WD 2006/ 057626 PCT/ SG2005/ 000405 PERCEPTI ON- AWARE LOW POAER AUDI O DECCDER
FOR PORTABLE DEVICES Field of the Invention The present invention rel ates
gener al | ywoaodéossg@ewer decoding in rmultimedia 5 appli caCr®sae0@nd)405 n
particular, to a nethod and apparatus for decoding audio data, and to a
conput er program product including a ceaputer readabl e nmedi um havi ng
recorded thereon a conputer program for decodi ng audi o data. Background
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phones, 10 portable digital assistants (PDA) and portable audio players
conpri se enbedded conputer systens.pghgegsenbedded conputer systens are
typically configured according to general-purpose conputer hardware
platforns or architecture te”pll?iteﬁlsof P‘fn?‘ﬂit%n di fference between these
consuner electronic devices is typically e

software application that is
bei ng- execut on the.part.icul ar devic Further, several different .
f uneti onal i tﬁgg Wgseé?fég‘fe hP’éafgfaﬁedl §ert?é"fq}¥g Q| QRO e rﬂeﬁo‘gﬁé Jepuliunediq
exanpl e, some nobil e phones also work as portable digjital assistants (PDA)
and/ of pAPRIAHENSUY: B PTG to Ameshad angl apparafusdprdasading udioadainiand tof
focus in the portable enbedded conputer systens domain towards appropriate
sof t war eai ¢ampyernpragiaon pravtucidinchelient dampit¢romaddble esdiunathaeingt feacrded
tail or-made hardware for different applications. 20 Power consunption of
t he conptlieetonsysingpmergnbigaaiddr devollig daaididdpd.e devices is probably the nost
critical constraint in the design of both, hardware and software, for such
portabl e devices. One known net hodggixdfolih@l SI Ng power consunption of
conput er systens enbedded in portable devices is to dynamically scale the
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in Py Ce%)gh%e gluglit%i asmsn"l(g’tlai'%lts?H)%‘sl gsfld portable audio players comprise embedded computer
systems. These embedded computer systems are typically configured according to
general-purpose computer hardware platforms or architecture templates. The only
difference between these consumer electronic devices is typically the software applicafibn
that is being executed on the particular device. Further, several different functionalities

15 are increasingly being clubbed into one device. For example, some mobile phones also
:work as portable digital assistants (PDA) and/or portable audio players. Accordingly,
there has been a shift of focus in the portable embedded computer systems domain
towards appropriate software-implementations of different functionalities, rather than
tailor-made hardware for different applications.

20 Power consumption of the computer systems embedded in the portable devices is
probably the most critical constraint in the design of both, hardware and software, for
such portable devices. One known method of minimising power consumption of
computer systems embedded in portable devices is to dynamically scale the voltage and

frequency (i.e., clock frequency) of the processor of an embedded computer system in

25 response to the variable workload involved in processing multimedia streams.



WD 2006/ 057626 PCT/ SC2005/ 000405 -2 Anot her known nethod of m ni m sing
power consunption of conputer systens enbedded in portable devices uses
buf f ers twosnwatshe26ut mnul ti nedia streans and decoupl e tPraw/Seraisioveos ur al
conponents having different processing rates. This enables the enbedded
processor to be periodically switched2off or for the processor to be run at
a 5 lower frequency, thereby saving energy. There are al so a nunber of
known scheduhbti@gr kietvaomsthaddifeasddisitg phreepcaishmpiiof ofwompyichiskgfems
Quality-of-Service (QS) requirenment associated with nmultinedia
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enbedded conputer 'system Sunmary 10 It is an object of the present
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di sadva ?ag S exi sting arrangenents. According to one aspect of the
present invention there | s proyiged a I L

represeﬁ@%ﬁ ‘%hp%ﬁﬁﬁ8r§1P%ng%ﬁﬁﬂﬁﬁ?wgggégﬁg?f%?%gg?ﬁgkggg%g@ggyg%gglecting
one of a predeterm ned nunber of frequency bands; 15 decodi ng rtion of
t he audileverafrequeapy.cbeisby §4vigicBISYd g“&l%"p a§8 FotaR 50? g‘nPWé‘ S"ﬁ%‘?“g&ged
frequency band, wherein a remaining portion of the audio data representing
said andithods dddrdssedditdbapwblem efaipininiag giQuplithel-Sevisa d90pbiearBrmett audi o
data into sanple data representing the decoded audio data. 20 According to

anot her ;a&ReRéd ofith haulinesientapplivatiohs amdt hiertlee issmpr tmed sunimidieg op@verf or
decodi ng audi o data representing an audio clip, said nmethod conprising the

steps of lggﬁﬂﬂ{ | eMslddsElaetienyseans for sel ecting one of a
‘Mne nuﬁggw' e

predet erm of frequency bands; decodi ng neans for decoding a
portion of the audio data repr esent§d;lgm§p§d audi o

10 Tt is an object of the present invention to substantially overcome, or at least
ameliorate, one or more disadvantages of existing arrangements.

According to one aspect of the present invention there is provided a method of
decoding audio data representing an audio clip, said method comprising the steps of:
selecting one of a predetermined number of frequency bands;

15 decoding a portion of the audio data representing said audio clip according to the
selected frequency band, wherein a remaining portion of the audio data representing said
audio clip is discarded; and

converting the decoded portion of audio data into sample data representing the
decoded audio data.

20 According to another aspect of the present invention there is provided a decoder for
decoding audio data representing an audio clip, said method comprising the steps of:

decoding level selection means for selecting one of a predetermined number of

frequency bands;
decoding means for decoding a portion of the audio data representing said audio
25  clip according to the selected frequency band, wherein a remaining portion of the audio

data representing said audio clip is discarded; and



25 clip according to the sel ected frequency band, wherein a renaining
portion of the audio data representing said audio clip is discarded; and
WO 2006/ O86&A&/(B@R6 SC2005/ 000405 -3 data conversi on nme&o3/SGaoos®onwerti ng
t he decoded portion of audio data into sanple data representing the
decoded audi o data. According to stillsanother aspect of the present
invention there is provided a portable electronic device conprising: 5

decodi ng | evédta sedeedioromentefos chorertig) the decgled portith ¢f dpdRARELG Seshlaurber
of frequency bands; decoding neans for decoding a portion of audio data

r epr esengiith gepdteniit Gedebitled2eaR/d@iAIg to the sel ected frequency band,
wherein a remaining portion of the audio data representing said audio clip

is di ded; - 10, dat j i t
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dat a. CIherbﬁsgeéﬁf.o the invention are also disclosed. Brief Description
of the DPEHIPKGECCHIMGICAET WIS nent s of the present invention will now
be described with 15 reference to the draw ngs and appendices, in which:

Fig. 1 is a dwndingticrelpsebeationi mepnarfonpelacting panIoé acpivgeiermiged aumber of

conprising a processor, upon which enbodi nents descri bed can be practiced;
Fig. 2 shogwnchbamplspcessor of Fig. 1 taking a coded bitstream as input and
producing a stream of decoded pul se code nodul ated (PCM sanples; 20 Fig.

3 shows the d¢cadingsmeatst for aleobding aMIro of laayir dada (rbpresentidP3h Hidandap d
bitstream Fig. 4 is a block diagramshow ng the nodul es of a standard MP3
decoder hQ@RLMEIo the selected frequency band, wherein a remaining portion of the audio data
representing said audio clip is discarded; and
10 data conversion means for converting the decoded portion of audio data into sample
data representing the decoded audio data.
Other aspects of the invention are also disclosed.
Brief Description of the Drawings
One or more embodiments of the present invention will now be described with
15 reference to the drawings and appendices, in which:
Fig. 1 is a schematic block diagram of a portable computing device comprising a
processor, upon which embodiments described can be practiced;
Fig. 2 shows the processor of Fig. 1 taking a coded bitstream as input and producing
a stream of decoded pulse code modulated (PCM) samples;
20 Fig. 3 shows the frame structure of an MPEG 1, Layer 3 (i.e., MP3) standard
bitstream;
Fig. 4 is a block diagram showing the modules of a standard MP3 decoder together
with the proposed new decoder architecture;

Fig. 5 shows an internal buffer and playout buffer used by the processor of Fig. 1 in

25 decoding audio data;



wi th the proposed new decoder architecture; Fig. 5 shows an internal buffer
and pl ayout buffer used by the processor of Fig. 1 in 25 decoding audio
dat a; WO WRO0Q66c0B7€86 PCT/ SC2005/ 000405 -4 Fig. 6 is a grapsceisoesdss the
cycle requirenent for the processor of Fig. 1 per granule, correspondi ng
to an audio clip, for a predeterm ned-guration; Fig. 7 shows the processor
cycles required within any interval of length t corresponding to the
decodi ng | evEigs 60 4 Baphrsabeirnge theeeyobd raypirememnfbr 3hé-ipgoceSsos ndWdgal met hod of
decoding audio data in the formof a coded bit stream in accordance with

the pref gfahﬁfé, EHRepliniaty o Aehdid ath, RasGirbdidmiindd@lrbigbig Best Mode Wiere

referencé 1s made i n any one or nore of the acconpanying drawi ngs to steps

and/ or feat ug&s,70\%18‘%&@?%&9&0133&@% ﬁ?ﬁ‘gi SvitHeAR! Sntet AP Rhgids tand/ or

features hav 1 urposes - o escription the sanme function(s)
or operation(s),. unless the ontr intentio ars, It is to be noted
t hat thecﬂF§§E‘é‘g?%Wstﬁ8§ﬁ?°2]i'%@Vqﬁ 0? ﬂé pr%tglgf’( ?%E‘ﬁcﬁ%ggc don and that above
relating to prior art arrangenments relate to, discussigns of docunent.s or
devi ceés  whi m-B@hWbamtboqg%W@ég@ %llﬁwo@?é%lrt'ibéimeﬁegﬁée&?% U SEB™-d3t i on
and/or use. Such 15 should not be interpreted as a representation by the
present icooeddnoe (ith the pre&iredtenadirneint  t hat such docunments or devices in
any way form part of the conmon general knowl edge in the art. Mbst

per ceptual audi o coder/ dpaailed Pefdripftion inclkdiry) BestdModsi gned to achi eve
transparent audio quality at least at high bit rates. The frequency range

of a high quaiidyrefBniid nadeaHGhy 81*'9& 186reME3hé Sccphfyiab driwids tohzeps

However, nost adults, particularly ol der ones, can hardly hear frequency
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10  for the purposes of this description the same function(s) or operation(s), unless the
contrary intention appears.

It is to be noted that the discussions contained in the "Background” section and that
above relating to prior art arrangements relate to discussions of documents or devices
which form public knowledge through their respective publication and/or use. Such

15 should not be interpreted as a representation by the present inventor(s) or patent applicant
that such documents or devices in any way form part of the common general knowledge
in the art.

Most perceptual audio coder/decoders (i.e., codecs) are designed to achieve
transparent audio quality at least at high bit rates. The frequency range of a high quality

20  audio codec such as MP3 is up to about 20 kHz. However, most adults, particularly older
ones, can hardly hear frequency components above 16 kHz. Therefore, it is unnecessary
to determine the perceptually irrelevant frequency components. Further, within the wide
swath of frequencies that most people can hear, some bands register more loudly than
others. In general, the high frequency bands are perceptually less important than the low

25 frequency bands. There is little perceptual degradation if some high frequency

components are left un-decoded. A standard decoder such as an MP3 decoder will simply



to determine the perceptually irrelevant frequency conponents. Further,
within the wide swath of frequencies that nost people can hear, sone bands
regi st er woreodwsastby than others. I n general, the hi ghrCrsgaensmyodoands are
perceptually I ess inportant than the | ow 25 frequency bands. There is
little perceptual degradation if sone_Bi.gh frequency conponents are |eft
un- decoded. A standard decoder such as an MP3 decoder will sinply WO

2006/ 057 d26odeCiveBERMPSIOAN 405t bid steead@itavr dnkidetng thahehittabfity oFt r eam
wi t hout considering the hearing ability of individual users with or
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conput ation, thereby wasting battery power of a port conputi ng device

or the ki [ : : 0 ecodi audi o data in
the for mﬁljé%ﬁg‘ééﬁi ggxgaﬁl%ﬁéh,g?%g%%ﬁt}]n;%@g g?é%ﬁ%e&% %atbﬁeecoﬂ?%"g&gr 1ce or
enbodi ne t,l.is descrfébgd bel ow with reference to Figs. 1 to 8. The

orinci pl &€ 10 158 SFR A 8PS98T et hod 800 descri bed herein have gener al

applicability to npst existing audio formats. However, for ease of

expl ahat i on, A meethade 840 of desedingr wydie date HethroforanOf & eodiss biti Hesdmuiinh
reference to the MPEG 1, Layer 3 audio format, 10 al so known as MP3, audio
format. #@rdanca witiths prfaltidendodénerns dessibeid Heloprwithi refpeped @rHigy .1 tdhe

met hod 800 is particularly applicable to non-scal able coders |ike MP3 and

al so Advancee pfindiptesCdthdgrefetrd@)method 86 adsehbe&l K€l havé BEidalaphBWDlity
wor kl oad and are nore popul ar than scal abl e codecs, such as an MPEG 4
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enhalncemant_ | ayer being i gnore_d(ji 15 The nethod 800" I nt e_gl’at es (
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in the perceived output quality associated with the different levels is
rel ati vePgpuasy  Thymethod 800 is particularly applicable to non-scalable codecs like MP3
and also Advanced Audio Coding (AAC). Non-scalable codecs incur a lower workload
and are more popular than scalable codecs, such as an MPEG-4 scaiable codec, where
only a base layer is typically decoded with an enhancement layer being ignored.
15 The method 800 integrates an individual user’s own judgment on the desired audio
quality allowing a user to switch between multiple output quality levels. Each such level
is associated with a different level of power consumption, and hence battery lifetime. The
described method 800 is perception-aware, in the sense that the difference in the
perceived output quality associated with the different levels is relatively small. But
20  decoding the same audio data, such as an audio clip in the form of a coded bit stream, at a
lower output quality level leads to significant savings in the energy consumed by the
processor embedded in a portable device.
To evaluate the perceptual quality of any audio codec, rigorous subjective listening
tests are carried out. These tests are usually conducted in a quiet environment with high

25 quality headphones by expert listeners or panels without any hearing loss. However, the

realistic environments for ordinary users are usually very different. Firstly, it is relatively



20 decodi ng the sane audi o data, such as an audio clip in the formof a
coded bit stream at a |ower output quality level leads to significant
savi ngs iwoth&/msnesgy consuned by the processor enbeddedTisG2esporsabl e
device. To evaluate the perceptual quality of any audi o codec, rigorous
subjective listening tests are carrieg_out. These tests are usually
conducted in a quiet environnent wwth high 25 quality headphones by expert
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environments for ordinary users are usual very different. Fifstly, it is
relatively.: /. 0 -6 rar o rtabl e.audio
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of one's hone. [l.t is far re co n to use portable audj.o, players on the
move and ™ 9ye&nddp Fevtafx‘eﬁfogereoﬂx‘ﬂr?%‘%gg?@%ﬁﬁdﬂ A4S, a1y, gfjg a 183€ HSINg Supple o
flight, using sinple earpieces, These differences have inportant

i npl i cat FERECeh Tihsee diffgrencephave tpportagt implicatignyenctbe andig qualivpeviradent s
carried out by the present inventors, it is hard for nost wusers to

di sti Agui sh Beroxanry Coeqpromeisserrie@D)ut drydthErpeeperinmyedboby itais ihard fdrMphoqual ity
audio in a noisy environnent. Mst users appear to be nore tolerant to a

smal | quabdrt Yo didtggadabetmeen Corpath DIMIOTDNNE FrsquedbeMaahaaen 300 quakles the
user to change the decoding profile to adapt to the |istening environment,
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require different bandw dth. For exanp a story-
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800 allo e us choose an appropriate de

the particul.ar service and sjgnal type also prolonging the battery |ife of
a port abfigcoglb‘?ﬁ)ﬁfq?ﬁﬁ t‘ié‘d@@\}Péheg{l}‘ﬁﬁeH’&gtwlrﬁﬁ?lﬁg‘d vilg 2 ﬂ%@éq@@ﬂ% dsopdesl | ows
users to control the tradeoff between the battery life and the decoded
audi d%qu&fmof, with the know edge that slightly degraded audio quality

(this degradati on nmay not even be perceptible to the particul ar
Different applications and signals require different bandwidth. For example, a story-

telling audio clip requires significantly less bandwidth compared to a music clip. The

method 800 allows the user to choose an appropriate decoding profile suitable for the

particular service and signal type also prolonging the battery life of a portable computing

15  device using the method 800. The method 800 allows users to control the tradeoff

between the battery life and the decoded audio quality, with the knowledge that slightly

degraded audio quality (this degradation may not even be perceptible to the particular

user) can significantly increase the battery life of a portable audio player, for example.

This feature allows the user to tailor the acceptable quality level of the decoded audio

20  according to their hearing ability, listening environment and service type. For example, in

a quiet environment the user may prefer perfect sound quality with more power

consumption. On the other hand, the user might prefer a longer battery life with slightly
degraded audio quality during a long haul flight.

The method 800 is preferably practiced using a battery-powered portable computing

25  device 100 (e.g., a portable audio (or multi-media) player, a mobile (multi-media)

telephone, a PDA or the like) such as that shown in Fig. 1. The processes of Figs. 2 to 8



user) can significantly increase the battery life of a portable audio

pl ayer, for exanple. This feature allows the user to tailor the acceptable
qual ity Iwoebosafs7é2he decoded audi o 20 accordi ng to thei PCisagrocs@o@s | ity,

| i steni ng environment and service type. For exanple, in a quiet
environment the user may prefer perfect7-sound quality with nore power
consunption. On the other hand, the user mght prefer a |onger battery life
with sligheY pe waementad Asosabtviual such asua isofward prgramaudxetltinghtvithifhéhemet hod
800 is preferably practiced using a battery-powered portable conputing 25
devi ce 10®@riblegcompatipgdeaiot d0Qu parardarnthetstepsedita) mpthay 800 ar TRBicISY
(multi-nmedia) telephone, a PDA or the like) such as that shown in Fig. 1.
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i npl enented as software, such as a software program executing wt
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are effected by instruactions 1n the software are’carrie

portah] e i i 0 The instrugctions. . be forned as one or
ror e cof (Gare Al BoR e SRSER R s b8 Al B i wrpiepte s, aks.
The sof twar. al so be divided jnto two separate parts, in which a first
part per :‘,‘\%t?lﬁ’% gtal?ffét Wt R omthﬁﬁﬁetgoi 80 Ard gaego Bynages deysel ptentdcace
bet ween the first f_part and the user. The software nay be stored in a
conmput er bebuesaghe firstasrtuand thaaiserdi Ty soflevase oragide dered dea cdempater bedablel ow,
for exanple. The software may be | oaded into the portable conputing device
100 by a metuhainclndéng the storageadvices déscaibed belbive faamamiply. TIRASENLe ARG UM
via a serial link and then be executed by the portable conputing device
100. A cdirlvadid ineadia PoetabRAosBuliay dBecs YoH b$ af h¥afctQler, &8 le, ##5R9" am
recorded on it is a conputer program product. The use of t he conput er
pr ogrgm i er: 100 fer.ab ef fects an
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program recorded on it is a computer program product. The use of the computer program
product in the computer system 100 preferably effects an advantageous apparatus for
implementing the described method 800.

15 The portable computing device 100 includes at least one processor unit 105, and a
memory unit 106, for example formed from semiconductor random access memory
(RAM) and read only memory (ROM). The portable computing device 100 may also
comprise a keypad 102, a display 114 such as a liquid crystal display (LCD), a speaker
117 and a microphone 113. The portable computing device 100 is preferably powered by

20 a battery. A transceiver device 116 is used by the portable computing device 100. for
communicating to and from a communications network 120 (e.g., the telecommuﬁications
network), for example, connectable via a wireless communications channel 121 or other
functional medium.  The components 105 to 117 of the portable computing device 100
typically communicate via an interconnected bus 104.

25 Typically, the application program is resident in ROM of the memofy device 106

and is read and controlled in its execution by the processor 105. Still further, the software



menory unit 106, for exanple formed from sem conductor random access nenory
(RAM and read only nenory (ROM. The portabl e conputing device 100 may

al so compoizsw/a7deeypad 102, a display 114 such as a | i gqarsGeeossvais di spl ay
(LCD), a speaker 117 and a m crophone 113. The portable computing device
100 is preferably powered by 20 a battery. A transceiver device 116 is used
by the portable conmputing device 100 for comrunicating to and from a
conmmuni cean alss bedtaded kntd 28 pextaple corhputingl devmerhififoan iotres cometeprdajiablé or
exanpl e, connectable via a wirel ess conmuni cati ons channel 121 or ot her
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device 100 typically comunicate via an interconnected bus 104. 25
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106 and is read and controlled 1 n i 10

Still f%élgﬁtgthngtcﬁ%ic%qbp%f&e@ﬁigﬁ)&%3\5}%(2%9 .PCT/ SC2005/ 000405 can al so be

| oaded in portabl e conmputing ¥8% from ot her conput er readabl e
media, The term" r readabl e iupl’ as used herein refers to any
storaye or &L%ﬁ%%ﬁé@:éhﬁ %iﬁ%&%&éﬁ f@%‘?ﬁ‘ﬁ?@g 1Pn§%111%ddh?f&wﬁﬁ’stl¥lﬁcti ons
and/or data to the portable conputing device 100 for execution and/or
processi RYNPBSITH engret Asde dgegtsted circvis perforpng theefunptivnsmsrmub dunctiode df cat ed
hardware unit conprising one or nore integrated circuits perform ng the

f unct i ontheglesgibedimatiosd.ons of the descri bed nethod. In accordance with the
met hod 800, a decoding |level selected by a user to decode any audio clip

det er mi nes t headcoRRHENGNthWhE inethbd BOG, flﬁdd@b@iﬁ%&@@'l sdlf&ed HylaOuRLtLIRBHE ed.
|0 In contrast to nmany known dynam c vol tage/frequency scaling nethods, the
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_ ocessor 105 has a
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processor 105 has a fixed number of voltage-frequency operating points, the decoding
levels in the method 800 may be tuned to match these operating points.
In the method 800, the frequency bandwidth of the portable computing device 100
15 comprising an audio decoder (e.g., an MP3 decoder) implemented therein, is partitioned
into a number of groups that is equal to the number of decoding levels. These groups are
preferably ordered according to their perceptual relevance, which will be described in
detail below. If there are four levels of decoding (i.e. Levels 1-4) then the frequency
bandwidth group that has the highest perceptual relevance may be associated with Level 1
20  and the group that has the lowest perceptual relevance may be associated with Level 4.

Such a partitioning of the frequency bandwidth into four levels in the case of MP3 is

shown in Table 1 below. Column 2 of Table 1 (i.e., Decoded subband index) is described

below.
Table 1
. D
Decoding ecoded Frequency Perceived
subband .
level index range (Hz) quality level




15 conprising an audi o decoder (e.g., an MP3 decoder) inplenmented therein,
Is partitioned into a nunber of groups that is equal to the nunber of
decodi ng wevedans7ébhese groups are preferably ordered aecorsd2ong/oveos heir
perceptual relevance, which will be described in detail below. If there
are four levels of decoding (i.e. Leveps 1-4) then the frequency bandw dth
group that has the highest perceptual relevance may be associated with
Level 1 20 and the grupl t hat dds t heol-asests per edyitqualityr el levance nmay be
associated with Level Uchy f pant gt g ency bandw dth
into four |evels inelfeﬁlgl%a:e c@f MP3 lg gl‘rpoz@" %‘e#%éﬁ%ﬂg | ow. Columm 2 of
Table 1 (i.e., Declodexeklibban®-3hdex)0+d63ani et Clharehy Tabl e 1 Decodi ng
Decoded Frequency Per&eiye loeyel s iondEp050ange Chighalkiyal ifty | evel ndexx
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Low power MP3 (PL-MP3)" decoder. The methqod 808 is not gnly useful with
gener al - pUPpssptionpvagdoxnaovereMEe (&Y ME3) atcadyr og?fs’g’@&%’,d Qs geterlyi th 5
gener al - purpose processors w thout voltage and frequency scalability. The
met hod 8Q&:fiyvithl gmelrd-pugmde wiolthgea apd dtsgverny sdalebled prosessors, diut qlsof Mthuency
scaling and is not powerful enough to do full MP3 decoding. In this

| nst apce gehdigl-paboRbrocdrwithbe vedage fal lepedey scelpbilay. MP3 files at a
relative | ower quality.

The method 800 may also be used with a processor that does not allow frequency

scaling and is not powerful enough to do full MP3 decoding. In this instance, the method
800 may be used to decode regular MP3 files at a relative lower quality.
The method 800 allows a user to choose a decoding level (i.e., one of four such
10  levels) depending on processing power supplied by the processor 105. The method 800 is
executed by the processor 105 based on the decoding level selected by the user. Each
level is associated with a different level of power consumption and a corresponding
output audio quality level. The processor 105 takes audio data in the form of a coded bit
stream as input and produces a stream of decoded data in the form of pulse code
15 modulated (PCM) samples, as seen in Fig. 2. The method 800 may be applied to decode a
coded bit stream that is being downloaded or streamed from a network. The method 800
may also be used to decode an audio clip in the form of a coded bit stream stored within
the memory 106, for example, of the portable computing device 100.
When an audio clip in the form of a coded bit stream is decoded at Level 1, only the
20  frequency range 0 to 5512.5 Hz associated with this level is decoded. At higher levels
(i.e., Level 2 to 3), a larger frequency range is decoded and finally at Level 4, the entire
frequency range is decoded. Although the computational workload associated with the

method 800 scales almost linearly with the decoding level, the lower frequency ranges
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such to levels) depending on processing power supplied by the processor
105. The wothads820 is executed by the processor 105 basescaosiobe@osiecodi ng
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associated with the nethod 800 scales alnost linearly with the decodi ng
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have a nuch hi gher perceptual rel evance conpared to the higher ones, as

descri bewhichblere. béEnedesigneé fomhery BV putieo cehdumptiondesadample 8f ek
| evel , by sacrificing only a small fraction of the output quality, the
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and vol t age, Whe% conpar ed EIN(? a hi gher doeceodi ng | evel -r;%r leogleni*%{/l{cgq%unber

of har dm@éﬁgde%%%ﬁg@%ih%e MP% g)gggﬁlg@gé\iﬁ@g)\ﬁgsébeen devel oped. Sone of

t hese hardware ntations i coder chips which have
chi p'0's"t he it PetkE 00 BE PR RERC Pl af thepromRrr o SRTWIEMRE ch i o
desi gnedsﬁ%ﬁ)ﬁg iir%lp{e)rlnén?ing %I?edlstgpsw&?)thginrllgthgc? ri]}?)(s) iTQlenn?gtilch? 88(51 %ggss not rely on
any specific hardware implementations or on any co-processors to implement specific
parts of the decoder. The method 800 is very useful for use with PDAs, portable audio
players or mobile phones and the like comprising powerful voltage and frequency
15 scalable processors, which may all be used as portable audio/video players.
Like many other multimedia bitstreams, the MP3 bitstream has a frame structure, as
seen in Fig. 3. A frame 300 of the MP3 bitstream contains a header 301, an optional CRC
302 for error protection, a set of control bits coded as side information 303, followed by
the main data 304 consisting of two granules (i.e., Granule 0 and Granule 2) which are the
20 basic coding units in MP3. For stereo audio, each granule (e.g., Granule 1) contains data
for two channels, which consists of scale factors 305 and Huffman coded spectral data
306. It is also possible to have some ancillary data inserted at the end of each frame. The
method 800 processes such an MP3 bit stream frame by frame or granule by granule.
The method 800 of decoding audio data will now be described with reference to

25  Fig. 8. The method 800 may be implemented as software resident in the ROM 106 and

being controlled in its execution by the processor 105. The portable computing device
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as seen in eps of the method 800 rmay be i nplenented
usi ng separate software dyl es. The t hod 800 .begipns at.  the first step
501 Cuher o ¢ A6 Rt e ths st LG ages Sae T fogm of pcpainpu bi of
Table | are selected. For exanple, the user of the portable conputing
devi d& 16keamynd stoses therdatain g dntemal bulerosfth (er digl D esifigyredhwithioythbad 102.
The processor 105 may store a flag in the RAM of the nmenory 106 indicating
whi ch onaemory 106. The internal buffer 500 will be described in more detail below. Then at

step 803, the processor 105 decodes the side information of the stored data using Huffman
decoding. Step 803 may be performed using a software module such as the Huffman
decoding software module 401 of the standard MP3 decoder 400, as seen in Fig. 4.

15 The method 800 continues at the next step 804, where the processor 105 converts a
frequency band of the decoded audio data into PCM audio samples, according to the
decoding level selected at step 801. For example, if Level 1 was selected at step 801, then
the decoded audio data in the frequency range 0 to 5512.5 Hz will be converted into PCM
audio samples at step 804. Step 804 may be performed by software modules such as the

20  dequantization software module 402, the inverse modified discrete cosine transform
(IMDCT) software module 403 and the polyphase synthesis software module 404 of the
standard MP3 decoder 400 as seen in Fig. 4.

The method 800 concludes at the next step 805, where the processor 105 writes the
PCM audio samples into a playout buffer 501 (see Fig. 5) configured within memory 106.
25  This playout buffer 501 may then be read by the processor 105 at some specified rate and -

be output as audio via the speakers 117.
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PCT/ SCZOQﬁéIQQpﬁﬁﬁrleggcoﬂlﬁtgtMgpcdgpdul es of a standard MP3 decoder 400,
whi ch incur the highest  workload are the de-quantization nodul e 402, the
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decoding described by De Smet et al in the publication entitled “Do Not Zero-Pute: An Efficient
Homespun MPEG-Audio Layer II Decoding and Optimisation Strategy”, In Proc. Of
ACM Multimedia 2004, Oct. 2004. The Do Not Zero-Pute algorithm tries to optimize the
polyphase filterbank computation in the MPEG 1 layer II by eliminating costly computing
15 cycles being wasted at processing useless zero-valued data. The present inventors classify
this kind of approach as eliminating redundant computation. In contrast, the method 800
partitions the workload according to frequency bands with different perceptual relevance
and allows the user to eliminate the irrelevant computation.
The reduction of workload in the three computationally most demanding modules,
20 namely the de-quantization module 402, the IMDCT module 403 and the polyphase
synthesis filterbank module 404, is expressed in the following Equations (1) to 4).
The computation required to be performed by the processor 105 for the de-
quantization of a granule (in the case of long blocks) is expressed as Equation (1) as

follows:

25



| evel (i.e., Levels 1 to 3), the de-quantization nodul e 402, the | MDCT
nodul e 403 and the pol yphase synthesis filterbank nodul e 403 process only
a partialwbnegusneg range and thereby incur | ess conputratrisonals/ooe®s. There
are several known optim zation nmethods used for nenory and/or 10
conputationally efficient inplenentatipns such as the "Do Not Zero-Pute"
algorithm described by De Snet et al in the publication entitled "Do Not

Zero-Pute: An Efficient Y mesPYh; di o Layer |1 Decodi ng and
Opt i mi satr @:rsigit(fsa)t*ﬁg,ﬁ'ﬂ‘l(n Pr o‘c.g lgw?%h/m timedi a 2004, Qct. 2004. The Do

Not Zero-Pyte,al gorithmtrie 0 fnjze th 0 hase fi | t er bank
conput at# i Cﬂﬁ?cf%em’l(%ﬁ@rf (‘fcgff ?C+ﬁ%%fﬁ?ﬁ2@g%61%‘§§fq%§j@)mputi ng 15
cycl es being wasted at processing usel ess zero-val ued data. The, present
inventors classify this kind of approach as elimnating r edunddnt

conputation. In contrast, the nethod 800 partitions the workload accordi ng
to frequency bands with different perceptual relevance and allows the user

toelim the, hhr t af i-0n. : ' .kl ogd. in the
thr e conate ati Snifel ShrsER o RPARERCRIOE et 5 JTRLAE) B iehith 2%,
de-quanti zation npdul e 402, the | MDCT nodul e 403 and the polyphase

synt Aesigolallgait bisnkherderarichmival quantizgsr stopedizenfarhéhd odntion grgnEquat.i ons
(1) to (4). The conputation required to be perforned by the processor 105
for the Selefguandtipdet i on the anygtipher efof i sedldefactasieands. | Suadefid dcks) thies
expressed as Equation (1) as follows: 25 WO 2006/ 057626 PCT/ SC2005/ 000405

-13 4 (1ggmmhgﬁi1?[ bhtizéd Ghctok for s€uld Adtrbind §fbl 6 EHethndl e 0GRl er.

multiplier * (scalefac _ | EsfblchJdgr]+ pref ag[gr] * pretabjsjh)) (1)
Preflag is the flag for additional high frequency amplification of the quantized values.
Pretab is the preemphasis table for scale factorbands. xris the i-th dequantized

10  coefficient.

For the standard MP3 decoder 400 not executing the steps of the method 800,
i=01..N-1 and N =576, while i=0,1,...,s6/*18~1 for the processor 105 of such a decoder
400 executing the steps of the method 800. For example, the range for Level 1 is reduced

to i=0),...143.

15 The computation required for the IMDCT module 403 may be expressed in

accordance with Equation (2) as follows:

x, = ”'le . cos(zl(Zi +1+ %)(Zk + I)J 2)

n
for i=0,,.,n~1 and n=36, where X, is the k-th input coefficient for IMDCT operations
and x; is the i-th output coefficient. For the standard MP3 decoder 400 not executing the
20  method 800 all 32 subbands are determined, while only st/ <32 subbands are calculated

in accordance with the preferred method 800.

The computation required for the matrixing operation of the polyphase synthesis

filterbank module 404 is expressed as:
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implementing the method 800 decreases linearly with the bandwidth.

After the bitstream unpacking of step 802 (i.e., as performed by the Huffman
decoding module 401), which require only a small percentage of the total computational

10 workload ( 4% in our examples), the workload associated with the subsequent step 804
(i.e., as performed by the modules 402, 403 and 404) can be partitioned. A granularity

may be selected that corresponds to all the 32 subbands defined in the MPEG 1 audio
standard. However, for the sake of simplicity, in accordance with the preferred method

800, these 32 subbands are partitioned into only four groups, where each group

15 corresponds to a decoding level, as seen in Fig. 4 and Table 1.

As described above, the decoding Level 1 covers the lowest frequency bandwidth (0 -

5 5 kHz) which may be defined as the base layer. Although the base layer occupies only

a quarter of the total bandwidth and contributes to roughly a quarter of the total
computational workload performed by the processor 105 in decoding an audio clip, the

20  base layer is perceptually the most relevant frequency band. The output audio quality
corresponding to Level 1 of Table 1 is certainly sufficient for services like news and
sports commentary. Lével 2 covers a bandwidth of 11 kHz and almost reaches the FM
radio quality, which is sufficiently good even for listening to music clips, especially in

noisy environments. Level 3 covers a bandwidth of 16.5 kHz and produces an output that



In accordance with the nmethod 800, Equation (3) becomes Equation (4) as
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out put coefficient. Equation (4) shows the conputational workload of the
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frequency bands.

The minimum operating frequency of the processor 105 for decoding audio data, in
accordance with the method 800 at any particular decoding level, may be determined. The
computed frequency can then be used to estimate the power consumption due to the

15 processor 105. The variability in the number of bits constituting a granule and also the
variability in the processor cycle requirement in processing any granule is taken into
account. By accounting for this variability, the change in processor 105 frequency
requirement when the playback delay of the bortable computing device 100 is changed

may be determined.

20 As described above and as seen in Fig. 5, the processor 105 uses the internal buffer
500 of size b, configured within memory 106, in decoding audio data in the form of an
audio bit stream (e.g., an audio clip). The decoded audio stream, which is a sequence of
PCM samples, is written into the playout buffer 501 of size B configured within memory

106. This playout buffer 501 is read by the processor 105 at some specified rate.



whi ch decodes the full bandw dth of 22 kHz. Levels 1, 2 and 3 process only
a part of the data representing the different frequency conponents,

wher eas Lwoeahosspizecesses all the data and is thereforePcorsgaoasiononsl |y
nore 5 expensive. The audio quality corresponding to levels 3 and 4 are
al nost i ndi stinguishable in noisy envifgonnents, but are associated with
substantially different power consunption |evels. Although each of the
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10 Now, given an audio clip to be decoded, let x(2) denote the number of granules
arriving in the internal buffer 501 over the time interval [0, t]. Because of the variability

in the number of bits constituting a granule, the function x(2) will be audio clip dependent.
Similar to the functions ¢’ (k) and ¢*(k), two functions o (A) and a”(A) to bound the
variability in the arrival process of the granules into the internal buffer 501 may be used.

15 The two functions a’(A) and a*(A) are defined as follows:
a'(8) Sx(t+A) — x(®) < a” (A),x(t), and LA >0 ®

where ' (A) denotes the minimum number of granules that can arrive in the internal

buffer 501 within any time interval of length A, and a*(A) denotes the corresponding

maximum number.

20 Given the functions @' (k) and ¢"(k), it is possible to determine the pseudo-inverse
of these two functions, denoted by ¢’ (7) and ¢*" (), with the following interpretation.
Both these functions take the number of bits n as an argument. ¢"l (n) returns the

maximum number of granules that can be constituted by n bits and gf)“_‘ (n) returns the



a constant rate of r bits/sec. The nunber of bits constituting a granule in
the MP3 frane structure is variable. The maxi num nunber of bits per

granul e ocao 20am33¢26be three tines the m ni num nunber ofPCliSGoasmo@&ogr anul e,
where this mni mum nunber is around 1200 5 bits. To characterize this
variability, two functions (k) and rp17{k) nmay be used, where 9'(k)
denotes the m ni mum nunber of bits constituting any k consecutive granul es
in an  auiiuliteibee afipraankds dipit chk pe demstitwed byne bitsr Bivspthedinpe bvastieamm
nunber of bits. ip (k) and gyp" (k) can be obtained by anal yzi ng a nunber

of audi o, ¢l1PF hd ﬂltterﬁ%lieosfffbg %gz %g%%%géfﬁltqgte A4 Pit9/s&d, | PIA) RaP Be RepseBsed. 10

Now, given an audio ¢ ecoded, let x(t) denote the nunber of
granules arriving in the internal buffer 501 over the tinme interval [O,
t]. Becal@tlewsf the variability in the nunber of bits constituting a
granule, the function x(t) will be audio clip dependent. Simlar to the
functions rp' (k) and rp"(k two.functions a' (A and a"(A bound t he
vari abi | i tyali(é)f‘ﬁe (é‘?‘}?‘\ﬁﬂa‘lx)%);&?séﬂﬁf the granules into thet(&nt ernal buffer
501 may be used. 15 The two functions a' (A) and a" (A) are defined as

follows: a' (A)_.5x(t+A)-x(1)< a’ (A : r&anfidls ggnot es
the m ni mum H&HB ncgft%a Péﬁ%%‘gf érﬁg%s)&%;ér}rcger@??c@%%ﬁgo E) ﬁgecefs\rq\gtﬁ?rﬁg?&@bsuf fer 501
within any tine interval of length A and a"(A). denptes the corresponding
maxi mum waridbie, thi® gar@bilish mayebe eartred Heing pwo fnctigny () 3od) 7 ,(%? té?@‘ Wossi bl e
to determ ne the pseudo-inverse of these two functions, denoted by rpl--

3 el e oM e er)f tenghi
(1) and Rl 4f Bohi® bk oW lukiOh O BEOhAS IR an BoklichilS) waghi ons

as an argunent.” (n) returns the rmaxi mum nunber
of granul es that can _be gonstituted by n bjts and rp"} (n) return e WO
2006/ 057 EenmEB sy 9%9@68550& ?Yﬂ?%’l}éﬂ’dlﬁ‘?%?%B?esﬁﬁgﬁ Fé’%ﬁ%e&‘ﬁif%%rtag‘é%% be
constituted by n bits. Since the input bit stream arrives in the internal
buf f er 5@dd a (i) remnss thacoredpendingrmabiimsrsmsunbes'of prmcessay c¥sdesd Eig. Aclows
10  the cycle requirement for the processor 105 per granule, corresponding to a 160 kbits/sec
bit rate audio clip, for a duration of around 30 secs. Fig. 6 shows the processor cycle
requirement corresponding to the four decoding levels of Table 1. There are two points to
be noted in Fig. 6: (i) the increasing processor cycle requirement as the decoding level is

increased, (ii) the variability of the processor cycle requirement per granule for any

15  decoding level.

Assuming that the playout buffer 501 is readout by the processor 105 at a constant
rate of ¢ PCM samples/sec, after a playback delay (or buffering time) of d seconds.
Usually ¢ is equal to 44.1K PCM samples/sec for each channel (and therefore, 44.1K x 2
PCM samples/sec for stereo output) and d can be set to a value between 0.5 to 2 seconds.

20  If the number of PCM samples per granule is equal to s (which is equal to 576 x 2), the
playout rate is equal to ¢/s granules/second. If the function C(t) denotes the number of
granules readout by the processor 105 over the time interval [0, t], then,

0,t<d
c®= E-t,t >d

N



follows: a' (A)=rp" '(rA and a" (A)=c' '(rA) (6) 5 Again, since the nunber
of processor cycles required to process any granule is also variable, this
vari abi | iwg 2neysb@ecapt ured using two functions y' (k) &ou/Sg20050p0405 Bot h
the functions y' (k) and y" (k) take the nunber of granules k as an
argunent. y' (k) returns the m ni num pgunber of processor cycles required
to process any k consecutive granules and )1'(k) returns the corresponding

maxi mm NeRebiveh MeOGHHE Witr&éCheshe Hinsbtiofs SHAWS, L ke 6F¥Ejbeax{c?q}"(7cﬁnent

for the processor 105 per granul e, correspondr ng to a 1 its/sec "bit

rate audi atron of ar se Fi 6. shows
processorgg%r%tfﬂgzmgglgﬁrp?sé#g‘?ﬁe %@?‘5@%8 &’ § ge Oﬁéd’fgﬁgﬂ’&e@ﬂﬁﬁ%é(év@% of
Table 1. There are two points to be noted in Fig 1\5 t he increasing
pr ocessoMBIFRWE DFQSEROF Erﬁ@rﬁmﬁ tg pastain dhsoplavput gafe pf £ é’C semplgy/ser may by t he
variability of the processor cycle requirenent per granule for any 15
decodi ng detevined ABlus in evppivabat t¢ nequpigyibat the playent Biffferi ¥ 1 rreacouidenfowd e
processor 105 at a constant rate of ¢ PCM sanpl es/sec, after a playback

del ays( oflf y@f d@iote3ghé totll) n@fibed oFf@eands. writtsumkd ﬂleCplh)‘Eorﬁ%uﬁfer 501 $¢erlife PCM
sanpl es/sec for each channel (and therefore, 44.1K x 2 PCM sanpl es/sec for

stereo oyfnRiiilerdi1f0,9), @lﬁaﬂtﬁﬁﬁ@c}m*@ﬁe& 1Y flg 931@35W>%®1f09ﬁﬁ ;Sgeonds. 20 11

the number of PCM sanples per granule is equal I'S equal to 576
X 2), the playout rate is equal to c/s granul es/second I f the function
C(t) denot es Liehthersanvbesr profided barthe emcesad b atbiyequercypf be egsesenttdDyother t he
time interval [0, t], then, O,t<d (C(t)=Ct,t>d s W 2006/ 057626

PCT/ SCZOQ&A&@Q% . SithflaNWo! AN FAS RrdsBRY thdirihudn humbBof BAREIS WSt SO
(9 . ek ek and v 00 of il
are guaranteed to be processed (if available in the internal buffer 500) within any time

10  interval of length A. It may be shown that y(£) > (a' ® B)(f),t = 0, where ® is the min-

plus convolution operator defined as follows.

For any two functions fand g, (f ® g)(t) =inf, . {/(#—s)+ g(s)}. Hence, for the
constraint y(z) > C(1), t > 0 to hold, it is sufficient that the following inequality holds:
(@' ®B)=C(), 120 )

15 From the duality between® and &, for any three functions £, gand b, h > f D g if
and only if g ® h>f, where @ is the min-plus deconvolution operator, defined as
follows: (fidg)(t) =sup.{f(t+5)—g(s)}. Using this result on inequality (1), B(?) may
be determined as follows:

B =(CDa’ YD), t =0 8)
20  Note that (1) is defined in terms of the number of granules that need to be processed

within any time interval of length t. To obtain the equivalent service in terms of processor

cycles, the function y*(k) defined above may be used. The minimum service that needs



characterizing the possible set of audio clips to be decoded, and the
function C(t), the mninmmprocessor frequency f to sustain the playout
rate of cwBCMeEMEbes/ sec nay be determ ned. This is equirsa2enstoot40s
requiring that the playout buffer 501 never underflows. 5 If y(t) denotes
the total nunmber of granules witten-ionto the playout buffer 501 over the
tinme interval [0, t], then this is equivalent to requiring that y(t) > C(t)
for all ¢ BeOgudeiteddby SBE \présgor oMI5desl ehyure Hhatptheclsgont Wikr di01f neguency f
be represented by the function 5(0. Simlar to a (A), #(A) represents
the m ni;pyR H,E‘@;- jranul es that are guaranteed to be processed (if
avai |l able |n8t e ?X?%P}ﬁal buffer 500) within any tine 10 interval of length
A It may be shown that y(t) >_ (a (r)f)l(t), t 2 0, where (r) is the mn-
pl us co ut ju pe (Wl ] . For any two fgmctions f and
g, (f (%&%)%?B@Z n#gtwfmﬁi)?t%ﬂ@?l% s)?\é\?3 Hence, for the@mconstrai nt
y(t) > C(t), t 2 0to hold, it is sufficient that the following inequality
hol ds:  pf@bebdor c5d16s YRG{ItY)> 01 Réhde/he dbinfhomn fiduygemtyadt ivihictbeeweesesgar)10and 0,
for any three functions f, gand h, h 2 f 0 gif andonly if g 0O h ?f,
where 0 g sgghepg nypl ugy d | yhd OnsRBiGEAt Oplaysif i R@el ais  fiobh ovisy:
(ffng) (ts'bgu:lhsu}))énzprL?11 f%%t%ilgtg#p-qg(s)ns}p@. Usi g% }[Ihi s result o% i ne\é\ﬁyal ity
(1),,8(t).m be termned.as follows: /3(t) .3 ( ) (¢ . 20 (8) 20
Not e thd”!llff{fo‘{ltﬁ't ?ﬁééw ﬁé’g' &Heteé‘Frrgé’ %CFUSP‘P?B%?&%%M%? etcocgi?‘lgnaﬁ'l) ae%&l? ﬁgp én%eed to
be processed wthin any tine interval of length t. To obtain the
equi val gRfatRf VisGRopdttib@il 1S 0% , pEvatss arvoltaye hieb frequeacy werdstleprocessok,)
defi ned above nay be used. The mni nmum service that needs WD 2006/ 057626
PCT/ SC2005/ 000405 -.19 to_he al: r; : tfe s’ € t hat
the pl ayBife SOFFROMSYE 0ol 09%?%1@%‘?%13@3%5@%?&2&9 v tu))ﬂagEtoY"tﬂf(:/fi (t)) =
Y (~(cof?‘)(t)) =y (At)Q? -1 (rt)(9)

equency.

10 Fig. 7 shows the processor cycles required within any interval of length t
corresponding to the decoding levels of Table 1. From Fig. 7, it can be seen that each
decoding level is associated with a minimum (constant) frequency f- As the decoding

level is increased, the associated value of f also increases.

Supposing the processor 105 is run at a constant frequency equal to f processor
15  cycles/sec, corresponding to some decoding level. The minimum sizes of the internal and

the playout buffers 500 and 501, which will guarantee that these buffers will never

overflow, may be determined. The pseudoinverse of the two functions y' and y*,
denoted by »' (n) and #*~ (n), respectively, may be determined. Both these functions

-1
y' and y* take the number of processor cycles n as an argument. y'"(n) returns the

20 maximum number of granules that may be processed using n processor cycles and

7“_1 (n) returns the corresponding minimum number.

The minimum number of granules that are guaranteed to be processed within any

time interval of length A, when the processor 105 is run at a frequency f, is equal to



processor cycles for all t > 0. Hence, the mninmum frequency at which the
processor 105 5 should be run to sustain the specified playout rate is

gi ven by:wormoesfosfe2s f - t b't > 0} . The energy consunpCr®G2edsiob@osiecodi ng
an audio clip of durationt is proportional to ft. assum ng a vol tage and
frequency scal abl e processor, where cgrresponding to any operating point,
the voltage is proportional to the clock frequency. 10 Fig. 7 shows the

processor.tyal es requi.;red within.any interval, of length t_ corresponding to
t he decog?ﬁégrgﬁgﬂé 0$K¥§H$%1E§n¥?@%Fﬁﬁﬁ? f&ﬂFangﬁH%BH@EgW’Pﬁéﬁg%égﬁ
decoding level is associated with a m ninmum (constant) frequency f. As the
decodi NgintdrBMuffes 5 ap%', ted. val ff,«a i es.
Supposi ng theq%lr oieg%]gf&?ggé?g&?%ngzt a ?onégltpéﬁé&ﬁquJengi@éq%%ﬁfg% f
processor 15 cycl es/sec, corresponding to sone decoding | evel. The m ni num
sizes of theSinila#lyNéle Madmuin b FkadRifsitBASnAPR: HddesSOL withth £ Hhé !
guarantee that these buffers will never overflow, may be determ ned. The
pseudoi nverse of the two functiops yl and y', denoted by yt-' (n) and y"-'
(n), resPEEYHR lenethed) ip 1veB thyr 9%3 r{é{) Iit possthas to shnve thadmsriva) peertsy of t ake

t he nunber of processor cycles n as an argunent. y'-1(n) returns the 20

maxi rgm 8¢ i theQahk 88FfENSU1 RBWpRLLAHICEBSaHe UsicHEn Wﬂ%ﬁcﬁﬁlﬁq’lrm cles

and y" (n) returns t'he corresponding m ni mum nunber. The hi mum nunber of

granul es,_ that are, quaranteed to be processed within any tine interval of
| engt h Z},’e@ﬁ%@ﬁllfl%%gspnf%gi?g%sor 105 is run at a frequency f, is equal to WD

2006/ 057626 PCT/ SC2005/ 000405 -20 y' -1 (f4). It may be shown that the

m ni mum si ze, b, ,of t, Lnt-e | . by 0, such that the internal buffer

500 never d¥ée )I_O%Qg%ééﬁ v%g)f@’b &%éu%oo‘,lé({a" (A - yu' (f4 }(l@ranul es.
Simlarly, the maxi mum nunber of granules that may be processed within any

time interval_pof length A is given b%( -'(f0). It is possible to show that
arrival W e 5(Ayf 1s the maximum number of granules that might be written into the playout

buffer 501 within any time interval of length A. The minimum size of the buffer 501 (i.e,

10 B), to guarantee that the buffer 501 never overflows can now be shown to be equal to

B=sup,,{@”(A)—C(A)} granules. The sizes b and B in terms of bits and PCM

samples are ¢"(b) and sB respectively.

In one implementation, the processor 105 may be an Intel XScale 400MHz

processor with the decoding levels being set according to Table 2 below.

15 Table 2
Playback delay Level 4 Level 3 Level 2 Level 1
0.5 sec 3.56 MHz 2.91 MHz 2.13 MHz 1.33 MHz
1.0 sec 3.32 MHz 2.71 MHz 1.99 MHz 1.23 MHz

2.0 sec 320MHz" | 2.61 MHz 1.91 MHz 1.19 MHz




5 granules in the playout buffer 501 is upper bounded by the function a"
(A), which may be determned as follows: a"(0)=(a"(o)(r)yr-'(fo))oy"

| (fA), VAYO20ddd)7626here a"(A) is the nmaxi mum nunber of @carsckes/obdwas m ght
be witten into the playout buffer 501 within any tine interval of length
A. The mninmum size of the buffer 501 ;i..e, 10 B), to guarantee that the
buf fer 501 never overflows can now be shown to be equal to

B=supdz0{ a" ( &he &foihedticnRd peFerrdth@ethiod@s chmprise Bphichf BSutRfl . STRGE PCM

sanples are rp" (b) and sB respectively. In one inplenmentation, the

Pr 0cessohrellanRyh 5 SOR: e i ng

| evel s bgrienlgég et aegg%ﬁ;%inﬁgé f?a(l)] eﬁ%ﬁ%ﬁ%%ﬁ%ﬁﬁé ) %‘9 @ag%ealfwﬁ%ﬂgytog{gﬁpgéﬁgy
v 1, o R depail 5 G dpoal iR Rrciudh (eSS hom e 9Re 1 W
1.917 Mz 1.19 2006/ 057626 PCT/ SC2005/ 000405 -21 The aforenenti oned
preferr eﬁteﬂ%‘i’tﬁgﬂé‘éﬁé Fﬁhgg(S}imﬁ}g ?PE&P@PG%‘BN@PI rfhsiseapsatialy. ar e many

ot her variants of the preferred nethod(s) which use different control flows

W t hoyt departing the spirit Ofmﬁﬁgﬂﬁﬁmgﬂé‘ffﬁtﬂ;e”“ on. Furthernore one or
met )

nore of the steps of the preferre y be perfornmed in parallel

rat her sequegpt.i all 5. L ndustrial licability Lt i arent _fromthe
above that t elg %*’P%%’&effr%fﬁg Ee aRE rt}l?)%rel(ge APatesyyi chef?f:’égetdggg faplical n%‘fg and
dat a processing i hdustri es, TQ; foregoi ng descri bes only sonme enbodi nents
of the pPUBRHE PORCSSIEANIUSHIRSt i cat i ons and/ or changes can be made

thereto wi thout departing fromthe scope and
The foregoing describes only some embodiments of the present invention, and

modifications and/or changes can be made thereto without departing from the scope and
10 spirit of the invention, the embodiments being illustrative and not restrictive.

(Australia Only) In the context of this specification, the word “comprising” means

“including principally but not necessarily solely” or “having” or “including”, and not

“consisting only of”. Variations of the word "comprising", such as “comprise” and

“comprises” have correspondingly varied meanings.

15



10 spirit of the invention, the enbodi nents being illustrative and not
restrictive. (Australia Only) In the context of this specification, the word
"“conprising” nmeans "i.ncluding principally but not necessarily solely" or
"havi ng” or "including", and not "consisting only of'. Variations of the
word "conprising”, such as "conprise" and "conprises" have correspondingly
varied neanings. 15 22 The clains, defining the Invention are as foll ows:
. A device for playing audio clips, the device conprising: a processor

scal able in frequency, voltage, or both32-5 a switch for selecting one of a
plurality of output audio quality levels of the device; a software based
audi o decoder Thapaimsdefisingbe pyentign grepsdollowsips at nultiple quality |evels,
the nultiple quality |evels being engineered to match voltage and frequency
| evel s of the processor; and a controller controling a decoding |evel of the
decoder and voltage and frequency 10 | evels of the processor based on the
switch; wherein egéwcelﬁqrmbvma@@mlmﬁlﬁfiwcelcemmsmg's associated with a

di fferent power consunption of the processor. 2. The device as clainmed in
claim 1, wherei n2aespsossshlable indregnsngyuvoliggraeriboth, i s 15 associated with

sel ecting ane of s fRh RASHEKH] AEG TUIRRT oAbkl AAGRAN BAMF nchfecoder

decodes a portion of the 0 data represénting sai'd audio clip according

to the sel ected ##figaeerhesedisudiel deopfrocaniable af despdinmiudip qbioy ot owtipde wehy audi o
data representi RIS a#eqxt“ﬁ&eb%aﬁﬁ%g Rels %eiﬂé meggpioeﬁ%& Joﬂﬁgzel%@ : converts

the decoded portion o data 1hto sanpl ata 20 represénting the
decoded audi o dale¥els theprpsesswidAnde as clainmed in claims | or 2, further

conprising a par{ E&n‘rrgﬁ'ér %ML ﬁectxﬂ.ﬁg level of the decoder and voltage and frequency”

10 levels of the processor based on the switch;
wherein each output audio quality level is associated with a different power

consumption of the processor.

2. The device as claimed in claim 1, wherein each selected output quality is
15 associated with selecting one of a predetermined number of frequency bands;
the decoder decodes a portion of the audio data representing said audio clip
according to the selected frequency band, wherein a remaining portion of the audio data
representing said audio clip is discarded; and
the processor converts the decoded portion of the audio data into sample data

20  representing the decoded audio data.

3.  The device as claimed in claims 1 or 2, further comprising a partitioning module for
partitioning the frequency range of the audio data representing said audio clip into said
frequency bands.

25
4. The device as claiméd in any one of the preceding claims, wherein the audio data is

an MP3 bitstream.



paftrtroning the frequency range of the audio data representing said audio
clipinto said frequency bands. 25 4. The device as clained in any one of
the preceding clainms, wherein the audio data is an MP3 bitstream -23- 5.
The device as clainmed in any one of the preceding clains, wherein the device
is portable. 5 6. A nethod of playing audio clips, the nethod conprising:
sel ecting one of a plurality of output audio quality |levels; and providing a
sof tware based audi o decoder capabl e of decoding audio clips at nultiple
quality levels, the multiple quality |ewgls being engineered to match
vol tage and frequency levels of the processor; and io controling a decodi ng
| evel of the decoder and voltage and frequency |l evels of the processor
based on the sel ected output audio quality |level; wherein each output audio
quality level $.s ghedevictdlaittedlin anyordefof tenirecpditge tlaims,oxtsersifpthe deviefis t he
processor for the decoding processing. t5

portable.

5 6. A method of playing audio clips, the method comprising:
selecting one of a plurality of output audio quality levels; and

providing a software based audio decoder capable of decoding audio clips at
multiple quality levels, the multiple quality levels being engineered to match voltage and
frequency levels of the processor; and
10 controling a decoding level of the decoder and voltage and frequency levels of the
processor based on the selected output audio quality level;

wherein each output audio quality level is associated with a different power

consumption of the processor for the decoding processing.

15
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