nessages waiting in the queue, and the chronol ogi cal order
woul d ensure fairness 30 wwthin each priority class. It also ensures that
the highest priority nmessage class will be transmtted with the shortest
possi bl e del ay of any conceivabl e scheduling al gorithm However, this
particul ar scheduling algorithm does not ensure that nessages woul d be
delivered within guaranteed tinmes for each priority class. Mreover, it is
possi ble for a nmessage of any priority 3 February 2004 WO 01/ 15358

PCT/ US00/ 23185 15 other than the highest to be in the queue indefinitely
as new hi ghest priority nessages continue to be generated. Mire
conplicated dynam c scheduling algorithnms could be enployed that guarantee
delivery tines for each priority class. A flow control nechani sm my al so
prevent 5 the acceptance of the nessage in the queue of a priority class
when it is full. At |east the user knows whether or not the delivery tine
is guaranteed. If a particular priority class is full, the wuser could
schedul e his nessage in another priority class with a different cost. One
advantage of this algorithmis the nechanismthat prevents hang-up of

| ower priority nmessages when the higher priority nmessages are constantly
bei ng generated. In addition, the user pays only for the 10 service he
receives. To summari ze, there is considerable flexibility is choosing a
scheduling algorithmw th associated cost functions to enable the
broadcaster to optim ze his services. This invention provides a robust

met hod for the nmultiplexing and transm ssion of conpressed digital audio
frames along with digital data packets within a nodemfrane in In- Band

On- Channel (IBOC) Digital Audio Broadcasting (DAB) systens. This nmethod is
15 designed to have m ni num adverse inpact on the digital audio quality
whil e maxi m zi ng data throughput for nultiple nessages with different
priority assignnments. The invention provides a




fl ow control nmechani smwhere a .conprom se is optim zed, given assigned
priorities of classes of nessage packets versus audi o quad Fépfuard 2004
scheduling algorithmfor the various packet ©priorities nultiplexes the
data packets along with the encoded audi o packets during assenbly of 20 the
modem frame. Additionally, audio framejformat converters are used to enable
transm ssion of reformatted generic conpressed audio franmes in the DAB
nodem f Cdaimsi n a manner that is transparent to the audi o decoder. However

sonme restrictions are placed on the audio encoder. These encoder .
restrictions are el at &d Rhadhéorafrprsnpesian of ompsesewl datei Busa ghgitabi Hgio of

audi o : r td tJ e i d si on
o nudi O P oing BRAFYORBRT Nk oA LRl i RGOS S
audi o seyttersignal, alloatalg adiwgrbeal ofsyitst emsaidhdigitalt infendtiverisi 4 ynddeat frameand

T cong T gt s e g TR T e B st SR e
Appl i cabhdfecdingaligitld mes@BePdohtARiAg alikili®d (6t AReheod %ﬁa%thet?z%aib@r{ﬁg st%lgs the

assignee of this invention. The présent invention permts the uSe of
st andar 8fadvanced audio coding 30 (AAC) encoder in a digital audio

br oadcasti ng tran§%%%%é&ge#:$’§g{ﬁ%éﬁﬁéﬁgt eslgwprefgrr . enbodi nent of the

transmtter, the cus genlcgee %rmed outside of the

encoder. Sim | arl griofithdngpsead digitednessbad ment of the receiver di sassenbles
the nodemframe prior to using a.standard AAC decoder to decode the audio

sanpl es. 3 Februa?‘i}e"i@&b@\ﬂf‘@@ fizigbmpesneesdpoinedhe bichestumiorsy torhe qddedimt
inventi %im}%%%ﬁﬁ&wdkgﬁfgﬁd&i terms of its preferred enbodinent, it wll

be understood by those ski n the art that various nodifications can be
made to the di scl edding theisokicted highaittgniovity biepafishidntigital anastdzes scapkermbddde
invention as set .forth in the clains. 3 February 2004 17 Cains: 1. A

net hod f“g?mfatné?ﬂé?’rf% %?PBEROSE‘BH’S@E@ Hata for a digital audio

broadcasting syst giufiafREduHAG e SefRad AhtaliBNad QfnHstl hitldehERAOBiEd ON
representative of an audio signal, allocating a nunmber of bits to said
di gi t al tq prpéwaeeoimeaited compasittenedana freme bsowdi ng said digital information

within the alloca f bits to produce coded data, and receiving
digital nessages %:ron a#%%ﬁée goﬁ%a ?dzc?%?lpd’g{t%fnogﬁlgq%&eg%g' characterized by the
steps of: renoving. sel ¢k adethydrdfeadini 1,s fifrfe chaiadtefneP e dhaati® step of
prioriti&in said digital rr‘es_saé:le_s;_ o

aliocating 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,



selecting bits of said digital .messages having the highest priority to be
added to available bits in said nodemframe; adding the sergei&d Jopghest
priority bits of said digital nessages to said encoded information to form
a conposite nodem frane; inserting redundant frame overhead data into said
conposite nodem frame bits to producedormatted conposite nodem frane
bits; and transmtting the formatted conposite nodemfranme bits. 2. The

nmet hod of claim 16. fur Themetvdr @il B efirther éHaadctdrized st @Rt @fe bied bOGlthINg a
nunber of bits to said digital information in a npdem frane, conprises the

steps offorgagiennig saud dbagkep tieamesnangt seid; ehaneeda apdie f isame el anesggdria ibeg t he
ent roDysﬂsg@%h@{/%cﬁi&ﬂbiﬂeﬁf ormation. 3. The nethod of claim1, further

characteri e steps of: nmultiplexing said digital nmessages and
inserting the nul %i pl eAedamdingitdral O)mbasagisital badio Bedddastiagpesiemecdni@isingdat a.
4. The net ho f.claim1l1, further characterized in that,. said nodem.frane

i ncl ude®eans ﬁ%gé% R8BI PP TP SoPTess U A a1 FAdiFe SRk A58 bl

| engt hspuhber UTDitd®s 504 dRfitaf Infdrifatkion itk LitRem é}%ﬁ@é&iﬁﬁid&&%ﬁeﬂb qhtolhGiodt ep

of encoding said digital information wthin the estimated nunber of bits
t o pr odwéhinethe gdlechteranamberorfphitsstesprodiee stnepdedodatza rand ngiengng digithl tisssages

digital infornati.on into.a, plurali of .backup franmes and an enhanced
audi o f?W%aEgﬁﬂgm’@ﬁ %ger H’XF?ﬁtgnﬁ%t od of claimb5, further

characterized in imbads (7HefoPtdnSovihg shldttddadveltiRb@bRPhbARaidEnsaded dackup frames
and sai d enhanced audio frane are arranged to be subsequently code

combi ned. 7. A tr&S8aH (Gekior puoytiziag saad digirk mpssagedi o broadcasti ng system

conprising neans .\ i.Ql - i nf L r i.ve of
an Ui o 91 gnal oSt Tor sQEtnt 38 of st il e BR Qe GEREREP BANINC o

i n a nothdra dddedrie, availatde binginssaidimddegn fialmei nf ormation w thin the all ocated
nunber of bits to produce.engoded data nd receiving digital .nessages
contai ni ng auxi | i’é’F?}nSo@ﬁbforta_ ng ﬂ%?n%eﬁﬁqﬁdgFgI@%EP%{%tbﬂieﬁs%@f.‘ilfs’htéh%ss(im f or
removi ng sgd erdoldd MBFRARA B fofin faf wﬂgﬁh@ nRERIEHAE G for R&Hhe (r@(ﬁ)nfdtngtr _
prioritizing said digital nmessages; ans (84) ftor ‘selecting blts of said
di gi t al frams Sagdsahdetarigtotsail tongprsge mpodeor frame bits th @ratide dortmitted abinpbdie bit s

in sai dmgggrg rﬁail{e%qgi 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.



means (80) for adding the selected highest priority bits of Said digital
nmessages to said encoded information to forma conposite 3mdemdrase. and
for inserting redundant frane overhead data into said conpositie” nbodem
frame bits to produce formatted conposite nodem frane bits; and neans (46)
for transmtting the formatted conposjge nodem frame bits. 8. The
transmtter of claim7, further characterized in that the means for

recei ving digitaj2.i nfDherehhdiitte O RlakE EBl, fRRGScHardlerizd i$ tRdti 1A 13@i ¢F
digital jnformation in a buffer; .and neans (72) for estimating the entropy
of sai Ygidglgntoamation by said backup amesmand: seithentianeast aughio Smierarg arrpaged e be

char ac | X 84) for nultiplexing said digital nmessages and
insert%%g&@%gbﬁ%wfggﬁﬁég " digital nmessages into said conposite frame data.
10. The transmtter of claim?7, further characterized in that said nodem
frame includes a fixed nunber of audio franmes, said audio franes having
variable lengths. 11. The transmtter of claim7, further characterized in
that the nmeans for encoding said digital information within the estinated
nunber of bits to produce encoded data conprises: neans for arranging
backup frames of said digital information for transmssion wthin said
conposite nodemfranme. i i 3 February 2004 19 12. The transmtter of
claim1l, further characterized in that the bits of digital information in
sai d backup franmes and said enhanced audio frane are arranged to be
subsequent |y code conbi ned.





