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AUDIO DECODER WITH AN ADAPTIVE FREQUENCY DOMAIN DOWNMIXER
- Field of the Invention

This invention rel_atés-"tp multi-channel digital audio decoders for digiial storage media

and transmission media.
Background Art

An efficient multx-channel digital audio sxgnal coding method has been developed for
storage or transmission apphcatxons such as the digital video disc (DVD) player and the high
dgﬁmuon digital TV recejver _(st_-.t—mp-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 bctwecn two transformations with long
transform block length or shorter transform block length. Thc long transform block length

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

hand, the shorter transform block: length which has a greater time resolution is used for audio




input signals which change rapidly in time.

At the decoder snde each audio block is decompressed from the bitstream by first
determining the bit allocation information, then unpacking and de-quantizing the quantized co-
shorter transform length to output audio PCM data. The decodmg processes are performed for
each channel in the multi~channe! audio data.

efficients, and inverse transforming the resulting coeff’ c1ents based on determined long or

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 perfermed 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 + 5,C + bl + bR, + BIFE

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

R

L

R:  Right channel input
C Centre channel input
Ls

Surround left channel input

R,:  Surround right channel input



LFE: Low frequency 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 process is a complex and computationally
) 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
l'-:-'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

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

» cannot be performed first. That is, combining the channels before the inverse transform process




will not produce the sar_tti:‘_id_utput that produced by combining the channels after the inverse

transform process.
Disclosure of the Inven_ﬁpn

It is an object of tl}iﬁ:_irfrvention to provide a method and apparatus for decoding a multi-
channel audio bitstream whrch will overcome or at least ameliorate the foregoing disadvantages.

In the present invqnti?n, an adaptive frequency domain downmixer is used to downmix,
according to the Ibng an&__iibrtcr 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 m;tilti'fchannel audio bitstream to_:__'_!a block decoding process to obtain

frequency coefficients for each audio channel within each block in the said multi-

channel audio bitstream;

(b) | unpacking long and shortcr transform block mformatlon for each audio channel within
said block from sald multi-channel audio bxtstream '

(c) detcrmxmng downmxxmg coefficients for cach audlo channcl within said multi-channel
audio bitstream; . '

(@) downmixing said frcqucncy cocfficients of each audlo channel within said block which
are identified as,_-}g_ng transform block by said itong and shorter transform block

information to form a left mixed down for long transform block and a right mixed down
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for long transform block;

downmixing said frcc_jﬁency 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 mxxed down for shorter transform block,
and said right mixed down for shorter transform bIock 10 produce a left mixed down long
inverse transformed block a right mixed down long inverse transformed block, a left
mixed down shorter i inverse transformed block, and a right mixed down shorter inverse
transformed block respecnvely,

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 |
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

means for unpacking lpng and shorter transform,_.._pl___ock information for each audio
channel within said block; i

means for determining downmixing coefficients-fér:f each audio channel within said’
multi~channel audio bitstream; | L

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 mx d down for long transform block;

~means for downmixing said frequency coefficient_s;' :Qf :_c:ach audio channel identified as

shorter transform block by said long and shorter tran_s_f;inn block information to form a
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left mixed down. fo_'f shorter transform block and a right mixed down for shorter
transform block; "

means for inverse transforming each of said left nifkéd down for long transform block,

- said right mixed down for long transform block said left mixed down for shorter

transform block, and saxd right mixed down for shorter transform block to produce a left
mixed down long-._x_nversc transformed block, a right mixed down long inverse
transformed block,"é left mixed down shorter inverse transformed block, and a right
mixed down shorter inverse transformed block respccnvely,

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; -
means for adding of s2id 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:

parsing the said multi-channel audio bitstream to bbtain bit allocation information on
each audio channel within said block; | '
unpacking quannzed frcquency coefficients from sald block using said bit allocation
information; and !

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 prefonn@ _i"_njwhich:

the left total mixed -down is subjected to a windo 6i{crlap/add process wherein the
samples within the l_éft'total mixed down are weighféd le~interleaved, overlapped and
added to samples of a previous block; .
the right total mixed- down is subjected to a windo erlap/add process wherein the
samples within right total nuxcd down are wc;ghtcd deFlnterlcavcd overlapped and

added to samples of 2 a prcvzous block; and
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- (c)  the results of the window overlap/add are subjt_:_é:__t_ir_:__c_i to an output process wherein the

results of the win_dow- overlap/add process are for"f_ma_tted and outputted.

According to a preferred embodiment of the prcscnt mvcntxon, an input coded bxtstream

of multichannel audio is first parsed and the bit allocanon 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 then mixed down. This downmixing

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

g post~processing requ:red can then be performed on only. thcse 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 ple 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,
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Figure 2 is a block diagram of one embodiment of an adaptive frequency domain

downmixer forming part of the degibder shown in Figure 1.;

Figure 3 is a block dxagram another cmbodxmcnt of the adaptive frequency domain

downmixer shown in Figure 2 and

Figure 4 is a block diagram of an alternate. embodiment of | the inverse transform

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
prefcrred embodiment of the present invention is shown in Figure 1. An input multi~-channel
audio bitstream is first decoded by a bitstream unpack and bit allocation decoder 1. An example
of the input multi-channel audio bitstream is the compresse_d 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). k

In the bitstream unpack and bit allocation decoqgf-: '_1, the input multi~channel audio

bitstream is parsed and decoded to obtain the bit allocatio _i;gfonnation for each coded audio

.channel block. With the bit allocation information, the quzm:f ed frequency coefficients of each

ltx—channcl audio bitstream. An

codcd audio channel block are decoded from the input 1

cxample embodiment of the bitstream unpack and bit allocatlon decoder 1 may be found in the

ATSC (AC-~3) standard. The decoded quantized frcqucncy__: cocfficients of each codcd audio



channel block are inverse quantized by the de-quantizer 2 to produce the frequency coefficients
16 of corresponding coded audio channel block. Details of the de—quantizer 2 for AC~3

bitstream is found in the ATSC (AC-3) standard specification.

After generating the frequency coefficients of each or all of the audio channel block, the
frequency coefficients are mixed down in the adaptive frequency domain downmixer 3 based
on the long/shorter transform block information 17 extracted ﬁom 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
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summator forL,c 57, summator forR,, 58, and summatorR, 59 are outputted as
Ly, 12, L 13, R, 14, R, 15, respectively. The overall operations of this embodiment can

be described in the following equations:

Ly, =Y, (a,x CH xLS)

i=0
LMS=§ (a, x CH, LS)
i
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=Qton.
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 sccjﬁence 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::_u_'-_,ansfonn block information LS,

17 of the current audio channel block. If the current audio _{:hannel 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



11

L. L,s R,,, andR, ¢ are outputted with control Out_pixt_M 79 as

Ly 12, L 13, Ry, 14, andR, ¢ 15 respectively using switches 72, 73, 74 and 75.

Figure 4 shows an alternate éembodiment of the in?ér_sc transform and post-processing
processes. With the L/R select signal 88, switches 80 and 85, the input mixed down frequency
coefficientsZ,; 12 andL, 13 of an audio block are- first inverse transformed with 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—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 (numeral 4 and 6 of Figure

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

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

. specification. An example embodiment of the post-processing module (numeral 10 and 11 of

. Figure 1 and numeral 84 of Figure 4) consists of window, ové?iap/add, scaling and quantization
can also be found the ATSC (AC-3) standard specification.

It will be apparent that by maintaining the long and shorter transform block coefficients
- separately, downmixing can be performed in the frcqucnc’:;y;q@)'main in a multi~channel audio

decoder with adaptive long and shorter transform block codéc_l,:iii\r_‘lput bitstream. As this adaptive

. downmixing is performed before the inverse transform, the: number of inverse transform per
.. audio block is reduced to four instead of the number of coded audio channels; hence, if the

 number of coded audio channels in the input bitstream to the. multi~channel audio decoder is
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six to eight channels, the reduction of the number of inverse transform required will be two to
four. This represents a si_giii_fication reduction in implementation complexity and computation

load requirement.

The foregoing describes only some embodiments of the invention and modifications can

be made without departing from the scope of the invention.
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CLAIMS
A method of decoding a multi~-channel audio bitstream comprising the steps of:

(a)  subjecting said multi-channel audio bitstream to a block decoding process to
obtain frequency coefficients for each audio channel 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;
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()  addingsaid left mixed down long inverse transformed block 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 righi

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

A method according to claim 1, wherein said block decoding process comprises the steps
of: '

(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.
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.
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An apparatus for decoding a multi-channel audio bitstream comprising:

(3) means for block decoding said multi~channel audio bitstream to obtain

frequency coefficients of each audio channel with each block;

(b)  means for unpacking long and shorter transform block information for each audio
channel within said block;

(c) means for determining downmixing coefficients for each audio channel within

said multi-channel audio bitstream;

(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
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left mixed down shorter inverse transformed block to form a left total mixed

down;

()  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.
An apparatus 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.

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



