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1 ' VETHOD & APPARATUS FOR DECODI NG MULTI - CHANNEL AUDI O DATA Field

of the Invention This invention relates to multi-channel digi'tal
audi o decoders for digital storage maﬁLa and transm ssi on nedi a.
Background Art An efficient |'ti-channel digital audio signal

coding met hods have been devel oped for storage or transm ssion applications
such as the digital video disc (DVD) player and the high definition digital
TV receiver (set-top-box). A description of one such nmethod can be found in
t he ‘ATSC Standard, "Digital Audio Conpression (AC 3) Standard", Docunent

A/ 52, 20 Decenber 1995. The standard defines a coding nethod for up to six
channels of nulti-channel audio, that is, left, right, centre, surround

| eft, surrMETHODy&APRARATRS FOR IFECQDENGMULTEc CHANNEL). AADINBATA

Techni ques of this type can be applied in general to code any nunber of
channel s of related or even unrel ated audio data into single or multiple
repr esent@biduriné Miveatisieans) . In the ATSC (AC-3) nethod, the input
mul ti-channel digital audio source is conpressed bl ock by block at the
encoder by first transform ng each block of tinme donai n aud| 0 sanples into

frequency COEf’Ithll ‘?c% iGh 1 Fﬁ 5B x%@txg&%?xald?%& lll}d‘:ﬁ; dc%gee?r% for H&graél ng the

resul ting frequency coeffrrclen | zed CoO G

det er m neghdhiahsmission mietlian st rat egy, and finally formatting and packl ng the
guanti zed coefficients and bit allocation information into a bitstream for
storage or transm ssion. Furt her nore, dependi ng upon the spectral

and t enmpogflkerdiafdekiter i stics of each channel

An efficient multi-channel digital audio signal coding methods have been developed for
storage or transmission applications such as the digital video disc (DVD) player and the high
definition digital TV receiver (set-top-box). A description of one such method can be found
in the ATSC Standard, "Digital Audio Compression (AC-3) Standard", Document A/52, 20
December 1995. The standard defines a coding method for up to six channels of multi~channel
audio, that is, left, right, centre, surround left, surround right, and the low frequency effects
(LFE) channel. Techniques of this type can be applied in general to code any number of
channels of related or even unrelated audio data into single or multiple represéntat-icms

(bitstreams).

In the ATSC (AC-3) method, the input multi-channel digital audio source is compressed
block by block at the encoder by first transforming each block of time domain audio samples
into frequency coefficients using an analysis filter bank, then quantizing the resulting frequency
coefficients into quantized coefficients with a determined bit allocation strategy, and finally
formatting and packing the quantized coefficients and bit allocation information into a bitstream

for storage or transmission.

Furthermore, depending upon the spectral and temporal characteristics of each channel
in the audio source, the transformation of each audio channel block may be performed
adaptively at the encoder to optimize the frequency/time resolution. This is achieved by

adaptive switching between two transformations with long transform block length or shorter



in the audi o source, the transformation of each audi o channel bl ock nmay be
performed adaptively at the encoder to optim ze the frequency/tine
resolution. This is achi eved by adaptive sw tching between two
transformations with | ong transf orm bl éck | ength or shorter

2 transform bl ock | ength. The | ong transform bl ock | ength which has
good frequency resolution is used for inproved codi ng performance, and the
shorter transform bl ock | ength which has greater tine resolution is used
for ‘audi o i nput signals which change rapidly in tine. At the
decoder, each audio block is deconpressed fromthe bitstreans by first
determning the bit allocation information, then unpacking and

de- quant i transfgrh hieckjicagthi Thelloog ehfisfamebibek leagthl wihivhdas goddr faaymémynesafutione

resulting freguency coeffj.cients based determ ned | gn r shqrter
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Pr ocessesgr4iér ¢ fabIB6h & AbedRE M RPISigral} wHieh ¢Rdhid aplagiAeimeaudi o data.
For reasons such as an overall system cost constraint or "physi cal

limtation such as the nunber of output |oudspeakers that can be used,

downm xi ng of f.hg d d i e ] f S t the
nunber of out p%tt ﬁ‘éh'g%ﬁg ) egaf'u %%dég %d%r@ﬁgghgggﬁée@&n Bgésib&%?%?ﬂs %’ov&ﬁ% Xi ng
i S per f ordeectnsinial thelisit altdeetiorinfarmatien) tieh wmpakiking anti e Apiandzing shef quahtyzedr

partially preserved . while the nunper qf output chapnel is reduced.  Faqr
exanpl e, ‘f?ﬁh%?@i%aé‘ﬂﬁ%"lmﬁg ’E‘H&qg‘ rﬁ?‘ﬁg’ﬁgf %ﬁ‘gﬂfnwc EIgE 6‘é§°“a$f6°rﬁl“39 d down
to two quﬂgtor %H&EH?Ql'a%sfohHQcﬁ%?t? ]th 3ndlur RBldorRANARlio PEM a8l €T lecodin

conventional stereo audi o anp i er and | oudspeakers systens. One nethod of
downmi xi reyosrssesises preformpdfog eagdy channel in the multi-chgnaek qudio data. wher e

For reasons such as an overall system cost constraint or physical limitation such as the
number of output loudspeakers that can be used, downmixing of the decoded multi-channel
audio may be performed so that the number of output channels at the decoder is reduced.
Basically, downmixing is performed such that the multi~channe! audio information is fully or
partially preserved while the number of output channel is reduced. For example, multi~channel
coded audio bitstreams may be decoded and mixed down to two output channels, the left and
right channel, suitable for conventional stereo audio amplifier and loudspeakers systems. One

method of downmixing may be described as:

4, = Z (a; x CH)

J=0
where
i : the selected output audio channel number
J : input audio channel number
m : the total number of input audio channels
4, : i-th output audio channel
CH j=th input audio channel
a : downmixing coefficient for the i—th output and j~th input audio channel



i : t he sel ected output audi o channel nunber ]

I nput audi o channel nunber m X the total nunber of input
audi o channel s A, : i -th output audi o channel CH,
j-th input audi o channel alerr] 3 downmi xi ng coefficient for
the i-th output and j-th input audi o channel

3 The downm xi ng nmet hod or coefficients nay be desi gned such
that the original or the approxinate of the original decoded nulti-channel
signals may be derived fromthe m xed down channel s. The

conplexity or cost of decoding for such current art nmulti-channel audio
decoder is nore or |ess proportional to the nunber of coded audi o channels
wi t hin the inplke dowrsniringmetHod opacdfficiahtamaytbedesignedrsseh thatahs briginalpr cdress,

which is conmputati | |y .the, nost intensive nodul e qf fhe di o, decoder and
incurs a ?R%fgf‘lmaﬁh‘ggg%8%%’“5&%%%9&”’@“‘{3‘36’?%3@%5 Wyg’ﬁféf“'iffg@@s‘g%g‘%dt hi n

t he audi ogsles eiimnels S perfornmed on every block of audio in every audio
channel . For exanple, a six channel audi o decoder woul d have about three
times the conplexity or cost of decoding conpared to a stereo (two channel)
audi o decoder with e : ' udi hannel ...
Di scl osure of the I?ﬁ\}e%oﬁﬂgﬁmg%?%g&%gd%&?@ aﬁg‘%éjcg%g&lc??! rf’%ll?lé'&llarwé;natufhgn to
provi de ademtiéroid naorel orjepsmprapardorfabro e aombergpfotdd Aidioeshantels within shcoinputc oded

nulti-chagnel audj o dat? ich will oyercone or at |east aneliorate, the
f or egoi ng WSty o %adggu Pt HBVestE tansiorm process, which is computationally the most

intensive module of the audio decoder and incurs a much higher cost to implement compared

to other processes within the audio decoder, is performed on every block of audio in every audio
channel. For example, a six channel audio decoder would have about three times the complexity
or cost of decoding compared to a stereo (two channel) audio decoder with the same decoding

process for each audio channel.

Disclosure of the Invention

It is an object of this invention to provide a method and apparatus for decoding a
bitstream of transform coded multi~channel audio data which will overcome or at least

ameliorate, the foregoing disadvantages of the prior art.

One factor that affects the complexity or implementation cost of the mentioned inverse
transform is the arithmetic precision used within the process. The precision adopted in this
module has a direct relation to the cost (in terms of the amount of RAM/ROM required) and
complexity in implementation. Also, the inverse transform is the most demanding stage in terms
of introduction of round off noise. Generally, the higher the precision used within the inverse
transform process, the higher the implementation cost and the output quality; and vice versa, the
lower the precision used within the inverse transform process, the lower the implementation cost

and the output guality.

Arithmetic precision considerations in the Inverse Transform involve the word size of

the frequency coefficients and the twiddie factors used in each stage, as well as the intermediate



One factor that affects the conplexity or inplenentation cost of the
mentioned inverse transformis the arithnmetic precision used within the
process. The precision adopted in this nodule has a direct relation to the
cost (in ternms of the anount of RAM ROM‘required) and conplexity in

i npl'ement ation. Also, the inverse transformis the nost demandi ng stage in
ternms of introduction of round off noise. Generally, the higher the
precision used within the inverse transform process, the higher the

i npl enentation cost and the output quality; and vice versa, the |ower the
preci sion used wthin the inverse transform process, the |ower the

i npl ementati on cost and the output quality. Arithnetic precision
consi der atpBAg2ined heecen pagess EheNrequshiey coeffrpimits/gentaedbyititt Gitzdecoding age

frequenc G | e factors .used in each stage, as well
as ?he ixtage%ﬁe{a&}cgtti&g%cgggo%&%u}a% gc%ncd by?he precision requ1rcde. g 4

data retai ned between stages. The frequency coefficients generated by the
dat a decodi ng gt age are rec}a]i_‘ned,to the degree of accuracy defined by the
preci si on requPPele other hand. thepudie, chasngls repraseated; wighin the Hultirabavatisaudio
repr esent @fstainthiy hdve difedrtdt pERENEAimPYHYHRe RIdiRE e s ST
perceptual i rrportgynce rel z;ti \[/Je t@ﬂ(} tﬁrg actng?aFékgﬁ'git&;&?ggiagln{lgﬁecﬁglrc%xgﬁbl es,
a surr oungxastriesca susioundeffechehanird ey hebatelarivkly 1¢ss percpprud dmportdnce oqaparadice

conpar ed 8l hannel .. an.audi.o bl ock with shorter transfarm bl ock
bt whiss el Ehdhntl 8o Bloc? i sHomer EroSorin Plar el Phith g e Eis o

f r equency tiae shangeirapidlyen tinean®iave Q&P eent radBluab eQuiRGH cinbdted Rh
transform %og@k}engt h. Bi/@nat ching different precisions for the
i nverse t A4S with dengteansform block irmgfhul ti - channel audi o decoder with the
audi o contents within the coded nulti-channel audio bitstream the overall

conpl exity or inplenmentation cost of the decoder can be optim zed.
By matching different precisions for the inverse transform process within the multi-

channel audio decoder with the audio contents within the coded multi-channel audio bitstream,

the overall complexity or implementation cost of the decoder can be optimized.

According to a first aspect, this invention provides a method for decoding a bitstream

of transform coded multi-channel audio data comprising the steps of:

(a) subjecting said bitstream to a block decoding process to obtain for each input
audio channel within said multi~channel audio data a corresponding block of

frequency coefficients;

(b)  assigning to each said block of frequency coefficients a higher precision inverse
transform or a lower precision inverse transform according to predetermined

characteristics of said audio data represcnted by the block;

{©) subjecting each said block of frequency coefficients to higher precision inverse

transform process or lower precision inverse transform process;

() generating a respective output audio signal in response to each said higher

precision inverse transform process and each said lower precision inverse



According to a first aspect, this invention provides a nmet hod for decodi ng
a bitstreamof transform coded nulti-channel audi o data conprising the

steps of: (a) subj ecting said bitstreamto a bl ock decoding
process to obtain for each input 5 audi o channel within said
mul ti-channel audio data a correspondi ng bl ock of frequency
coefficients; (b) assigning to each said block of frequency
coefficients a higher precision inverse transformor a | ower
preci sion inverse transform accordi ng to predetermn ned

characteristics of said audio data represented by the bl ock; (c)
subj ecting each said block of frequency coefficients to higher precision
i nverse transformpEYCssSm process or | ower precision inverse

transf orm process; (d) generating a respective output audio
signal in response to each said higher preci sion inverse

transf orm prockss sexvid espHat, Skis thvientivey prpvides @i Appadatié €6:Sdecoding a bitstream of

5 transf orm process. . In a second aspect,
this i nvefErEerpesse guli= a’ﬁ‘ﬁbﬁ‘?&’c{i’éﬁ?%‘?f“ﬁ%di ng a bitstream of transform
coded nul ti-channel audio data conpri sing: (a) bl ock decodi ng

means to produce for each input audio channel within the said o
mul ti - channel @)di oblerk decedinpmeenspo prhidaes for oadh infut Andiqebannyl witkif thecsaient s ;

multi-channel audio data a corresponding block of frequency coefficients;

()  means for assigning to each said block of frequency coefficients a higher
precision inverse transform or a lower precision inverse transform according to

predetermined characteristics of said audio data represented by the block;

(©)  means for subjecting each said block of frequency coefficients according to said
assigned higher precision inverse transform process or lower precision inverse

transform process;

(d)  means for generating a respective output audio signal in response to each said
higher precision inverse transform process and lower precision inverse transform

process.

Preferably, the blocks of frequency of all the input audio channels are downmixed in the
frequency domain to a reduced number of intermediate blocks of frequency coefficients; and
each intermediate block of frequency coefficient is assigned a higher precision inverse
transform or a lower precision inverse transform according to predetermined characteristics of

the audio data represented by the block.

Alternately, the blocks of frequency coefficients of all input audio channels coded
adaptively with long or shorter transform block length can be downmixed partially in the
frequency domain to a reduced number of intermediate blocks of frequency coefficients; and

assigned a higher precision inverse transform or a lower precision inverse transform according



(b) means for assigning to each said block of frequency coefficients a

hi gher preci sion inverse transformor a | ower precision
i nverse transform according to predet erm ned characteristics
of said audio data represented by the Bl ock; (c) means for

subj ecting each said bl ock of frequency coefficients according to said
assi gned higher precision inverse transform process or | ower precision

i nverse t ransf orm process; (d) means for
generating a respective output audio signal in response to each said

hi gher precision inverse transform process and | ower precision inverse
transform process. Preferably, the bl ocks of

f r equencytoqiredetdrmined charpaséristivdlofahe haiinedts rapee’emiedwythe ®hck.n t he frequency
domain to a reduced nunber of intermedi ate bl ocks of frequency
coefficients; and each internedi ate bl ock of frequency coefficient is

assi gned a hi ghRriedkefetsdifpreR¥BlSRvéIvaasf ormor a | ower precision inverse
transform according to predetermned characteristics of the audio data

represented by the bl ock. Alternately, the bl ocks of frequency

fficient - . ' | s.. : i.vel ] .
horter transtalm BPEHE P bibliCert W RRE, 3000 0R MBIl b Mnlpp Rl o,
domain to a reducechmnehier of intermedi ate bl ocks of frequency

coefficients; d assigned a higher precision inverse transformor a,lower
preci sion i nve@ e tUNRAKINE JHaniize rfa:qua)cy coefficients from said bitstream using said bit

6 to predet ernhadn Slignasher i stics of the audio data represented by
t he bl ock. ’

(¢)  de-quantizing said quantized frequency coefficients to obtain said block of

frequency coefficients using said bit allocation information.

Preferably, the higher precision inverse transform process applies a frequency~domain
to time-domain transform to the respective block of frequency coefficients using higher
precision arithmetic parameters and operations, and the lower precision inverse transform
process applies a frequency-domain to time-—domain transform to the respective block of

frequency coefficients using lower precision arithmetic parameters and operations.

In an alternative, the higher precision inverse transform process applies subband
synthesis filter bank to the respective block of frequency coefficients using higher precision
arithmetic parameters and operations, and the lower precision inverse transform process applies
subband synthesis filter bank to the respective block of frequency coefficients using lower

precision arithmetic parameters and operations.

Preferably, the higher precision inverse transform uses a digital signal processor with
double precision wordlength and the lower precision inverse transform uses the same digital
. signal processor with single precision wordlength. The digital signal processor is preferably a

16-bit processor.

In an embodiment of the present invention, the de~quantized frequency coefficients of



The bl ock decodi ng preferably invol ves: (a) parsing said
bitstreamto obtain bit allocation information of each input audio

channel ; (b) unpacki ng quanti zed frequency coefficients fromsaid
bitstream using said bit 4l l ocation information; (c)
de-quanti zing said quantized frequency coefficients to obtain said bl ock of
frequency coefficients using said bit allocation information.

Preferably, the higher precision inverse transform process applies a
frequency-domain to tinme-domain transformto the respective bl ock of
frequency coefficients using higher precision arithnmetic paraneters and
operations, and the | ower precision inverse transform process applies a

f requency-dohmbded audio cleno wﬁihﬁn 4 blank fobraineiddbyt deformagingehd inputthwldkchahnel
frequency ¢ aranet ers and

efficients reci sion arithmetic
operatio nsa“‘%lo bitstream, are ﬁ&ﬂ??“%l ® E‘X\‘%ﬁ?‘{) peans whereRy Hiedhehsr QEieRepPrerision inygrse
transf or m pireGAS SredlRiiinfiRd $6taPRRd LRS! %hcfdeLE;@aran%ecfuenéy%cffﬁm&%f' ve

bl ock of frequency coefficients using higher precision arithnetic

par anmet er scagihgodsp eydia ¢hanre! withia therbéock evc@rthqg thesleending complsxity istreducsd without
process ap sis. fl k to,.the respective bl ock of
frequency @orb?'%mcgi%l? a%;caﬂé"ly&r%kaqfsd\?\é‘r’ Cngti aé'ﬁloach {"H'rret I c paraneters and
oper ati ons. Pr ef erabl Y, the hi gher precision inverse transform
uses a digital nal processor w th double precision wordlength and the

| ower preci si or?"?‘%(ﬂ?}ys detquapiized Fortticients ohall soded audig FF%’“’@F%B? med ce¥Bor
with singlg ﬂ&g@&@ eRaRLel :ﬁmwmtam&nsérwf frflerse 'tﬁﬂsgbmpfsq&ﬁﬁé@fo the number

preferably a 16-bit processor. an enbodi ment he present

i nventi on, oftoh@utmxdmmlzreqhnfed e’l:']lnpsheguaooz;afﬁeqmwny soefficients of the audio channel

! blocks which were coded adaptively with long or shorter transform block length can preferably
be mixed down partially in the frequency domain according to the long and shorter transform
block length needs so that the total number of inverse transform, higher or lower precision, is
reduced to an intermediate number, and the final output audio channels are generated by

combining the results of the inverse transform in time domain.

The means for assigning higher or lower precision inverse transform processes is
preferably implemented in such a way that the decoding complexity is maintained while the
output audio quality is xmproved Parametcrs which may be used include number of coded
audio channels, audio content information, long or shorter transform block switching
information, output channel information, complexity required, and/or output audio quality

required.

It will be apparent that with the addition of a relatively simple selector for higher or
lower precision inverse transform, the overall complexity or implementation cost of the multi-
channel audio decoder is reduced or optimized. An intelligent selector may be designed for
multi-channel audio applications in such a way that perceptual importance of each audio
channel is used to determine the precision of the inverse transform process, and maintains the
overall subjective quality of the output audio channels. Simplification of the precision
requirements for the inverse transform process for certain audio channels significantly benefits

low cost multi—channel audio decoder implementations and applications.



each coded audi o channel within a bl ock, obtained by deformatting the input
mul ti-channel audio bitstream are subjected to selection neans whereby the
hi gher or |ower precision inverse transformare deternm ned for inverse
transform ng the de-quantized frequenc§ coefficients of each coded audio
channel within the block such that the decoding conplexity is reduced

W t hout introducing significant artefacts in overall output audio quality.
Preferably, de-quantized coefficients of all coded audi o channels can be

m xed down in frequency domain such that the total nunber of inverse
transformis reduced to the nunber of output audio channel required. The
de-quanti zed frequency coefficients of the audio channel blocks which were
coded adapt i velwo embadimentspf the inviaationeyill nevd e flesemted| Byckay efrryempleonlypmither abl y

be m xed d \Ancg%gielaa%%(ﬁnéag#égﬁmwm uency domain according to the |Iong and

shorter tlARSIOrm neetds so that the total nunber of inverse

transform higher or lower precision, is reduced to an internedi ate nunber,
and the final_output auydi @ channels are generated by conmbining the results
of the i nBEEkRescripHon of theiRraings domai n. The neans for assigning
hi gher or | ower precision inverse transform processes is preferably

i npl emented in such a way that the decoding conplexity is nmaintained while
t he out put audfigurgdal it ys & Surictipmabblodk dRgraamiivstratingithe hasimstristure obd firsicl ude

nunber of coded audi o channel s di.o _caontent, i nforsmiio | ong, or _shorter
transform bl ock swi tchi ﬁ’é’g?cﬁ?‘g?trﬁhcdmen e g%?hecﬁﬁ%?fe%?x f:or%‘g gla“ﬁ? ?%ar{l,"cg
conplexity required, and/or output audio quality required. It will
be apparent that with the addition of a relatively sinple selector faor
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i npl enent ati on cost of 5 1 C L

optimzed. An intelli getrc]{%ge g%tt(grtﬁﬂaﬁjgﬁéongggl? 8%’@? ?%tﬁgﬁéflsﬁdﬁgﬁggﬁrgﬁhaudi o]
applications in such a vewnmixig foyéehecast ofaix inpypordedamsiio dfanse @hd swaldwpwhannel
is used to determ ne the,. rgc{:isign oI the inverse transform process, and
nai ntai ns the overal | sﬂﬂ?eé’ OPFEYES ty of the output audio channels.
Sinplification of the precision requirenents for the inverse transform
process for certain audi o channels significantly benefits | ow cost

nul ti - chaBestMedegifer GakryingrOytithe Inventiak i ons and appl i cati ons.

Figure 1 illustrates one embodiment of multi-channel audio decoder according to the
present invention which decodes six input audio channels with three higher precisioh inverse
transform and three lower precision inverse transform. The choice of ratio of the number of
higher precision inverse transform and the number of lower precision inverse transform is
basically determined by the decoder complexity and audio quality required. The multi-channel
audio decoder receives transform coded bitstream 100 of the six channel audio, decodes the
bitstream by data and coefficient decoder 101, one for each input audio channel. The selector
107 receives results of the data and coefficient decoder 101 from path 102, determines for each
input audio channel the choice of higher precision inverse transform or lower precision inverse
transform. Input audio channels which are selected for higher precision inverse transform are
subjected to higher precision inverse transform 105 via path 103. Similarly, input audio
channels which are selected for lower precision inverse transform are subjected to lower
precision inverse transform 106 via path 104. Outputs from the higher and lower precision
inverse transform are transmitted to the comect audio presentation channel for any post.

processing or audio/sound reproduction via path 108.



8 Two enbodi nents of the invention will now be described, by
way of exanple only, with reference to the acconpanying draw ngs. Bri ef
Description of the Draw ngs Figure 1 is a functional bl ock
diagramillustrating the basic structure of a first

enbodi nent of the invention for the case of six coded audi o channel.

Figure 2 is a functional block diagramillustrating the basic structure
of a second enbodi nent of the invention with parti al
frequency and time domain downmi xi ng for the case of
si x input coded audi o channel and two out put m xed
down channel s. Best Modes for Carrying Qut the Invention Fi gure
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he dat fficient der 101.frqoqmpath 10 eterm nes, for eac
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for higher precision inverse transformare subjected to hig _ preci si on
i nverse t Adif Bhafomesponding dasn and coctficigit dedoden 1P] foryin3 bitsdeam commistsaif stephi ch
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| ower pr eaiidib oienhel\bick ainpacking bnd de-quanititinghe QuirtiRed froquchey CRFAGH s GFLdttp

[ n r a ost. processing or.audl o/ sound reproduction
8[ gsggi ﬁt }18@19% a%nél%locI( ?rom tﬂé/ bigtrcam using the bit all%cation information. Further Fc)i::tails on

(=

implementation of the data and coefficient decoder for input AC-3 bitstream can be found in

the ATSC (AC-3) standard specification.

The selector 107 in the embodiment illustrated in Figure 1 according to the present
invention, consists of means of determine the choice of higher or lower precision inverse
transform by the audio channel assignment information of the input. For example, the input
channels containing the L, R and C channel information are transmitted to the higher precision
inverse transform 105, and the input channels containing the LS, RS and LFE channel
information are transmitted to the lower precision inverse transform 106. Another means of
determining the choice of higher or lower precision inverse transform in the case of AC-3 or
similar application bitstream is by the combination of audio channel assignment information and
long or shorter transform block length information. In this example, the audio channel blocks
with long transform block length information will have higher priority for higher precision
inverse transform. Yet another means of determining the choice of higher or lower precision
inverse transform is by giving higher priority for inputs that contain important audio information

content to higher precision inverse transform.

An inverse transform according to the present invention refers to a conventional



9 An exanple of the transformbitstreamis the AC-3 bitstream
according to the ATSC Standard, "Digital Audio Conpression (AC 3)

St andard”, Docunent A/ 52, 20 Decenber 1995. The AC-3 bitstream consists of
coded information of up to six channel® of audio signal including the left
channel (L), the right channel (R), the centre channel (C), the |eft
surround channel (LS), the right surround channel (RS), and the | ow
frequency effects channel (LFE). However, the maxi num nunber of coded audio
channels for the input is not limted. The coded information within the
AC-3 bitstreamis divided into franes of 6 audio bl ocks, and each audio

bl ock contains the information for all of the coded audi o channel bl ock
(ie: L, RreqientySo tiR® domthid Far)sforibhe sgmhesisfilemdamg Ot examplt afcedH trapsforn

decoder 101 for.ACG.3 hitstreamc IS of, .steps of parsi e i ng
the 1 nput S5F e TIBERPRER AVeHTECIRE 0P, R SE PR feip Bt e CTE (A6 a0
channel Dbéigrdard spepiieiiond T8 Gmplementaidn & Highel BEloWePpYetigion ifveRE UEMTYmM is
coefficients of each audi o channel block Tromthe bitstreamusing the bit

al | ocat i ofeteraFiBedlY ith PreFisianhesr werdleagth sofovarious peramatees: iSuch af thereangiorm and
coefficie f 4 . Lt Sty : Ln.the.
(A 3) st ehAERE Sha | a ] cblmclenih' Skt FRRERT BBt et T BEARERE 1
i |1 ust r at eshsform FiThemse of loages ewoetiengthtimptoes dynasie idnge ovaidic qualitydan Bicshises Of

nmeans of deternjne the choi.ce of higher or | ower pr.ecision ipyerse
T or b5, 1T Rotileren el ioch the SR YA HIL BTG BERORAN RSt Doy
exanmpl e, BRadeBP W o&%ﬂﬁxlﬁiesa £12Réraprétidiéh inbésd-trarStorlndy &hﬂﬁ&%cn{eafuglmgﬁte ion

are transmtted to the higher "precision inverse transform 105, and |

i nput chaepneesionalndrbit Mged woint HSEREDigigl Sfunak Kzovassor)i withr daubleopregision
transmtt K p ESI 0N} Lanshor t aeans of
determ ni ﬁg"{"ﬁ“&b{;ﬁ’% g}é}?g?r %&3#@? %br"'kf%c\%és?q%t%em sgl(tcgn [ #\Q/Q)Ptse ?’r gﬁ‘{s lgglgq I n

t he case preciéion3wordleapiii (16+bigpt fitedingdcoelfiidiaits, ealiflel the Nywérhgrecisiobiimaetseon of
audi o channel assignnent information and | ong or shorter transfaorm bl ock

| engt h i n¥ERASEE Shimplementdsusing,hp same (RP 1B i 338 P e 8- ik 19" FBng
transf or mphRckrs!if MalcRnsfohR esMbutstbaM | | have higher priority for higher
precision inverse transform Yet another nmeans of determ ning the choice of
hi gher or | ower precision inverse transformis by giving higher priority

for inputs th (o10) L0 _Laportant audi o, information content 1o higher
preci sion inve & r%%@ﬁ%vfc Bt?g) an b8 4p pﬂeg{oﬁﬁc?‘%{/@n@%ﬂ’ﬂ Aieoy (‘)"?ﬁ%eadtc?cwo ﬁ%’st o the
present i perforrhédin thecfrejusndyaiomaino Ty &dntdlsart@l applied to decoders with inverse transform

that supports switching of long and shorter transform block length. Figure 2 illustrates another
embodiment of the present invention where partial frequency and time domain downmixing are
performed such that the number of output audio channels is mixed down from six input audio
channels to two, and the inverse transform supports switching of long and shorter transform
block length. The multi-channel audio decoder receives transform coded bitstream 200,
decodes the bitstream by data and coefficient decoder 201, and produces the frequency

coefficients of each coded audio channel block on data path 202.

At the frequency domain downmixer 206, the inputs are mixed down according to the
associated downmixing coefficients and long and shorter transform block length information of
each audio channel block. Frequency coefficients for first output channel (CI) are mixed down
and outputted separately for long transform block length coefficients on path 203a(C/,,;) and
shorter transform block length coefficients on path 203b (C/,,); similarly, the frequency

coefficients for second output channel (C2) are mixed down and outputted separately for long



10 frequency to tine domain transformor synthesis filter bank. One
exanpl e of such transformuses the Tine Domain Aliasing Cancellation (TDAC
techni que according to the ATSC (AC-3) standard specification. The

i npl ement ation of higher or lower preci$ion inverse transformis determ ned
by. the precision or wordlength of various paranmeters, such as the transform
coefficients and the filtering coefficients, and arithnmetic operations used
in the inverse transform The use of |onger wordl ength i nproves dynam c
range or audio quality but increases cost, as the wordlength of both the
arithmetic units and the working nmenory RAM nust be increased. In one
exanpl e, a higher precision inverse transformmay be inplenented using a
convent i omahsfdfn biotk tangtccoptiicitnisOSPpdtRg3d (8L, , $i 490 shorfdr erasomMi blosk tehgtoubl e
preci sion wordl ength (32-bit) for transform coefficients, internediate and
out put dateeticients & Bt 2030 (etusdi Brample eAvatiepshat mgy eseribe Hie implementagign of

coef {1 Cl eafeSfreqtbtldy okt doMEHId (G S lfpul ENSBAS Grd iRISE RS [ 1PI enent ed

usi ng the sane DSg wth only single precision (16-bit) for all paraneters
in the transform conputation. The present invention can be applied
to decoder inpkgneqt i nscﬁger? 9ownnixing is perfornmed in the frequency
domain. It can~aMso § pﬁl d* ﬁ'decoders with inverse transformthat
supports switching of |Iong and shorter transform block |Iength. Figure 2
illustrates anat her gﬂ&gﬁinent_of the present invention where parti al
frequency and Clpe *dduwre@nCHowrdiXi ng are performed such that the nunber of
out put audi o channel 8%is mi xed down from six input audio channels to two,
and the inverse transform supports switching of |ong and shorter transform
bl ock | ength. Thg mu}] i(dchdied Ludi o decoder receives transform coded

bi t stream 200, decode&s the bitstream by data and coefficient decoder 201
and produces the freguency coefficients of each coded audi o channel bl ock
on data path 202, = E (b, x A, ,ghjg"_)f requency donai n downm xer 206, the

i nputs are m xed dowde according to the associ ated downm xi ng coefficients
and | ong and shorter transform block Iength information of each audio
channel bIock.wﬁ&%quency coefficients for first output channel (Cl) are

m xed down and outputted separately for |long transform bl ock | ength
coefficients on path 203a (C[err]) and

LS,  is the "Boolean" (0 = shorter, 1 = long) representation of the long and shorter

i

transform block length switch for each of the inputi = Qto n

a, is the downmixing coefficient for first output channel and i~th input éhannel
b, is the downmixing coefficient for second output channel and i-~th input channel
CH, is the frequency coefficient of the i~th input audio channel block

Cl,, is mixed down coefficient of long transfqrm block of first output channel
Cl,, is mixed down coefficient of shorter transform block of first output channel
C2,, is mixed down coefficient of long transform block of second output channel

C2,,s is mixed down coefficient of shorter transform block of second output channel



shorter transform block |Iength coefficients on path 203b (Cferr]);
simlarly, the frequency coefficients for second output channel (C2) are

m xed down and out putted separately for |ong

11 transform bl ock |l ength coeffil@ ents on path 203c(C2[err]) and
shorter transform bl ock | ength coefficients on path 203d (C2[err]). Exanple
equations that may descri be the inplenentation of the frequency domain
downm xer for two output channel are given as follow

[err] wher e LS, is the "Boolean" (0 =
shorter, 1 = long) representation of the long and shorter
transform bl ock I ength switch for each of the input i =0 ton a

i s the downm xiThg pevielly mixedrbowhdreqii¢ncg tcoeffitionts oalparhriB apdidpit-td khei s8leuior
channel 207 where the choice of higher or lower precision inverse transform is decided for mixed down
frequency coefficients of long and shorter transform block of each output channel. An example
implementation of the selector 207 subjects the mixed down frequency coefficients of long
transform block of first output channel(C/,,) to higher precision inverse transform 210, the
mixed down frequency coefficients of shorter transform block of first output channel (C/ ws)
to lower precision inverse transform 211, the mixed down frequency coefficients of long
transform block of second output channel(C2, ) to higher precision inverse transform 212, and
the mixed down frequency coefficients of shorter transform block of second output channel
(C2,,9) to lower precision inverse transform 213. Another possible implementation of the
selector 207 may consist means of identifying which of the inputsC/,,, orC! s that contains
main audijo content infoﬁnation, and subjecting corresponding input with higher audio content
information importance to higher precision inverse transform and input with lower audio content

information importance to lower precision inverse transform. Similarly, the selection of c2,,

toC2, ¢ for higher or lower precision inverse transform is done.

The implementations of the higher precision inverse transform (numeral 210 and 212 of
Figure 2) and lower precision inverse transform (numeral 211 and 213 of Figure 2) are similar
to those described above. In addition, the inverse transforms support switching between long
transform (forC/,,, and C2, ) and shorter transform (forC/,; and C2, ) block length such as
those described in the ATSC (AC-3) specifications. After the inverse transform, the output of
higher precision inverse transform and lower precision inverse transform are combined in time

domain by adder 209 to form the first and second output audio channel 208 (CI and C2).

The foregoing describes only two embodiments of this invention and modifications can

be made without departing from the scope of the invention.



b[err] is the downm xi ng coefficient for second output channel and i-th
i nput channel CHerr] 1is the frequency coefficient of the i-th

i npu i annel bl ock Cl[err] is mxed down coefficient of
Iongj"Mﬂﬂﬁmﬂ ﬂuof first output chdnnel Cl[err] is m xed down
coeffix L Ofy 88r transform bl ock of first output channel

C2[err] is mxed down coefficient of |ong transform bl ock of second out put

channel C2M5 is mixed down coefficient of shorter transform bl ock
of second out put channel
12 The partially m xed down frequency coefficients on path

203 are input to the selector 207 where the choice of higher or |ower
precision inverse transformis deci déd-AIMS ni xed down frequency
coefficients of long and shorter transform block of each output channel. An
exanpl e inplenentation of the selector 207 subjects the m xed down
frequency 1coef fai fieghotiSofodecbding at bisasim ron tednefokm odéd hfilti-Qlibnhé! agdiardaed
(Cferr]) to higher precision inverse transform 210, the m xed down
frequency coef FOTRRTESHiE® PRI Sr t er transform bl ock of first output channel
(Cferr]) to | ower precision inverse transform 211, the m xed down '
frequency coefficients of |ong transform bl ock of second out put channel
(C2[err]) to hiahersubjestingsaidhbitsreamde atbiavksiecodingrogess rodobtdie fori eachlinguin

f ffici f ; . f b f d h I
(Coforr]) totower B PR LA B ERP, R Bl R B RBPoRL £ "

i mpl enent ati on of theuesdyakfficiedtsy nmay consi st neans of identifying which
of the inputs Cl[err] or Cf[err]S that contains main audi o content
i nformation, and subjecting correspondi ng i nput with higher audi o content

i nformation | MRQrt apeey:hoi L alGld dRScRBF frbQiinty Wk ERFenty ANFAG pHRCAR i W th

| ower audi o content
transform or a lower precision inverse transform according to predetermined

characteristics of said audio data represented by the block;

(c)  subjecting each said block of frequency coefficients to higher precision inverse

transform process or lower precision inverse transform process;

(d)  generating a respective output audio signal in response to each said higher
precision inverse transform process and each said lower precision inverse

transform process.

2. A method of decoding a bitstream of transform coded multi-channel audio data

comprising the steps of:

(a) subjecting said bitstream to a block decoding process to obtain for each input
audio channel within the said multi—channel audio data a corresponding block

of frequency coefficients;

®) downmixing in the frequency domain said blocks of frequency coefficients of all
said input audio channcls to a reduced number of intermediate blocks of

frequency coefficients;



information inportance to | ower precision inverse transform Simlarly, the
selection of C2[err] toC2[err] for higher or |ower precision inverse

transformis The i npl er’qejon ations of the higher precision
inverse”wﬂkﬁi’ﬁﬁ“mﬂmm 210 and 212'®f Figure 2) and | ower precision

i nverse i al 211 and 213 of Figure 2) are simlar to those
descri bed above. In addition, the inverse transforns support swtching
between long transform (forC[err] and C2[err]) and shorter transform
(ford[err] and C2[err]) block length such as those described in the ATSC
(AC-3) specifications. After the inverse transform the output of higher
preci sion inverse transformand | ower precision inverse transformare
conbined in ti@ dmmiigninbyoamaiczﬁ@crmodiﬁtormdkw ﬁdqusﬂcyamdffis:émlcsrmh@txput

audi o channel 208 (dC Qi n desc i bes é}é/
embodi nents of thi sprf%%@rﬂ‘\’% ‘?Hﬁ%afﬂ%”&f PE?ﬁg“ogé VeRE TREETAEIPELRS to

departing fromthe ge@RemafedichRadteriseios bORid audio data re?resented by the block;
CLAIMS 1. A net hod of decoding a bitstream of transform code

mul ti-channel audi o data conprising the steps of:

Mgt 0 SE P! TSHIER e Ui RRRE o R RRERS Bt 39&a?202

correspondi ng bl ockassigned higher precision invierseqraasfosm prweéssioc losver precision inverse ( b)
assigning to each sald bl ock of frequency coefficients a higher precision
i nverse ansform PS8 m or a | ower preci sion inverse transform
according to predeterm ned

(e)  generating a respective output audio signal in response to each said higher
precision inverse transform process and each said lower precision inverse

transform process.

3. A method of decoding a bitstream of transform coded multi-channel audio data

comprising the steps of:

(@) subjecting said bitstream to a block decoding process to obtain for each input
audio channel within the said multi~channel audio data a corresponding block

of frequency coefficients;

() downmixing partially in the frequency domain said blocks of frequency
coefficients of all said input audio channels to a reduced number of intermediate

blocks of frequency coefficients;

© assigned each said intermediate block of frequency coefficients a higher
precision inverse transform or a lower precision inverse transform according to

predetermined characteristics of said audio data represented by the block;

(d)  subjecting each said intermediate block of frequency coefficients to said
assigned higher precision inverse transform process or lower precision inverse.

transform process;



characteristics of said audio data represented by the bl ock; (c)
subj ecting each said bl ock of frequency coefficients to higher precision
i nverse ansform process or | ower precision inverse

“W“. (d) gener'ating a respective output audio

tsrgzzr ﬂ!ﬂ“ﬂ‘gﬂimm\lo 2ach sai d higher = preci sion inverse

transf orm process and each said | ower precision inverse

t ransf orm process. 2. A nmet hod of decoding a bitstream of transform
coded mul ti-channel audio data conprising the steps of: (a)
subjecting said bitstreamto a bl ock decodi ng process to obtain for each

I nput audi o channel within the said nulti-channel audio data

a correspondi ndebl o€kmbining in time domainf the rresplte rf ythe s&ti fliighee presision inverse  (b)

dounm X111 The | giyanio AT T 85 Bhedd SNERR el Lk o

i ntermedi at e bl ocks fgdther reduced number of HidcR6UERGY d6RBhhLGb SathSles; and
(c) assigning to each said internedi ate bl ock of frequency coefficients

a hi gher precision inverse transformor a | ower precision

[ t f ' v -0 i ) .1 stics
7T s AT TERRES gy g PASARLALD 0 ARGLAE i
domain audio samples.

4. A method according to any one of claims 1 to 3, wherein said block decoding process

comprises the steps of:

(a) parsing said bitstream to obtain bit allocation information of each input audio

channel;

(b)  unpacking quantized frequency coefficients from said bitstream using said bit

allocation information;

()  de-quantizing said quantized frequency coefficients to obtain said block of

frequency coefficients using said bit allocation information.

S. A method according to any one of claims 1 to 4, wherein said higher precision inverse
transform process applies a frequency-domain to time-domain transform to the
respective said block of frequency coefficients using higher precision arithmetic
parameters and operations, and said lower precision inverse transform process applies
a frequency—domain to time~domain transform to the respective said block of frequency

coefficients using lower precision arithmetic parameters and operations.

6. A method according to any one of claims 1 to 4, wherein said higher precision inverse
transform process applies subband synthesis filter bank to the respective said block of
frequency coefficients using higher precision arithmetic parameters and operations, and

said lower precision inverse transform process applics subband synthesis filter bank to



(d) subj ecti ng each said internedi ate bl ock of frequency coefficients to

sai d SS|gned hi gher precision inverse transform process or

| ower !ﬂdy t ransf orm process; (e
generatltha ne output audi o si®nal in response to each said higher
precision inverse transform process and each said | ower precision inverse

t ransf orm process. 3. A net hod of decoding a bitstream of transform
coded mul ti-channel audio data conprising the steps of: (a)
subjecting said bitstreamto a bl ock decodi ng process to obtain for each

I nput audi o channel within the said nmulti-channel audio data
a correspondi ng bl ock of frequency coefficients; (b)

downm Xxi ng parthe atspyctiva shideblbakesfuissgaynoy wrefficicani Wingl lo0@kiSpratision afittainatiy
coefficients of all sai&i.i nput audi o channels to a reduced nunber of

i nt er nedi at e Parameters an °P°”B1°6%ks of frequency coefficients; (¢)
assi gned each said internedi ate bl ock of frequency coefficients a higher
precision inverse transformor a | ower precision inverse transform

accordi ng7t o A method according tedigine Sndrmeleinc hawbertiprsaih highergfregisionl imvgtheo dat a

[) Fg (r: Esgpt ??egﬁtéar?ggor%xgtgs?%( P df%‘ﬁ %igxﬂa& p&oc):%for with %Jogb% Ippcgls?oigvg?raﬁégm'mﬂ ﬁég‘idi ate

preci si on i nveloser preaisidh MvErRrRHERE Ases! (BISIMPEIRRAISi@A] provaksewith single

transform process;
precision wordlength.

8. A method as claimed in claim 7, wherein said digital signal processor is a 16-bit
processor.
9. A method as claimed in any one of claims 1 to 8, wherein said predetermined

characteristics of said audio data include one or more of the number of coded audio
channels, audio content information, long or shorter transform block switching

information and output channel information.

10.  An apparatus for decoding a bitstream of transform coded multi-channel audio data

comprising:

(a)  block decoding means to produce for each input audio channel within the said

multi-channe! audio data a corresponding block of frequency coefficients;

(®) means for assigning to each said block of frequency coefficients a higher
precision inverse transform or a lower precision inverse transform according to

predetermined characteristics of said audio data represented by the block;

(¢)  means for subjecting each said block of frequency coefficients according to said
assigned higher precision inverse transform process or lower precision inverse

transform process;



(‘e) conbining in tinme domain the results of the said higher precision
i nverse transform process and said | ower precision inverse

t r ansf rma further reduced nunmber of bl ocks
of ti rr@l!ﬁ%ilﬁli&ﬂ]ﬁ“ npl es; and 17 (1) generating a respective
out put i s response to each said block of tine

domai n audi o sanpl es. 4, A net hod according to any one of clains 1 to
3, wherein said block decodi ng process conprises the steps of:

(a) °~ parsing said bitstreamto obtain bit allocation information of each
i nput audi o channel ; (b) unpacki ng quanti zed
frequency coefficients fromsaid bitstreamusing said bit

al | ocati on i nf ddhat imsans for generating (aokspectivteoutpua atdia siggal M redpopsard éath daid
frequency coefficients to obtain said_block of .. . frequency
coefficients using g’éﬁiﬁ’ RRFS 190 B TR OTmHATaseAtANd doyver pregision inyersgetransform
according to any onerRésscl ains 1 to 4, wherein said higher precision

i nverse transform process applies a frequency-domain to tine-domain
transformto the respective said bl ock of frequency coefficients

usi ng hi ghgr p?ﬁ’?!ﬁ%ﬂa%u@fo} H%Hgﬁa ?itstream o?%meéq%eggnqllt?ﬁ‘%&%}cgg&% ag d

said | ower precision 1 nverse transtorm process appll

f r equency- donaicampusitg:ne- domain transformto the respective said bl ock of
frequency coefficients using |lower precision arithmetic paraneters
and operations. 6. A nmet hod according to any one of clains 1 to 4,

wher ei n sai d higher bleEat®dRR hdd¥eicSioduce for eakh HpST R Bafss 53 .
subband synthesis filter banE to tk?zﬁr especrtriavemsﬁai d bl og{z&gf thfiPik 548

frequency coeffici efulii<channg! audighdata p eeredsponsiinghlockinfditeqeenoncaefbicients; and
operations, and said | ower precision inverse transform process
appl i es subband synthesis filter bank to

(b) means for downmixing in the frequency domain said blocks of frequency

coefficients of all said input audio channels to a reduced number of intermediate

blocks of frequency coefficients;

(c) means for assigning to each said intermediate block of frequency coefficients a
higher precision inverse transform or a lower precision inverse transform

according to predetermined characteristics of said audio data;

(d)  means for subjecting each said intermediate block of frequency coefficients to
said assigned higher precision inverse transform process or lower precision

inverse transform process'
(¢)  means for generating a respective output audio signal in response to each said
higher precision inverse transform process and lower precision inverse transform

process.

12.  An apparatus for decoding a bitstream of transform coded multi-channel audio data

comprising:

(a) block decoding means to produce for each input audio channel within the said



the respective said block of frequency coefficients using | ower precision
arithnetic paraneters and operations. 7. A net hod according to

claimb5 or ' ei n said higher precision inverse transform
uses a fﬂﬂlﬂmﬁlﬁmm‘ocessor with dd8bl e precision wordl ength and said
| ower p @ transformuses the sane digital signal processor
with single preci si on wor dl engt h. 8. A nethod as clained in
claim7, wherein said digital signal processor is a 16-bit

processor. 9. A method as clainmed in any one of clains 1 to 8, wherein
sai d predeterm ned characteristics of said audio data include one or
nore of the nunber of coded audio channel s, audi o content

i nformati on, | ong omulshchanee! atidiardsfacraoribspooding blotk bi fnguency coefficidngs:; mat i on
and out put channel information. 10. An apparatus for decoding a

bi t stream of transform coded nulti-channel audi o data conpri si ng:

(a)  block dagodimganyeRndoWambtifg paRiallPrin @RE Hreqidhdy domehiP seidapBeds f t hin
t he said mul ti-channel audi o data a correspondi ng bl ock of
frequency coeffi ci effgauency coefficients qfyll saidigpuh dudie)chagnels i3 Frguesd ambsr efai d

bl ock of frequelncy GREhIdiGE BINRs &fmqg&‘%? coefficients; preci sion inverse

transformor a | ower precision Inverse transtorm according to
predeterm ned characteristics of said audio data represented by the bl ock;

(c¢)  means for assigning to each said intermediate block of frequency coefficients a
higher precision inverse transform or a lower precision inverse transform

according to predetermined characteristics of said audio data;

(d) means for subjecting each said intermediate block of frequency coefficients
according to the determined choice to higher precision inverse transform process

or lower precision inverse transform process;

(¢)  means for combining in the time domain the results of the said higher precision
inverse transform process and lower precision inverse transform process to form

a further reduced number of blocks of time domain audio samples;

3] means for generating a respective output audio signal in response to each said

block of time domain audio sampies.

13.  An apparatus according to any one of claims 10 to 12, wherein said block decoding

means comprises:

(a) means of parsing the said bitstream to obtain bit allocation information of each

said input audio channel;

(b)  means for unpacking quantized frequency coefficients from said bitstream using

said bit allocation information; and



(c) means for subjecting each said bl ock of frequency coefficients
according to said assi gned hi gher precision inverse transform

processnﬂu’m L SsEQN i nverse t ransf orm process;
(d) W”ﬂﬂem&mng a respecti @ output audio signal in response to
each said®™ ¢ Lt w s " higher precision inverse transform process and

| ower precision inverse transform pr ocess. 11. An
apparatus for decoding a bitstream of transform coded nulti-channel audio
data- conpri si ng: (a)19- block decoding nmeans to produce for
each input audio channel within the said mul ti-channel audio
data a correspondi ng bl ock of frequency coefficients; (b) nmeans

for downmi xi ngc) N trheank f&echantigingBAIE quahtiled FrRElchcp LodtfiSights AE Ybtain said
coefficients of all said input audio channels to a reduced nunber of

i nt er medi at e block of frequgngy. gactfigients udngyid bit allacation iafarmation. (c)
means for assigning to each said internedi ate bl ock of frequency
coefficients a hi gher precision inverse transformor a | ower

pr eci si onl4.nveAs epparatns haording to any one of claimscldapdBngh¢reinpaiiddgher preaisibn
characteristics of said audio d subj ecting

at a;, (H(Q gans f of IR
each sai d i nt JPHEEPYOBE BORSSS FOTPES B1FeYs baAn(Yieg & Frquepgy-domain o time- =
sai d assi gned dindif kraRdf6i B BE rdsPAR e Saili bR P EERIRNEF 85T i@Ents G3MBE hiBh&CI Si on
i nverse transform process’
precision arithmetic parameters and operations, and said lower precision inverse
transform process comprises means for applying a frequency-domain to time—domain
transform to the respective said block of frequency coefficients using lower precision

arithmetic parameters and operations.

15.  An apparatus according to any one of claims 10 to 13, wherein said higher precision
inverse transform process comprises means for applying subband synthesis filter bank
to the respective said block of frequency coefficients using higher precision arithmetic
parameters and operations, and said lower precision inverse transform process comprises
means for applying subband synthesis filter bank to the respective said block of

frequency coefficients using lower precision arithmetic parameters and operations.

16.  An apparatus according to claim 14 or claim 15, wherein said higher precision inverse
transform uses a digital signal processor with double precision wordlength and said
lower precision inverse transform uses the same digital signal processor with single

precision wordlength.

17.  An apparatus as claimed in claim 16, wherein said digital signal processor is a 16-bit

processor.

18.  An apparatus as claimed in any one of claims 10 to 17, wherein said predetermined
characteristics of said audio data include one or more of the number of coded audio
channels, audio content information, long or shorter transform block switching.

information and output channel information.



(e) means for generating a respective output audio signal in response to

each said hi gher precision inverse transform process and

| ower precision inverse transform process. 12. An
apparatus for decoding a bitstream of transform coded nulti-channel audio
dat a conpri si ng: (a) bl ock decodi ng nmeans to produce for

each input audi o channel within the said

mul ti-channel audi o data a correspondi ng bl ock of frequency coefficients;
(b) °~ means for downm xing partially in the frequency domain said bl ocks of
frequency coefficients of all said input audio channels to a reduced nunber
of i nternmedi ate bl ocks of frequency coefficients;

(c) means for assigning to each s&BSTRAICA nedi ate bl ock of frequency
coefficients a hi gher precision inverse transformor a | ower
precision i t f i e 1
characteri sbtqlﬁg?%;? %%?EA%AE%S (F:I‘gtR aPECODINéw%ﬁ-%HE &“f'g?bg{d[)ﬁj 'gggi ng
each said internedi ate bl ock of frequency coefficients

according to the determ ned chaice tg higher precision inverse transform

process A method andrapperais fpfr decPding ' birsresms 4100) of Spp¥am codad multi-

channel audio data. The bitstream is subjected to a block decoding process (101) to obtain for

each input audio channel within the multi-channel audio data a corresponding block of
frequency coefficients (102). Each block of frequency coefficients (102) is assigned a higher
precision inverse transform or a lower precision inverse transform according to predetermined
characteristics of the audio data represented by the block. The blocks of frequency coefficients
are subsequently subjected to the assigned transform (105,106) and an output audio signal (108)

is generated in response to each of the higher and lower precision inverse transform processes.

(Figure 1)



(e) means for conbining in the tinme domain the results of the said higher
i nverse transform process and | ower precision

preci si on
i nverse transform process to form a further reduced nunber of
bl ocks of tinme domain audi o sanpl es; () means for generating a
respective output audio signal in respohse to each said bl ock
of tinme domain audi o sanpl es. 13. An apparatus according to any one of
clains 10 to 12, wherein said bl ock decoding means conpri ses:
(a) ~ nmeans of parsing the said bitstreamto obtain bit allocation
i nformati on of each 111 Said input audi o channel: (b)
means for unpacki ng quanti-zed f,requency coeffjcieots .f.rﬁﬁagal d bitstrea
usi ng sal g1t al '@zat | i Bor mat i-osa and : 10aa
- 19 - ( DHFEEQ or\d —quant i\zi ] et ged frequency
coefficients to obta ) oefficients
using said bit al]ocattTomr Fmat ifon. . at.us according to
any one of clains{10'tg e vvhél’@?r sai d| fsgher agi Si orf 108 i nverse
transform pr OCESSiEOW‘biﬁﬁ@e ank§ flor appl i: : noy domain.to tinme-
domain transformto } hBeerespeCii VE}sai d [otock efficients
usi ng hi gher 100 PrECI arithnetic par areters—and Qperations, and
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<transform process conprises neans for applying a frequency-domain to

ti me-domain transformto the respective said block of frequency
coefficients using | ower precision arithnmetic paranmeters and

oper ati ons. 15. An apparatus according to any one of clains 10 to 13,
wher ei n said higher precision iZiverse transform process conprises
means for applying subband synthesis filter bank to the respective
sai d bl ock of frequency coefficients using higher precision arithmetic
paraneters and operations, and said | ower precision inverse transform

process conprises means for applying ‘'subband synthesis filter bank
to the respective said block of frequency coefficients using | ower
precision arithnetic paraneters and operations. 16. An appar at us

according to claim14 or claim15, wherein said higher precision inverse
transformuses a digital signal processor with double precision wordlength

and said .. ..)oweT “Precision inverse transformuses the -same digital
si gnal pgpscessor_id i aghngl o preci si on. wor dl engt h. 17. An
appar at us as e, i o e¥ar-m-3H6, wherein said digital signal- processor is
a 16-bit e . 3. An apparatus as clainmed in any one of
clains 10 tg)'i ahdr ei nf sai d pf edet er ni ned characteristics of sald
audi o dadees i ncl ,Eﬁmheozar_ nmor e oad h aded audio
channel s, \ ap[1 T i nf or mag \OIT; - ansform bl ock .
swi t chin gﬂ&fﬁr efHat i on ape~qut put E&Tﬁq. 208a
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