AUDI O DECODER W TH AN ADAPTI VE FREQUENCY DOVAI N DOANM XER Fi el dﬁ%ﬁ, 4pa~o
lnvention This invention relates to nulti-channel digital audio decod (S’
for =di igital storage nedia-and transmi ssion nedia. Background Art An %
ef fi.cient nulti-channel digital audio di gnal codi ng nethod has 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 the standard can be found in the ATSC
Standard, "Digital Audio Conpression (AC3) Standard"”, Document A/ 52, 20
Decenber 1995. The standard defined a coding nethod for up to six channel
of nmulti-channel audio, that is, the left, right, centre, surround |eft,

surround rAUDIO DECODER WITH AN ADAPYIVE FREQUENCE) DOMAINDOWNMIXER codi ng
met hod, the multi-channel digital audio source is conpressed bl ock by bl ock
at the encoder by first transform ng each input block audio PCM sanpl es

into fredpRifysthe thédntiofNt S Using an analysis filter bank, then quantizing
the resulting frequency coefficients into quantized coefficients with a

determined bit allocation strategy, and fi naIIy formatti ng and packing the

d f f
i orage o 11 aNEEEErEn s s muftesBopel i) 2uh AFvodeR St Bunlslorae 2 |1

char act er it teansmiskioh edaudi 0 source, adaptive transformation of the audio
source is done at the encoder to optimze the frequency/tine resol ution.
This is achi eved by adaptlve swi tching between two transformations with

I ong Background Art

An efficient multi-channel digital audio 'signal coding method has been developed for
storage or transmission applif;;tions such as the digital video disc (DVD) player and the high
definition digital TV rccei.v_e;ﬁ_. _(#‘gt—to;:—box)._ A description of the standard can be found in the
ATSC Standard, "Digital Au&io- Compression (AC~3) Standard”, Document A/52, 20 December
1995. The standard defineda codmg method for up to six channel of multi-channel audio, that
is, the left, right, centre, suzround left, surround nght and the low frequency effects (LFE)
channel. '

In this coding meﬂiz_nd,j"' the multi-channel digital audio source is compressed block by

block at the encoder by first transforming each input block audio PCM samples into frequency

~coefficients using an analysxsﬁlter bank, then quantizing the resulting frequency coefficients

into quantized cocfficients with a determined bit allocation strategy, and finally formatting and
packing the quantized cocff:cxents and bit allocation information into bit-stream for storage or .

transmission.

Depending upon the Spectral and temporal charactenstlcs of the audio source, adaptive
transformation of the audxo source is done at the cncodcr to optimize the frequency/time
resolution. This is achxcvcd_ by_ adaptive switching bctwe_cr; two transformations with long
transform block length or shﬁftér transform block length. ;"I:‘hc long transform block length

which has good frequency rcsolunon is used for improved codmg performance; on the other

hand, the shorter transform bl 'ck length which has a greater time resolution is used for audio




transform bl ock | ength or shorter transform block length. The |ong
transform bl ock | ength which has good frequency resolution is used for
|rrproved codi ng performance; on the other hand, the shorter transform bl ock
Iength whi ch has a greater time resolutfon is used for audio 2 i nput

si grral.s which change rapidly in time. At the decoder side, each audio bl ock
i s::deconpressed fromthe bitstreamby first determining the bit allocation
|nf ormation, then unpacking and de-quanti zing the quantized co- efficients,
and:inverse transformng the resulting coefficients based on deterni ned
Iong or shorter transformlength to output audi o PCM data. The decodi ng
processes are perforrred for each channel in the nmulti-channel audio data.
For : reasoh‘?“%ﬂ&??%&’h’ﬁbéh%F rapjdly imtimest constrain or physical linmitation in
terims of nunber of output Ioudspeakers that can be used, downm xi ng of the
decoded nul ti-channel audio is performed so that the nunber of out put
chanhel s at the decédbe ddceder side)each duliothlek ﬁ?tgits fL ?I

ri ght(L[eL.L n P%l E? !Iﬂ channel S suitable for co ventlona T D% f8T o

anpli fier and 1 Biomeatien, thepginpaeking and demquaniizigg the qagxtized Bed such
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output chgnnels is reduced to on
may- ‘be deSOFFHEAsigmn length to output aUdIO PCM data. The decoding processes are performed for

each channel in the multi~channel audio data.

For reasons such as overall system cost constrain or physical limitation in terms of
number of output loudSpeakers that can be used, downmxxmg of the decoded multi-channe!
audxo is performed so that the number of output channels ‘at the decoder is reduced to two

channels, hence the left and nght (L, andR,) channels smtable for conventional stereo audm
amplifier and loudspeakers systems.

Basically, downmixing-is performed such that the multi-channel audio information is

preserved while the number of output channels is reduced to only two channels. The method
of downmixing may be described as:

Lm=a°L+alR+a2C+a3L:+a‘R:+a,LFE :
=bL + bR +b,C + bL + bR + bIFE

where

t~

' Mixed down Léft chiannel output

R,: Mixed down Right channel output
L: Left channel input

R: Right channel input

C:  Centre channel input

L,;:  Surround left channel input

R

,  Surround right channel input



i[err] = a[err]L + a[err]R + a[err]C + a[err]L[err] + a[err]Rerr] +
a[err] LFE Rlerr]= b[err]L +b[err]R + b[err]C + b[err]L[err] + b[err]Rerr]
+ bferr] LFE where L[err]: M xed down Left channel output Rlerr]: M xed
down Ri ght channel output L: Left ch8@nnel input R Ri ght channel i nput
Cd"ﬂCBntre channel input L[err]: Surround |eft channel input Rerr]:
Surtound right channel input 3 LFE: Low frequency effects channel input
anhd. al-err]: downm xing coefficients for left channel output b[err]:
domnn1X|ng coefficients for right channel output. Downm xi ng nethod or
coefficients nmay be designed such that the orlglnal or the approxi mate of
t he ori gi nal decoded nultichannel signals nmay be derived fromthe nixed

dovvn Left and BERNY owEER8hS effects channel input

and

a,_,: downmixing coefficients for left channel output

b,.s: downmixing coefficients for right channel output.

Downmixing method or coefficients may be designed such that the original or the
approximate of the original decoded multichannel signals may be derived from the mixed down
Left and Right channels.

) For decoders in systems or applications where downmixing is required, the decoding
processes which include the inverse transformation are required for all encoded channels before
downmixing can be done to generate the two output channels. The implementation complexity
and the computation load is not reduced for such present art decoders even though oizly two
output channels are generated instead of all channels in the multi-channel bitstream.

To significantly reduce the implementation complexity and the computation load, the

downmixing process should be performed at an early stage within the decoding processes such

. that the number of channels required to be decoded are reduced for the remaining decoding
processes. In particular, since the inverse transform proces% is a complex and computationally
L intensive process, the downmixing should be performed on the inverse quantized frequéncy

coefficients before the inverse transform. One example of such solution is given in United
.";:-'r':_ States patent application no. 5,400,433 for which the inver.';e transform process was assumed

" to be linear.

However, due to the fact that inverse transform pmg@ss of present art is adaptive in long
or shorter transform block length depending upon the spectral and temporal characteristics of

" cach coded audio channel, it is not a linear process and fhek_cforc the downmixing process

i canmot be performed first. That is, combining the channels before the inverse transform process




or decoders in systems or applications wherie downnmi xing is required, the
decodi.ng processes which include the inverse transformation are required
for -al'l encoded channel s before downni xi ng can be done to generate the t wo
out pit channels. The inpl enentation cormplexity and the conputation |oad is
not* reduced for such present  art decoders even t hough only two out put
channel s are generated instead of all channels in the nulti-channel
bitstream To significantly reduce the inplenentation conplexity and the
conput ati on | oad, the downmi'xi ng process shoul d be performed at an early
stage within the decodi ng processes such that the nunber of channels
required to be decoded are reduced for the remaining decoding processes. In
par ti cul arwilisadl pRodude thie kdfie Datpll MBEHrEdUE® bP66aBining the CHAMRLIS ¥ftérBe inverse
conputational |y intensive process, the downm xi ng shoul d be perfornmed on

t he i nver SEASiOHR Prosess- frequency coefficients before the inverse transform
One exanpl e of such solution is given in United States patent application
no. 5,400,433 for which the inverse transform process was assuned to be

| i near. HdDiselesure @fithetlnventionf act that inverse transform process of present
art is adaptive in long or~shorter transform block |ength dependi ng upon
the spectral and tenporal ‘Characteristics of each coded audi o channel, it
i's not a |ineantipao6lect obdhid 1ﬁvhﬁt{oﬂft0§16wﬁbﬁnﬁﬂiw'§hd hpparddisOfRe 8écodMp aiulipe

performed first. That is, ‘conbining the channels before the inverse
transform q@xp@g i0 bxsuLeam whrch will overcome or at least ameliorate the foregoing disadvantages.

In the present invqn__tign, an adaptive frequency domain downmixer is used to downmix,

according to the Ibng and _h‘brtcr transform block length information, the decoded frequency
coefficients of the multx-channel audio such that the long and short transform block information
is maintained scparately wrthm the mixed down left and right channels. In this way, the long
and shorter transform block coefficrents of the mixed down left and right channels can still be
inverse transformed adaptrvcly according to the long and shorter transform block information,
and the results of the i mversc transform of the long and short block of each of the left and right
channel are added together to form the total mixed down output of the left and nght channel.

Accordingly, in a fu'st .aspect, this invention provrdcs a method of decoding a multi~

channel audio bitstream compnsmg the steps of:

(@)  subjecting said mulu-channel audio bitstream to a block decoding process to obtain
frequency coeffic:ents for each audio channel wrthm each block in the said multi-
channel audio bltstggam,

(b) | unpacking long andshortcr transform block information for each audio channel within
said block from sald multi-channel audio bitstrea_tr;;" '

(c) detcrmining down'x_rtixir'tg coefficients for éach audié_): ;c_hanncl within said multi-channel
audio bitstream; _' | '

(@) downmixing said frcqucncy cocfficients of each audlo channel within said block which
are identified aS,_f_lg_ng transform block by said itong and shorter transform block

information to fomt'___? ftmxxcd down for long transform block and a right mixed down




W || not produce the same output that produced by conbining the channels
aft.er the inverse transform process. D sclosure of the Invention It is an
object of this invention to provide a gethod and apparatus for decoding a
mul:ti - channel audi o bitstream which wPl | overcome or at |east ameliorate
t hé' f or egoi ng di sadvantages. In the present invention, an adaptive
frequency domai n downm xer is used to downm X, accordlng to the I ong and
shorter transform bl ock | ength information, t he decoded frequency
coefficients of the multichannel audio such that the long and short
transform bl ock information is maintai ned separately within the m xed down
|l eft and right channels. In this way, the long and shorter transform bl ock
coef ficients débrlohgtransorch blods) | eft and ri ght channel s can still be inverse
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total m xed down out put of the left and ri ht channel . Accordingly, in a
first aspect, informationsefermoa loft mineddown fors Uertmnsmmcmnda t mixedhannel

audio bitstre " s of: (a) subj ecting said

mul ti - channel %?%bﬁé% @ﬁ’%ogﬂbl ock decodi ng process to obtain

fr quuenC%](f)c oe}‘:ﬁdeesdeefahsfoﬁmh g eachiof3aidiler ﬁ{mml?bvn\mltlbngumgdm?lmsmmnghef sai d
mul ti- channel au itstrea cking | ong apd shorter nsform
bl ock i nf or matHgeE 4"8‘?‘ m%e%ﬁgg?%wme 9%(1‘ J P%‘E‘E“PP%’;H%E{

mul ti - channel a4 SHicri i ki QB f&ekneréﬁsmw%&mmmnﬁa%%%@m s

for each audi o channel w't hin said nmulti-channel
inverse transformed block, a right mixed down long inverse transformed block, a left

mixed down shorter inverse transformed block, and a right mixed down shorter inverse
transformed block re'sﬁectively; .
(g)  adding said left mixed down long inverse transformed bloék and said left mixed down
shorter inverse transformed block to form a left total mixed down; and |
(h)  adding said right mixed down long inverse transformed block and said right mixed down

shorter inverse transformed block to form a right total mixed down.

In a second aspect, this invention provides an apparatus for decoding a multi~channel _

audio bitstream comprising:

(@) means for block dccodmg said multi~channel audxo bitstream to obtain frequency
| coefficients of each audio channel with each block

(b) means for unpacking long and shorter transform,_.._pl___ock information for each audio
channel within said block; B

()  means for determining downmixing coeffic1ents for each audio channel within said’
multi~channel audio bitstream; L

(d)  means for downmixing said frequency coefficients. 6f .'e':ach audio channel identified as
long transform block by said long and shorter transform block information to form a left
mixed down for long transform block and a right mxxcd down for long transform block;

(¢)  means for downmixing said frequency coefflcxent_s Qf qach audio channel identified as

shorter transform block by said long and shorter tran_s_f;inn block information to form a



audi o bitstream (d) downnmi xi ng said frequency coefficients of each audio
ch_annel within said block which are identified as |ong transform bl ock by
saixd:?l ong and shorter transformblock information to form.a left mixed down
for: Iong transform bl ock and a right nPxed down for long transform

bl dck (e) downm xi ng said frequency coefficients of each audi o channels
wi:thin the said bl ock which are identified as shorter transform bl ock by
said long and shorter transform bl ock information to forma left mxed down
for shorter transform block and a right m xed down for shorter transform

bl ock; (f) I nverse transform ng each of said |left m xed down for |ong
transform bl ock, said right mxed down for long transform block, said |eft
m xed down f orjefhAiKed dohafs sRUriEr HafsHsm Mtk SidCa kgt it XRMmOAShbeer
shorter transform bl ock to produce a |eft m xed down | ong inverse

t ransf or ned b|mfonablqc§ht 'm xed down -l ong inverse transformed bl ock, a
left mx do ri down
shorter i@/er \é}g a?"rpgd% Sﬁémég%ﬁﬁc@%gg %g%: ﬁ@g%ﬁg%@%ég% hqn%fg%éﬂ%glf’t
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i nverse trans or ocC o.forma I otal ‘' m xed down: and addi ng
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down mxxed down long-inverse transformed block, a right mixed down long inverse

transformed block, a left mixed down shorter inverse transformed block, and a right
mixed down shorter inverse transformed block respccnvely,

(g) means for adding sa:d left mixed down long i mversc transformed block and said left
mixed down shorter__ _;nverse transformed block to __fo;m a left total mixed down; -

(8)  means for adding of said right mixed down long inverse transformed block and said right

mixed down shorte_r:i"_:r:werse transformed block to form a right total mixed down.
Preferably, the block decoding process includes:

(a) . parsing the said multi-channe! audio bitstream to dbtain bit allocation information on
each audio channel within said block; | |

(b)  unpacking quannzed frcquency coefficients from sald block using said bit allocation
information; and .

(c) de-quantizing saxd quantlzed frequency coefficu:nts to obtain said frequency

coefficients using sa:d b:t allocation information.

A post-processing stcp is-also preferably prefonnédf-injwhich:

(d) the left total mixed-down is subjected to a windo rerlap/add process wherein the

samples within the l_éft'total mixed down are weightec .' -interleaved, overlapped and
added to samples of a previous block;

(b)  the right total mixed down is subjected to a windo ': rlap/add process wherein the

samples within right total nuxcd down are wc;ghtcd ;de-interlcavcd, overlapped and

added to samples of 2 a prcvzous block; and




- inverse transfornmed block to forma‘right total m xed down. In a
seeond“aspect this invention provides an apparatus for decoding a
E=thannel audio bitstream conprising: (a) means for bl ock decoding
sai.d-mul ti channel audio bitstreamto oBtain frequency coefficients of each
audlo channel with each bl ock; (b) means for unpacking |ong and shorter
transform bl ock i nfornmation for each audi o channel within said block; (c)
means for determ ning downni xi ng coefficients for each audio channel within
said nulti-channel audio bitstream (d) means for downm xi ng said
frequency coefficients of each audio channel identified as |ong transform
bl ock by said |l ong and shorter transform block .information to forma |left

m xed dowgyf or ek agi1es bARE WihdBwWPsREkp/AdHard snb,e&&d F arPshesla\Wrode ey whe?Bie the
transform bI ock; (e) nmeans for downm xi ng ‘said freguency coefficients of

each audio charesuis of therwindove aveslap/atid progess arefosmatethaptl gutputied- sai d |1 ong and
shorter ‘transform bl ock information to forma ~ 6 left nixed down for
shorter ‘transform bl ock and a right mxed down.for shorter transform bl ock:
() means fAécotdh\@tb&@rdfér&ﬂ%ﬁibbdﬁnﬂm oe&retpraf:ntaavaﬁnbmfah input eoaedamtre‘aﬁr Iong_

transf or moP xlnt?l%cﬁanncl audio is first parsed and the bit allocatlon information for each audio channel
: * block is decoded. With the bit allocation information, the quantized frequency coefficients of

" - each audio channel block are unpacked from the bitstream and de~quantized. The de-quantized

- - frequency coefficients of all audio channels of a block are .tl_'zg_:_n mixed down. This downmixing

" is done separately for audio channel blocks that are of long transform block length and of shorter

2 transform block length; hence, four blocks of mixed dov?ﬁ. ft_ranstrm coefficients are formed:

. the left mixed down for long transform block, the left mixed down for shorter transform block,

- the right mixed down for long transform block, and the nght nmixed down for shorter transform

block.

The four blocks of mixed down transform cocfficignt_s are subjected to the respective
- inverse transform for long transform block and shorter t’i_ansform block. At the end of the
- inverse transform, the non-linearity between the long and _sﬂorter transform blocks is removed.
: "'- The results of inverse transform of the left mixed down f;): longer transform block and left
. .--.mixed down for shorter transform block are added togctl}c__i_'i;__.__to form the total mixed down left
| channel signal. Similarly, the total mixed down right chafmel signal is formed. Any further
= post—processing requ:red can then be performed on only ._th "e two total mixed down channels,

_ and the final results are outputted as audio PCM samp!cs for thc left and right channels.

"~ -Brief Description of the Drawings

The invention will now be described, by way of - iple only, with reference to the

.-, '_ -accompany drawings in which:

Figure 1 is a block diagram of the audio dccoder accordmg to one embodiment of

the present mvcnnon,



said right mxed down for long transform bl ock, said left m xed down for
sherter transform bl ock, and said right m xed down for shorter transform
bl ock to produce a |eft m xed down Iongci nverse transformed bl ock, a right
m xed down |ong inverse transformed bl &k, a |left m xed down shorter

i nverse transforned bl ock, and a right m xed down shorter inverse
transformed bl ock respectively; (g) neans for adding said left m xed down
| ong i nverse transforned bl ock and said | eft mxed down shorter inverse
transforned block to forma left total m xed down; (h) . neans for adding
of said right m xed down |ong inverse transfornmed bl ock and said right

m xed down shorter inverse transfornmed block to forma right total m xed
down. Preferabfgyretthe bliogkloslesiaam 9f B RSolirhéte bF S Sdaplive frequeadydonfaid he
sai'd mul ti-channel audio bitstreamto obtain bit allocation Informtion on
each audi o channel wi t hidewamixer frmdng pagypf the daspdes ishowp mPisire 2ed frequency
coefficients fromsaid block using said bit allocation information; and (c)-
de-quanti zi ng said quantized frequency coefficients to obtain said
frequency coefFigoreéht s isa bigcksdiagiar atotiser enbadimen of the adaptivd frequercy domain

post -processing step is also preferably preforned in which: (a) the left
total mixed down is subj of Shoynjn W&P@FI ap/ add process wherein the
sanples within the left total m xed down are viei ghted, de-interleaved,
over | apped and added to sanples of a previous block; (b the right total
m xed down is Eigfeect ed is 8 bieckidiagam of\aaraltammatectmbodiseatof the invedse tragsorm

and post-processing processes forming part of the present invention.

- Best Modes for Carrying Out the Invention

An audio decoder with an adaptich frequency domain downmixer according to a
preferred embodiment of the present invention is shown-i_ﬁ Figure 1. An input multi-channel
audio bitstream s first decoded by a bitstream unpack and bit allocation decoder 1. An example
of the input multi-channel audio bitstream is the compressﬁd bitstream according to the ATSC
Standard, "Digital Audio Compression (AC~3) Standard", Document A/52, 20 December 1995.
This input AC-3 bitstream consists of coded information of up to six channels of au&io'sigml
including the left channel (L), the right channel (R), the center ch@el (C), the left surround

~ channel (L), the right surround channel (R,), and the low frequency effects channel (LFE).
However, the maximum number of coded audio channels for the input is not limited. The coded
information within the AC-3 bitstream is divided into frames of 6 audio blocks, and each of the
6 audio block contains the information for all of thc coded audio channel block (ie.
L R C, L, R, and LFE).

In the bitstream unpack and bit allocation decoqgf-: '_1, the input multi~channel audio
bitstream is parsed and decoded to obtain the bit allocati;_(__;). “ _i;gfonnation for each coded audio
.channel block. With the bit allocation information, the quz;uiif ed frequency coefficients of each
coded audio channel block are decoded from the input E?rh""uit_:i—channcl audio bitstream. An
cxémple embodiment of the bitstream unpack and bit allocﬁa't;i_éri decoder 1 may be found in the

ATSC (AC-~3) standard. The decoded quantized frcqucndy; cocfficients of each codcﬂ audio



sanples within right total m xed down are wei ghted, -de-interl eaved,

over | apped and added to sanples of a previous bl ock; and 7 (c) t he
results of the wi ndow overl ap/add are subjected to an output process
wherein the results of the w ndow over I9ap/ add process are formatted and
out'putted. According to a preferred enbodi nent of the present, invention,
an 1 nput coded bitstreamof nultichannel audio is first parsed and the bit -
al l ocation information for each audi o channel block is decoded. Wth the
bit allocation information, the quantized frequency coefficients of each
audi o channel bl ock are unpacked fromthe bitstream and de-quantized. The
de-quanti zed frequency coefficients of all audio channels of a bl ock are
t hen m xechafigelblock 4t tnveRquintized By ki ddeqantep toiredute ter fraqueinay cobffidieats

bl ocks tha ?re of qung trcgnsf_orm bl ock | ength and of shorter transfqorm
bl ock | eny? RE cofipanding Gpdeg aydipschgnrnsh black. Is{Of 4R ABTIVARGAST Ri T 8%tS are
formed: t bifskghtis Bhi@ih HOMTSEQMO-0féladdaif\pbOKBAMBROCK, Lhe Teft i xed down

for shorter transform bl ock, the right m xed down for |ong transform bl ock,
and the right m xed down for shorter transform bl ock. The four bl ocks of

v ansf orm for 1SRG RrARE P it e it AR o S0P B RRERR! it IS 2N

of the i nftequesicyt ¢oetfidiatsare ntixeddonmlih BRaidaptive HRGueren domeinl dowgmared 3 dasdt er

transform bl ocks is renoved, ) . : . .
on the long/shorter transform block information 17 extracted from the input bitstream to produce
four blocks of mixed down frequency coefficients consisting the left mixed down for long
transform block 12 (L), the left mixed down for shorter transform block 13 (L, o), the right
mixed down for long transform block 14 (R,,.), and the right mixed down for shorter transform
block 15 (R,;9). The L,; 12.and L, 13 are subjected to inverse transform for long transform
block 4 and inverse transform for shorter transform block 5 respectively, and the results are
addeci together by the adder 8. Similarly, the R, 14 and Ry s 15 are subjected to inverse
transform for long transform block 6 and inverse transform for shorter transform block 7
respectively, and the results are added togethcr by the adder 9. The results of adder 8 and adder
9 are subjected to post—proqésing 10 and post-processin'g' 11 respectively, subsequently and
finally outputted as output mixed down left channel 18 and output mixed down right channel 19.

An embodiment of the adaptive frequency domain downmixer 3 is shown in Figure 2.
In this embodiment, the fréqﬁcncy coefficients (number 16 in Figure 1) of an audio block are
supplied in demultiplexed form CHo toCH, (numeral 10;(:):_'to' 105) with respect to six audio
channel. The long and shorter transform block informatiojx- (number 17 in Figure 1) is also
supplied in demultiplexed form LS, to LS, (numeral 106 tc'i_ .'1;11) with respect to the six audio
channel. The input frequency coefficients CH, to CH ar__'cf__-'fixst multiplied by the respective
downmixing coefficientsa, toa,; andb, tob, (numeral 20 to .3_1) with multipliers (numeral 32
to 43). The downmixing coefficients are either dctcnnixic:d;_ by application or by information
from the input bitstream. The switches (numeral 44 to.5_5) arc used to switch according to the
long and shorter transform block information LS, toLS, of cag___:-:h-pf the audio channel the results
of the muitiplier (number 32 to 43) to the corresponding sumr:r:_x;t'_or forL,, 56, summator for L,

57, summator forR,, 58, and summatorR,,; 59. The rés:ixlts of the summator forl,, 56



The results of inverse transformof the left nixed down for |onger
transf.orm bl ock and | eft mixed down for shorter transformblock are added
together to formthe total nixed down |eft channel signal. Sinmlarly, the
tot.at: m xed down right channel signal & formed. Any further

post - processing required can then be perforned on only these two total

m xed down channels, and the final results are. outputted as audi o PCM
sanples for the left and right channels. Brief Description of the Draw ngs
The invention will now be described, by way of exanple only, with reference
to the acconpany drawi ngs in which: Figure 1 ~ is a block diagramof the
audi o decoder according to one enbodi nent of the present invention; 8
Figure 2 summatorafdrl[gng'l;lisa:gimmroforﬁg,g S8ybanti semmauirRgn apd ioutpuftedqeency

- domai n do ng part . of the decgder shown i.n Figure 1.: Figure 3
is a bl ocml-mi;;drhg ?@Lﬁé R ‘t"gl Rve: Tatjonsof MEgtfERn

downmi xerbe%%a;htlﬁéwroe,,gge fbnkd gure 4 is a block diagramof an

al ternate enbodi nent of the inverse transform and post-processing processes

form ng part of the present invention. Best Mdes for Carrying Qut the
| nventi on Z (@, x CH, x LS) .

i=0

Ly =3 (axCHIS)

i=0

R, =Y (b,xCH xLS)

i=0

Ry =) (b,xCH xLS)
1=0

where LS, is the "Boolean” (0 = shorter, 1 = long) representation of the long and shorter
transform for each of the channel i = Q to n.

It should be noted that the number of audio channels in the present embodiment is not
limited to six, and can be expanded by increasing the number of multipliers and switches for the
additional channels. '

Another embodiment of the adaptive frequency domain downmixer 3 is shown in Figure

3. The input frequency coefficients 16 are provided in scdaénce of the coded audio channel

: block as CH, where i is the audio current channel number. The input CH, is multiplied by the
corresponding downmixing coefficients g, 76 andb, 77 using, multxpher 60 and 61 respectively,

. and the results are switched according to the long and shorter transform block information LS,
17 of the current audio channel block. If the current audio _gh_annel block is a long transform
block, the results of the multiplier 60 and 61 are accumulated to buffer forL,, 68 andbufferfor R,
.70 respectively using the adder 64 and 66. On the other hand, 1f the current audio channel block

is ashorter transform block, the results of the multiplier 60 and 61 rc accumulated to buffer for L,
69 and buffer forR,,; 71 respectively using the adder 65 and 67. After all the frequency

coefficients of an audio block are received and proc_css;d, the results in buffers for



An audi.o decoder with an adaptive frequency domai n downm xer according to a
preferred enmbodi nent of the present invention is shown in Figure 1. An

L.mul ti-channel audio bitstreamis first decoded by a bitstream unpack

d. it allocation decoder 1. An exarrpﬂe of the input nulti-channel audio
bi t:streamis the conpressed bitstream according to the ATSC Standard,
"Di'gital Audi o Conpression (AC-3) Standard", Docunent A/ 52, 20 Decenber
1995. This input AC 3 bitstream consists of coded i nformation of up to six
channel s of audio signal including the Ieft channel (L), the right channel
(R), the center channel (C), the left surround channel (L), the right
surround channel (R), and the |ow frequency effects channel (LFE). However,
t he maxi nﬂm.riwgd)ﬁp,,,@hdlipﬁm outpdtted whhmmtoé Outputy T9aasi nput is not |inited.

The coded;i nfor pat e tstr | franes of 6
audi o bl oé‘K—’stQaEn‘?aF iealcnIFf"-o# gkgs alué\ P16 k“sm?ﬁfygglﬁe 7}6‘h§%1‘1§§ Z%tl on for

all of the coded audio channel bl ock (|e L, R-C L[err], Rerr] and LFE).
In the bitstream unpack and bit allocation decoder |, the jnput

mul ti - channel BEHE 4 SBowsa dlieratecermhodiraent of dhe drsersg dgnst e%mdamst—rpmscmz

al | ocati Oﬁobég%égr B I’f@%e@@s? | V&?ﬁ.
al l ocati oh 1 nfornat |tgﬁ l Lé’apggjgglt@éggggg&;g@g?eflﬂt%gﬁ S 0 &g] ﬂ coded '
audi o chaecnefficieitelly 42 @ndégpﬂbmffammdm&lqchme fimss| inverseh tramsformmd dwvith the :
bi t st ream An exa | e .enbodi un bi t | ocation
decoder 1T ﬁ%ﬂ% cfrﬁnﬁﬁf‘ﬂg&A ("‘55%’ Lfgfghgéf‘n% vgﬁéKﬂgrE}g cﬁ?’ﬁﬁfl zed
f r equency trairhibiick 82.STHY re€il 6f teOfRRYInverdditRAnsform are added together by adder 83 and

then subject to post—proceésing 84 before outputting to__}._t'hc left channel output buffer 86.

Subsequently, the L/R select signal 88 is changed, and the input mixed down frequency

coefﬁcientst_ 14 andR, 15 are inverse transformed Wi_ih the respective inverse transform

for long transform block 81 and inverse transform for shorter transform block 82. The results

of the two inverse transform are added together by adder 83 and then subject to post—processing

84 before outputting to the right channel output buffer 87.- Finally, the decompressed audio

~ signals, outﬁut mixed down left channel 18 and output mixed down right channel 19, are sent
- out from the left channel output buffer 86 and right charmel output buffer 87 respectively.

Examples of the inverse transform for long transform block (aumeral 4 and 6 of Figure

~ 1and numeral 81 of Figure 4) and inverse transform for shorter transform block numeral 5 afxd

" 7 of Figure 1 and numeral 82 of Figure 4) can be found in the ATSC (AC-3) standard

o specification. An example embodiment of the pust-proccssmg module (numeral 10 and 11 of

. Figure 1 and numeral 84 of Figure 4) consists of window, ovcrlap/add scaling and quantization
can also be found the ATSC (AC-3) standard Spec:lficanon

It will be apparent that by maintaining the long and shorter transform block coefficients

- separately, downmixing can be performed in the frcquency domam in a multi~channel audio
| decoder with adaptive long and shorter transform block coded_mput bitstream. As this adaptive
-.: downmixing is performed before the inverse transform, thc ._'_umbcr of inverse transform per
.. audio block is reduced to four instead of the number of codcd audio channels; hence, if the

~ number of coded audio channels in the input bitstream to thc multx-channcl audio decoder is



& channel block are inverse quantized by the-de-quantizer 2 to produce the
frequency coefficients 16 of correspondi ng coded audi o channel bl ock.
Detai s of the de-quantizer 2 for AC-3 hitstreamis found in the ATSC
(AC:3). standard specificati-on. After géﬁ%rating the frequency coefficients
of ®ach or all of the audio channel block, the frequency coefficients are
m xed down in the adaptive frequency domai n downmi xer 3 based on the

. ong/ shorter transform bl ock information 17 extracted fromthe input
bitstreamto produce four blocks of m xed down frequency coefficients
consisting the left m xed down for 1ong transformblock 12 (L[err]), the

| eft m xed down for shorter transformblock 13 (L[err]), the right m xed
down for |sixtp eight nbdnnelss the cadiction of Rjesyuniber ofsinversentzansfogintrequired avilll bevewd tor

hor t t f.Qr.m bl 15 (E . JThe L ] 1 d 13 :
ubj ect ed PO (TAPEEPE ARFLRPb ey To FLAEPEPA o SePery e FrmapSion
t ransf or m joad regiiéhént. t r ansf orm bl ock 5 respectively, and the results are

added together by the adder 8. Simlarly, the Rlerr] 14 and Rerr] 15 are
.subj ected to inverse transformfor long transformblock 6 and inverse

transformfor I . ﬁgéf m%u? Y : {.hes. are
added toget her Sﬁ%f{nﬁ%mﬁa% e'r;_bgg.%%ao%gsul @g? %gg%?rl%gnﬁ%ldatgﬁé?&g%g% (Zan'

subj ect ed beompdeswitipubdessingdrohDtha scbpe@s thefneemtesi ng 11 respecti vel y,
subsequently and finally outputted as output m xed down |eft channel 18 and
out put m xed down right channel 19. An enbodi nent of the adaptive frequency
domai n downm xer 3 is shownin Figure 2. In this enbodi nent, the frequency
coefficients (nunber 16 in Figure 1) of an audio block are supplied in -
dermul tiplexed formCHerr] to CHerr] (nunmeral 100 to 105) with respect to
si x audi o channel. The I ong and shorter transform bl ock information (nunber -
17 in Figure 1) is also




supplied in denultiplexed formLS[err] to LS err] (nurreralmmmmmmmu"
respect. to the six audi o channel. The input frequency coeffk Salils bl gl |l
to-CHerr] are first multi-plied by the respective downm xi n§ coef'fi & efits
alerr] to a[err] and b[err] to b[err] 1Bwumeral 20 to 31) with multipliers
(nuperal 32 to 43). The downm xing coefficients are either determ ned by
application or by information fromthe input bitstream The switches
‘(nuneral 44 to 55) are used to switch according to the |ong and shorter
transform bl ock information LS[err] to LS[err] of each of the audio channel
the results of the nultiplier (nunber 32 to 43) to the correspondi ng _
sumat or for L[err] 56, summator for L[err] 57, summator for Rlerr] 58, and
summator R{err] 59. The results of tGbAIM®mator forL[err] 56 10 summat or
for L[err] 57, summator for R err] 58, and summatorR err] 59 are outputted
as L[err] 12, L[err] 13, Rerr] 14, Rerr] 15, respectively. The overal

oper ati ong. of Ahicthodrozd@eéodinga matt-Eiandel 20diobastrdamh ddaprisiglthydted ofquat i ons:
[err] whereLS[err] is the "Boolean" (0= shorter, 1 = long) representation

of the long and shorter transformfor each of the channel i =0 to n. It

shoul d be not th : i ' ' di ment
T not 1 Ledt o oo ldIRGaAHE el RAERT 1o 4 blodf dRieRER ol
mul tipliers and swiabtdinfrefuemcy baefficichts farreach aidinehansel within each block in the

said multi-channel audio bitstream;

(b) unpacking long and shorter transform block information for each audio channel

within said block from said multi~channel audio bitstream;

(¢)  determining downmixing coefficients for each audio channel within said multi-

channel audijo bitstream;

(d  downmixing said frequency coefficients of each audio channel within said block
which are identified as long transform block by said long and shorter transform
block information to form a left mixed down for long transform block and aright

mixed down for long transform block;

’ (¢)  downmixing said frequency coefficients of each audio channels within the said
block which are identified as shorter transform block by said long and shorter
transform block information to form a left mixed down for shorter transform

block and a right mixed down for shorter transform 'block;

® inverse transforming each of said left mixed down for long transform block, said
right mixed down for long transform block, said left mixed down for shorter‘
transform block, and said right mixed down for shorter transform biock to
produce a left mixed down long inverse transformed block, a right mixed down
long inverse transformed block, a left mixed down shorter inverse transformed

block, and a right mixed down shorter inverse transformed block respectively;



Anot her enbodi nent of the adaptive frequency donmin dovvnm j. B I
Figure 3. The input frequency coefficients 16 are provi dednm“awﬂmﬂmulr :
re 3 HE e

the coded audi o channel block as CHerr] where i is the audto curyemt
chanael nunber. The input CHerr] is tiplied by the corresponding
downmi xi ng coefficients a[err] 76 andb, .77 using nmultiplier 60 and 61
respectively, and the results are switched according to the |ong and
shorter transform block information LS[err] 17 of the current audi o channel
bl ock. If the current audio channel block is a |long transform bl ock, the
results of the multiplier 60 and 61 are accunul ated to buffer forL[err] 68
and buffer for Rlerr] 70 respectively using the adder 64 and 66. On the

ot her hand, i f(g) he addisig saittlefamiked dounnlong linvatse edansfornfed Disrktand siid defshixed

bl ock, the results of the nmultiplier 60 _and 61 are accunulated to buffer
for L[err] 69 and BEVWRshorepinperss frpnsformed Slack tq fPEm ¢ lefs [oR) miked dayeAnds and
67. After all the frequency coefficients of an audio bl ock are recei ved and-
processed, the results in buffers for L[err], L[err] Rerr], andR.err]
are out putted () t hadding said right mixsf slowh 10gg twens¢ oansformed blgakrand saigl righfter r |

14, andRlerr] 15 respectivel v using .swtches, 72, 73 74 5. Fhgure 4
shows an alternate'® ﬁo%é‘lvﬂglh%%‘fw?%e% °§(§l‘f°f2‘_§?1g%rarﬁ‘%ﬁg°q?)l£’f‘9{¢ 0Cessi ng
processes. Wth the L/R select signal 88, switches 80 and 85, the input

m xed down frequency coefficientsL[err] 12 andL[err] 13 of an audi o bl ock
are firstei nveékBethpd aconding fRclaipy 1, Whewsin saidblnck decpding prpesss SOMPLISeS fs P or

| ong transformgebl ock 81 and inverse transformfor shorter transform block
82. The results of the two inverse transform are added together by adder 83
and :

(a) parsing the said multi-channel audio bitstream to obtain bit allocation

information on each audio channel within said block;

(b)  unpacking quantized frequency coefficients from said block using said bit
allocation information; and

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

coefficients using said bit allocation information.
3. A method according to claim 2, further including a post—-processing step comprising:

(a)  subjecting said left total mixed down to a window overlap/add process wherein
the samples within said left total mixed down are weighted, de—interleaved,

overlapped and added to samples of a previous block;

(b)  subjecting said right total mixed down to a window overlap/add process wherein
the samples within said right total mixed down are weighted, de—interleaved,

overlapped and added to samples of a previous block; and

(c)  subjecting the results of the window overlap/add to an output process wherein

“said results of the window overlap/add process are formatted and outputted.



then subject to post-processing 84 before outputting to thillﬂﬂﬂu&muﬂu““l
output . buffer 86. Subsequently, the L/R sel ect signal 88 :i s ER M *
the input mnmixed down frequency coefficjentsRerr] 14 andR[err] 15 are

i nverse transfornmed with the respective inverse transformfor |ong
transform bl ock 81 and inverse transformfor shorter transform bl ock 82.
The results of the two inverse transformare added together by adder 83 and
thén subject to post-processing 84 before outputting to the right channel
output buffer 87. Finally, the deconpressed audi o signals, output m xed
down | eft channel 18 and output m xed down right channel 19, are sent out
fromthe | eft channel output buffer 86 and right channel output buffer 87
respecti vél y. 4%appsratus for decpding A wyitizchapneh aydie Ritstisam comgrisirginsf or m bl ock
(nuneral 4 and 6 of Figure 1 and numeral 81 of Figure 4) and inverse
transformfor shorter transform bl ock nuneral 5 and 7 of Figure 1 and
nuneral 82 of (@) gumeaty foarblick dexodidgisaid hmithicBaneNGudlp bitstmemar b obtain

specification. An anpl e enhodi nept of the, post-proc I ng nodul e (nuner al
10 and 11 of Figur ?eﬂ‘qgﬂ? cﬁ%@?&fs"g%c&“ °§B$‘B’°ﬁ)"‘%&8§?§is°§%°§’ of wi ndow,

overl ap/add, scaling and quantization can al so be found the ATSC (AC-3)
standard specification.. It will be apparent that by maintaining the |ong

and shorter tr@&hsf dnesnpiopunpacking longand shartes appsfammdlogk informatiencion gachaaydise
perfornmed in the frcﬁgﬂ.‘?p&}ﬂgig Wheted @ mul ti-channel audi o decoder with
adaptive |l ong and shorter rggnfgfb%ﬁ bl ock coded input bitstream As this
adaptive downm xing is perforned before the inverse transform the nunber

of inverse transform pe udi o, bl ock i s .reduged to_four instead of .{he
unbor of - couda) aydPiBs F GRETRnE AV BImURE CordbsieRt L Sah 2. saaey phin
channel s in the i npeid daiiiSdpaglhddio bitdredit t i - channel audi o decoder is

(d) means for downmixing said frequency coefficients of each audio channel
identified as long transform block by said long and shorter transform block
information to form a left mixed down for long transform block and a right

mixed down for long transform block;

(¢) means for downmixing said frequency coefﬁcicﬁts of each audio channel
identified as shorter transform block by said long and shorter tranéform block
information to form a left mixed down for shorter transform block and a right
mixed down for shorter transform block; |

()  means for inverse transforming each of said left mixed down for long transform
block, said right mixed down for long transform block, said left mixed down for
shorter transform block, and said right mixed down for shorter transform block

-to producé a left mixed down long inverse transformed block, a right mixed
~down long inverse transformed block, a left mixed down shorter inverse
transformed block, and a right mixed down shorter inverse transformed block

respectively;

(g)  means for adding said left mixed down long inverse transformed block and said



12 six to eight channels, the reduction of the nunber of |nﬁﬂmu ﬂ’ ”ﬂ :M"l
required will be two to four. This represents a significat ooty L

i mpl enment ati on conpl exity and conputatign | oad requirenent; The foregoi ng
descri bes only sonme enbodi ments of thePnvention and nodifications can be
made wi thout departing fromthe scope of the invention. 13 CLAIMS A

met hod of decoding a nulti-channel audio bitstream conprising the steps of::
(a)- subjecting said nulti-channel audio bitstreamto a bl ock decodi ng
process to obtain frequency coefficients for each audi o channel within each
block in the said nulti-channel audio bitstream (b) unpacki ng | ong and
shorter transform bl ock information for each audi o channel within said

bl ock from sai d mul left-mixed den aholted ilictsattransformddchlock wefoen i laft nataldminedi xi ng
coefficients for eagh audi o channel within said multi- channel audio

bi t st ream own;

()  means for adding of said right mixed down long inverse transformed block and
said right mixed down shorter inverse transformed block to form a right total

mixed down.
5.  Anapparatus according to claim 4, wherein said means for block decoding comprises:

(@) - means for parsing said multi~channel audio bitstream to obtain bit allocating

information on each audio channel within said block;

(®)  means for unpacking quantized frequency coefficients from said block using

said bit allocation information; and

(¢)  means for de~quantizing said quantized frequency coefficients to said frequency

coefficients using said bit allocation information.

6. An apparatus according to claim S, further including means for performing a post-

processing process comprising:

(@)  means for subjecting said left total mixed down to a window overlap/add process
wherein the samples within said left total mixed down are weighted, de-

interleaved, overlapped and added to samples of a previous block;
(b) means for subjectingl said right total mixed down to a window overlap/add
process wherein the samples within said right total mixed down are weighted,

deinterleaved, overlapped and added to samples of a previous block; and

(c)  means for subjecting the results of said window overlap/add process to an output



(d) downm xing said frequency coefficients-of each audio ic

sai d bl ock which are identified as |ong transform bl ock by siﬂ“ﬂuummummlll :
shorter transformblock information to forma |eft nixed down *f bngt
transf:érm bl ock and a right nixed down *hor | ong transform bl ock (e)

downni xi ng sai d frequency coefficients of each audi o channels W|th| n the
said bl'ock which are identified as shorter transform block by said | ong and
shorter transformblock information to forma left mixed down for shorter
transform bl ock and a right mxed down for shorter transform bl ock; (f)

i nverse transform ng each of said left m xed down for |ong transform bl ock,
~said right mxed down for Iong transform bl ock, said left m xed down for
shorter transfor m bPRess wherdsaidiesultsiof e wihdovelowtalapy aé@?ro&&@ Exfc%nﬁ{(tﬁﬂ%@r m

bl ock to produce a &ﬁé&mm xed down | ong inverse transforned a right
m xed down |l ong inverSe transformed block, a left m xed down shorter

i nverse transforned bl ock, and a right mxed down shorter inverse
transforned bl ock respectively; 14 (9) adding said left m xed down

| ong inverse transforned block and said |eft m xed down shorter inverse
transforned block to forma left total m xed down; and (h) addi ng said
right mxed down |ong inverse transfornmed bl ock and said right




m xed down shorter inverse transforned block.to forma right total m xed
down. 2. A net hod according to claim1, wherein said bl ock decoding
prdocess conprises the steps of: (a) parsing the said nulti-channel audio
bitstreamto obtain bit allocation infornmation on each audi o channel within
sai:d bl ock; (b) unpacki ng quantized frequency coefficients fromsaid

~ bl'ock ‘using said bit allocation information; and (c) de-quanti zing said
guanti zed frequency coefficients to obtain said frequency coefficients
using said bit allocation informati QBSTRACT A nethod according to claim2
further .including a post-processing step conprising: (a) subj ecting said
left total mixed down to a w ndow overl ap/ add process wherein the sanples
W t hi n sai AUDBIO DECCDERI WEDNH ANA DARTIME BREQUENEY iDOMAINDOWNMIKER:pped
and added to sanples of a previous bl ock;- (b) subjecting said right t ot al

At torm ot R AR Bl RS e Alt BB e b
to sanpl ggq &fnc?‘ dofR% QevnMixef ks useBdo Ge)”mmi %c&&ﬁx&g‘ﬂ) fohg ah&%ﬂbx&& dnsidifm

wi ndow overl ap/ add to an out put process wherein said results of the. w ndow
over | ap/ black lsngthdaformatior, thendecodad frequiecocy porfficignts of the multi-channel audio such

that the long and shorter transform block information is maintained separately within the mixed
down left and right channels. In this way, the long and shorter transform block coefficients of
the mixed down left and right channels can be inverse transformed adaptively according to the
iqng_ and shorter transform block information, and the results of the inverse transform of the long

" and short block of each of the left and right channel added together to.form the total mixed down
Qut'put of the left and right channel.



.15 4. An apparatus for decoding a nultl-ghannel audi o bitstream
conprising: (a) means for bl ock decodi ng sai d nul ti-channel audio
bitstreamto obtain frequency coefficients of each audio channel with each
bl ock; (b) means for unpacking | ong and shorter transform bl ock
information for each audio channel wi thin said block; (c) means for

det er m ni ng downni xi ng coefficients for each audio channel within said

mul ti-channel audio bitstream (d) means for downm xi ng said frequency
coefficients of each audio channel identified as | ong transform bl ock by
said long and shorter transformblock information to forma left m xed down
for long transform block and a right m xed down for |ong transform bl ock;
(e) means for downm xing said frequency coefficients of each audio
channel identified as shorterg ansform bl o gby said | ong and shorter
transform bl ock information { orma |eft ed down for shorter transform
bl ock and a right m xed down shorter t%j? form bl ock; (f) nmeans for

i nverse transform ng each of d left m xé&d¥&@d@own for |ong transform bl ock,
said right m xed down for | opg transforn1b k, said left m xed down for
shorter transform bl ock, &t gqaid right down for shorter transform -
bl ock to produce a | eft m xdd ddwn | ong inver e transfornmed bl ock, a right
m xed down |ong inverse trarfsfgrjm® bl ock, aéfef% m xed down ‘shorter

i nver se gt ;j_
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ttansforned bl ock, and a right nixed down shorter inverse transforned bl ock
respectively; (9) nmeans for adding said left m xed down | ong inverse
transforned bl ock and said | eft m xed down shorter inverse transforned
block to forma left total m xed down; éﬂ) means for adding of said right
m xed down | ong inverse transfornmed bl ogk and said right m xed down shorter
I nverse transfornmed block to forma right total m xed down. 5. An
apparatus according to claim4, wherein said neans for bl ock decoding
conprises: (a) neans for parsing said nulti-channel audio bitstreamto
obtain bit allocating informati on on each audi o channel w thin said bl ock;
(b) means for unpacking quantlzqg frequency coefficients fromsaid bIock

using said bit allocati Lnfopamt | A% .and (c) means for de-quantizing
said quanti zed frequenzij;o ciredise Loef fi ci ents using
said bit allocation in@ormtjyd ] _* An acco ng to claimb5,

. . . Qrvrmam—— .
further includingC ) perforiTy a jppsi-—_prag ) Process
conprising: (a) me for | EAVERY: e == —Tle) L Laown to a
wi ndow over | ap/ add proc . . L Cr— N

% N |




wherein the sanples within said left total mxed down are wei ghted, de-

i nterl eaved, overlapped and added to sanples of a previous block; (b)
means for subjecting said right total m xed down to a wi ndow overl ap/ add
process wherein the sanples within said right total nmixed down are
wej-ghted, deinterleaved, overlapped and 3idded to sanpl es of a previous
‘bl'ock; and (c) means for subjecting the results of said w ndow '
-over | ap/ add process to an out put 17 process where said results of the
- W ndow over| ap/add process are formatted and out putted.

CH,




