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METHOD & APPARATUS FOR DECODING MULTI-CHANNEL AUDIO DATA
Field of the Invention

This invention relates to multi-channel! digital audio decoders for digital storage media

and transmission media.
Background Art

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



transform block length. The long transform block length which has good frequency resolution
is used for improved coding performance, and the shorter transform block length which has

greater time resolution is used for audio input signals which change rapidly in time.

At the decoder, each audio block is decompressed from the bitstreams by first
determining the bit allocation information, then unpacking and de—-quantizing the quantized
coefficients, and inverse transforming the resulting frequency coefficients based on determined
long or shorter transform length to output time domain audio PCM data. The decoding

processes are performed for each channel in the multi-channel audio data.

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



The downmixing method or coefficients may be designed such that the original or the
approximate of the original decoded multi-channel signals may be derived from the mixed

down channels.

The complexity or cost of decoding for such current art multi-channel audio
decoder is more or less proportional to the number of coded audio channels within the input
bitstream. In particular, the inverse transform 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



data retained between stages. The frequency coefficients generated by the data decoding stage

are retained to the degree of accuracy defined by the precision required.

On the other hand. the audio channels represented within the multi-channel audio
bitstream may have different perceptual importance relative to the actual audio contents. For
examples, a surround effect channel may have relatively less perceptual importance compared
to a main channel, or an audio block with shorter transform block length which has audio signals
that change rapidly in time may have less frequency resolution requirement compared to an

audio block with long transform block length.

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



transform process.

In a second aspect, this invention provides an apparatus for decoding a bitstream of

transform coded multi—channel audio data comprising:

(a)

(®)

©

CY

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

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;

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



to predetermined characteristics of the audio data represented by the block.

The block decoding preferably involves:

()  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.

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



each coded audio channel within a block, obtained by deformatting the input multi-channel
audio bitstream, are subjected to selection means whereby the higher or lower precision inverse
transform are determined for inverse transforming the de-quantized frequency coefficients of
each coded audio channel within the block such that the decoding complexity is reduced without

introducing significant artefacts in overall output audio quality.

Preferably, de~quantized coefficients of all coded aixdio channels can be mixed down
in frequency domain such that the total number of inverse transform is reduced to the number
of output audio channel required. The de—-quantized frequency coefficients 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 improvea. Pararﬁétcrs 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.



Two embodiments of the invention will now be described, by way of example only, with

reference to the accompanying drawings.
Brief Description of the Drawings

Figure 1 is a functional block diagram illustrating the basic structure of a first

embodiment of the invention for the case of six coded audio channel.

Figure 2 is a functional block diagram illustrating the basic structure of a second
embodiment of the invention with partial frequency and time domain
downmixing for the case of six input coded audio channel and two output

mixed down channels.
Best Modes for Carrying Out the Invention

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.



An example of the transform bitstream is the AC-3 bitstream according to the ATSC
Standard, "Digital Audio Compression (AC-3) Standard", Document A/52, 20 December 1995.
The AC-3 bitstream consists of coded information of up to six channels of audio signal
including the left channel (L), the right channel (R), the centre channel (C), the left surround
channel (LS), the right surround channel (RS), 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 audio
block contains the information for all of the coded audio channel block (ie: L, R, C, LS, RS and
LFE). The corresponding data and coefficient decoder 101 for AC-3 bitstream consists of steps
of parsing and decoding the input bitstream to obtain the bit allocation information for each
audio channel block, unpacking and de-quantizing the quantized frequency coefficients of each
audio channel block from the bitstream using the bit allocation information. Further details 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
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frequency to time domain transform or synthesis filter bank. One example of such transform
uses the Time Domain Aliasing Cancellation (TDAC) technique according to the ATSC (AC-3)
standard specification. The implementation of higher or lower precision inverse transform is
determined by the precision or wordlength of various parameters, such as the transform
coefficients and the filtering coefficients, and arithmetic operations used in the inverse
transform. The use of longer wordlength improves dynamic range or audio quality but increases
cost, as the wordlength of both the arithmetic units and the working memory RAM must be
increased. In one example, a higher precision inverse transform may be implemented using a
conventional 16-bit fixed point DSP (Digital Signal Processor) with double precision
wordlength (32-bit) for transform coefficients, intermediate and output data, and single
precision wordlength (16~bit) for filtering coefficients, while the lower precision inverse
transform is implemented using the same DSP with only single precision (16-bit) for all

parameters in the transform computation.

The present invention can be applied to decoder implementations where downmixing is
performed in the frequency domain. It can also be 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
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transform block length coefficients on path 203c(C2,,,) and shorter transform block length

coefficients on path 203d (C2,,;). Example equations that may describe the implementation of

the frequency domain downmixer for two output channel are given as follow:

Cl, =Y (a xCH xLS)

i=0

n

=E (aiCHixE:)

i=0

C2,, =Y. (b, xCH xLS)

where

LS,

CH.

Cl,
Cl,
c2,,

C2,6

= b, xCH x ES—,.)

i

is the "Boolean" (0 = shorter, 1 = long) representation of the long and shorter
transform block length switch for each of the inputi = Qto n

is the downmixing coefficient for first output channel and i-th input channel
is the downmixing coefficient for second output channel and i-~th input channel
is the frequency coefficient of the i~th input audio channel block

is mixed down coefficient of long transform block of first output channel

is mixed down coefficient of shorter transform block of first output channel

is mixed down coefficient of long transform block of second output channel

is mixed down coefficient of shorter transform block of second output channel
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The partially mixed down frequency cocfficients on path 203 are input to the selector
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.
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CLAIMS

1. 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 said multi-channel audio data a corresponding block of

frequency coefficients;

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;

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

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;
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C)

©

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 represented by the block;

subjecting each said intermediate block of frequency coefficients to said
assigned 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

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;

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

transform process;



(e} combining in time domain the results of the said higher precision inverse
transform process and said lower precision inverse transform process to form a

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

® generating a respective output audio signal in response to each said block of time

domain audio samples.

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.

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.

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



0 kg o g ®

* c L

10.

M s

%

the respective said block of frequency coefficients using lower precision arithmetic

parameters and Operations.

A method according to claim S or claim 6, 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.

A method as claimed in claim 7, wherein said digital signal processor is a 16-bit

processor.

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.

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;
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11.

12.

)

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

process.

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-channel audio data a corresponding block of frequency coefficients;

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;

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;

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.

An apparatus for decoding a bitstream of transform coded multi—channel audio data

comprising:

(@)

block decoding means to produce for each input audio channel within the said
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multi-channel audio data a corresponding block of frequency coefficients;

means for 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;

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;

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;

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

block of time domain audio sampies.

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

means comprises:

(a)

(b)

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

said input audio channel;

means for unpacking quantized frequency coefficients from said bitstream using

said bit allocation information; and
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15.

16.

17.

18.

-19.-

(c) means for de—quantizing said quantized frequency coefficients to obtain said

block of frequency coefficients using said bit allocation information.

An apparatus according to any one of claims 10 to 13, wherein said higher precision
inverse transform process comprises means for applying 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 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.

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.

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.

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

processor.

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.



