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A Device And A Method Of Playing Audio Clips

FIELD OF INVENTION

The present invention relates broadly to a device for playing audio clips, a
method of playing audio clips and a data storage medium having stored thereon
computer code means for instructing a computer system to execute a method of

playing audio clips.
BACKGROUND

Power consumption is a critical constraint in the design of both hardware and
software for portable embedded systems. Many portable embedded systems are
targeted towards streaming multimedia applications such as audio and video decoding.
Typically, these multimedia applications exhibit a high variability in their computational
demand.

Existing dynamic voltage/frequency scaling and dynamic power management
techniques exploit this variability and slow down or switch-off the processor during
periods of low demand in order to save energy. These techniques rely on predicting the
variation of the computational demand and often using control-theoretic feedback
schemes. However, such feedback schemes are computationally expensive and prone

to errors.

Therefore, there is a need to provide a technique or scheme that seeks to
address at least one of the above-mentioned problems.

SUMMARY

In accordance with a first aspect of the present invention, there is provided a
device for playing audio clips, the device comprising a processor scalable in voltage,
frequency, or both; a switch for selecting one of a plurality of output modes of the device;
and a controller for controlling the processor to decode input joint/MS stereo mode
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2
encoded audio data representing said audio clip based on the selected output mode;
wherein each output mode defines a number, m, of subbands of an M channel and a
number, s, of subbands of an S channel of the joint/MS stereo mode encoded data;
and the controller controls the processor to decode and store only data from the m

and s subbands for playback.

The number, s, of subbands of the S channel may be smaller or equal to the

number, m, of subbands of the M channel.

Wherein s < m, the controller may control the processor to copy [s+1, m]
subbands of the M channel that remain unchanged after a joint/MS stereo mode

processing.

Each output mode may be associated with a different power consumption of

the processor for decoding.

Each output mode may be associated with a minimum required processor

frequency for decoding.
Each output mode may be associated with a different output bandwidth.
Each output mode may be associated with a different quality level.

In accordance with a second aspect of the present invention, there is provided a
method of playing audio clips, the method comprising selecting one of a plurality of
output modes; controlling a processor, the processor being scalable in voltage,
frequency, or both, to decode input joint/MS stereo mode encoded audio data
representing said audio clip based on the selected output mode; wherein each output
mode defines a number, m, of subbands of an M channel and a number, s, of
subbands of an S channel of the join/MS stereo mode encoded data; and
controlling the processor to decode and store only data from the m and s subbands
for playback.
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Wherein s < m, the method may further comprise controlling the processor to
copy [s+1, m] subbands of the M channel that remain unchanged after the joint/MS

stereo mode processing.

Each output mode may be associated with a different power consumption of

the processor for decoding.

Each output mode may be associated with a minimum required processor

frequency for decoding.
Each output mode may be associated with a different output bandwidth.
Each output mode may be associated with a different quality level.

In accordance with a third aspect of the present invention, there is provided a
data storage medium having stored thereon computer code means for instructing a
computer system to execute a method of playing audio clips, the method comprising
the steps of selecting one of a plurality of output modes; controlling a processor, the
processor being scalable in voltage, frequency, or both, to decode input joint/MS stereo
mode encoded audio data representing said audio clip based on the selected output
mode; wherein each output mode defines a number, m, of subbands of an M channel
and a number, s, of subbands of an S channel of the joint/MS stereo mode encoded
data; and controlling the processor to decode and store only data from the m and s
subbands for playback.

BRIEF DESCRIPTION OF THE DRAWINGS
Embodiments of the invention will be better understood and readily apparent
to one of ordinary skill in the art from the following written description, by way of

example only, and in conjunction with the drawings, in which:

Figure 1 shows a schematic drawing of a Bandwidth and Stereo-image Scalable
~ MPEG audio layer 3 (BSS-MP3) decoder.



10

15

20

25

30

WO 2007/053120 PCT/SG2006/000328

4

Figure 2 shows a table listing four frequency band groups.

Figure 3 shows a flow chart of processes of a BSS decoding scheme
executed by the BSS-MP3 decoder

Figure 4 shows a table listing the minimum required frequency for different
decoding levels at three different playback delay values.

Figure 5 shows a chart of normalized energy consumption for 14 different
decoding levels when the playback delay is set at 0.5 seconds.

Figure 6 shows a chart of mean opinion score for 5 different profiles of 5
different music clips.

Figure 7 shows respective plots of mean opinion score, workload and energy
consumption against bandwidth.

Figure 8 shows a schematic diagram of a device for playing audio clips.

Figure 9 shows a flowchart illustrating a method of playing audio clips.

Figure 10 shows a schematic diagram of a computer system for

implementing the described method and system.

DETAILED DESCRIPTION

A Stereo-image scalable audio decoding scheme for audio files encoded using
joint/MS stereo mode is described herein. In the example embodiment, a Bandwidth and
Stereo-image Scalable (BSS) decoding scheme for single-layer audio formats such as
MP3 is described. The BSS decoding scheme is based on an analysis of the perceptual
relevance of different audio components in a compressed bitstream. The bandwidth and
stereo-image scalability directly translates into scalability in terms of the computational
workload generated by a decoder. This can be exploited by a voltage/frequency scalable

processor to save energy and prolong the battery life.
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The BSS decoding scheme allows users to control the tradeoff between battery
life and decoded audio quality, taking into account that a slight degradation in audio
quality may not be perceptible to the user but can significantly increase the battery life of
the player. This allows the users to control the quality level of the decoded audio
according to his hearing ability, the listening environment, and the required service type.
The users are also able to control the quality level at the decoder side. In addition, the
users are able to switch between multiple output quality levels for a single-layer audio
format such as MP3. Each quality level is associated with a different level of power
consumption. Further, the BSS decoding scheme is easy to implement, has no runtime
overhead and does not involve any runtime voltage or frequency scaling.

A standard MP3 decoder is redesigned into a BSS-MP3 decoder for
implementation of the BSS decoding scheme. It will be appreciated by a person skilled in
the art that the BSS decoding scheme can also be implemented using any perceptual

audio decoder.

Some portions of the description which follows are explicitly or implicitly
presented in terms of algorithms and functional or symbolic representations of
operations on data within a computer memory. These algorithmic descriptions and
functional or symbolic represenfations are the means used by those skilled in the data
processing arts to convey most effectively the substance of their work to others skilled in
the art. An algorithm is here, and generally, conceived to be a self-consistent sequence
of steps leading to a desired result. The steps are those requiring physical manipulations
of physical quantities, such as electrical, magnetic or optical signals capable of being
stored, transferred, combined, compared, and otherwise manipulated.

Unless specifically stated otherwise, and as apparent from the following, it will be
appreciated that throughout the present specification, discussions utilizing terms such as

"o« » ot » o« bL I {3 » o«

“decoding”, “processing”, “unpacking”, “computing”, “storing”, “copying”, or the like, refer
to the action and processes of a computer system, or similar electronic device, that
manipulates and transforms data represented as physical quantities within the the
computer system into other data similarly represented as physical quantities within the

computer system or other information storage, transmission or display devices.
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The present specification also discloses apparatus for performing the operations
of the methods. Such apparatus may be specially constructed for the required purposes,
or may comprise a general purpose computer or other device selectively activated or
reconfigured by a computer program stored in the computer. The algorithms and
displays presented herein are not inherently related to any particular computer or other
apparatus. Various general purpose machines may be used with programs in
accordance with the teachings herein. Alternatively, the construction of more specialized
apparatus to perform the required method steps may be appropriate. The structure of a
conventional general purpose computer will appear from the description below.

In addition, the present specification also implicitly discloses a computer
program, in that it would be apparent to the person skilled in the art that the individual
steps of the method described herein may be put into effect by computer code. The
computer program is not intended to be limited to any particular programming language
and implementation thereof. It will be appreciated that a variety of programming
languages and coding thereof may be used to implement the teachings of the disclosure
contained herein. Moreover, the computer program is not intended to be limited to any
particular control flow. There are many other variants of the computer program, which
can use different control flows without departing from the spirit or scope of the invention.

Such a computer program may be stored on any computer readable medium.
The computer readable medium may include storage devices such as magnetic or
optical disks, memory chips, or other storage devices suitable for interfacing with a
general purpose computer. The computer program when loaded and executed on such a
general-purpose computer effectively results in an apparatus that implements the steps
of the preferred method.

Figure 1 shows a schematic drawing of the BSS-MP3 decoder 100. The BSS-
MP3 decoder 100 comprises a processor 102 and a manual switch 104. The processor
102 converts compressed audio bitstream into pulse code modulation (PCM) audio
samples. The manual switch 104 is coupled to the processor 102. The manual switch
104 allows the user to choose the quality level manually to decode any audio clip
according to the decoding scheme or algorithm for the specified level, and the voltage
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and the frequency with which the processor 102 runs the decoding scheme. When a clip
is decoded at a lower quality level, the processor 102 can be run at a lower frequency
and voltage. As a result, power saving is advantageously achieved.

The BSS decoding scheme is a multi-level decoding scheme which is based on
distinguishing the perceptual significance associated with different frequency bands and
channels, which eliminates perceptually irrelevant computation. Therefore, the BSS
decoding scheme is advantagebusly more effective in workload reduction in comparison
with other existing optimization techniques such as the “do not zero-pute” algorithm (P.
De Smet, F. Rooms, H. Liong, and W. Philips. Do not zero-pute: An efficient homespun
MPEG-Audio layer Il decoding and optimization strategy, In Proc. of ACM Multimedia
2004, Oct. 2004).

The BSS-MP3 decoder 100 combines frequency bandwidth and stereo-image
scalability, resulting in a number of decoding levels. Each decoding level is associated
with a differenct playback quality. Details of frequency bandwidth and stereo-image
scalability are described in the following.

To achieve frequency bandwidth scalability, 32 subbands defined in the MPEG 1
audio standard are partitioned into four groups. Each group corresponds to a perceptual
quality level. Figure 2 shows a table listing the four frequency band groups. A sampling
frequency of about 44.1 kHz is used as an illustration.

Frequency band group 1 covers the lowest frequency bandwidth of about 5.5
kHz, which is defined as the base layer. Although group 1 occupies only a quarter of the
total bandwidth and contributes to roughly a quarter of the total computational workload,
it is perceptually the most relevant frequency band. The output audio quality is of
amplitude modulation (AM) quality and is sufficient for services such as news and sports

commentaries.

Group 2 covers a bandwidth of about 11 kHz and the output audio quality is of
frequency modulation (FM) radio quality, which is sufficient for listening to music clips
especially in noisy environments. Group 3 covers a bandwidth of about 16.5 kHz and
produces an output audio quality that is very close to compact disc (CD) quality. Group 4
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covers the full bandwidth of about 22 kHz, which corresponds to the standard MP3
decoder. The corresponding output audio quality is of CD quality.

In the example embodiment, the MP3 is encoded using the joint/MS stereo
mode. This mode exploits the similarity between the left and the right channel signals.
The left and right channels are encoded as the middle (M) and side (S) channel in the
MP3 file. The M channel contains the most essential information from both left and right
channels and the S channel is only responsible for providing the stereo image. Hence,
the M channel is perceptually more significant than the S channel despite the similar
computational workload involved in decoding it. As such, the inventors have recognised
that the S channel can be partially decoded or discarded completely when a smaller
workload and a longer battery life is desired.

Figure 3 shows a flow chart of processes of the BSS decoding scheme
executed by the BSS-MP3 decoder 100. The processes are bitstream unpacking and
Huffman decoding 302, de-quantization and reordering of spectral values 304, joint/MS
processing 306, Inverse Modified Discrete Cosine Transform (IMDCT) processing 308
and polyphase synthesis 310.

The processes which incur the most computational workload are de-quantization
304, IMDCT processing 308 and polyphase synthesis 310. A standard MP3 decoder
decodes the entire frequency band, which corresponds to the highest computational
workload. For the BSS-MP3 decoder 100, the above three modules process only a
partial frequency range depending on the decoding level selected by the user. Thus, less
computational cost is incurred. In Figure 3, B1 denotes the selected bandwidth for the M
channel, B2 for the S channel, B3 for the left channel and B4 for right channel,
respectively.

Assuming that the lower m subbands of the M channel and the lower s subbands
of the S channel, where s<7  are decoded by BSS-MP3 decoder 100. This implies an
asymmetric decoding where more subbands of M channel are decoded than the S
channel. However, symmetric partial MS decoding is also possible when =
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As shown in Figure 3, our BSS-MP3 decoder 100 decodes and stores only data
from the lower m and s subbands for M and S channels respectively after Huffman
decoding. Due to the absence of the group of [s+1, m] subbands in the S channel, [s+1,
m] subbands of the M channel remain unchanged after the joint/MS stereo processing
module. They are simply copied to both the left and the right channels, as indicated by
the dashed line after the IMDCT module in Figure 3. The only true stereo components

are the lower s subbands in the left and the right channels.

During the above processes, the computational workload of the BSS-MP3
decoder 100 advantageously decreases almost linearly with the decreasing number of
decoded subbands in both the channels. Energy savings and effectiveness of the BSS-
MP3 decoder 100 are evaluated and the details and the results of the evaluations are
described below.

The energy savings resulting from the BSS-MP3 decoder 100 is evaluated using
audio clips with a bit rate of about 128 kbits/sec. All the audio clips were of a sampling
rate of about 44.1 kHz and a duration of about 20s and were coded in the joint stereo
mode. The processor model was based on the Sim-Profile configuration of the
SimpleScalar instruction set simulator. The BSS-MP3 decoder 100 is simulated with
three different playback delay values, which are about 0.5, 1 and 2 seconds (s)
respectively.

Figure 4 shows a table listing the minimum required frequency for different
decoding levels at the three different playback delay values. These frequency values
were computed by taking into account both, the variability in the processor cycle
requirements of the different granules in the MP3 bitstream and the number of bits
constituting each granule. As the playback delay value was increased from about 0.5s to
about 1s and 2s, the minimum required frequency showed a moderate decrease for all
the decoding levels. The reason behind this is the increased buffering time which
smoothens some of the variability in the workload.

Figure 5 shows a chart of normalized energy consumption for 14 different
decoding levels when the playback delay is set at about 0.5s. From Figure 5, the
decoding configuration (m:32, s:32) 502 consumes the highest amount of normalized
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energy, which is about 0.99. This corresponds to a standard MP3 output. On the other
hand, the decoding configuration (m:8,s:8) 504 consumes normalized energy of about
0.01. An energy saving of about 98% is advantageously achieved when the decoding

configuration (m:8,s:8) 504 is selected.

To evaluate the effectiveness of the BSS-MP3 decoder 100, confidential
experiments are carried out on 13 subjects. All subjects were asked to evaluate the
audio quality using the mean opinion score (MOS), which is a five-point scale (5-
excellent, 4-good, 3-fair, 2-poor, and 1-bad). Five music clips were used for evaluation of
which four were pop music and one was pure instrumental classic music. These MP3
clips were all of joint stereo mode, had a sampling rate of about 44.1 kHz and a bitrate
equal to about 128 kbits/sec. Five different copies of each music clip were prepared for
testing. These copies were generated by the BSS-MP3 decoder 100 with profiles of
(m:32, 8:32), (m:32, s:24), (m:32, s:16), (M:32, s:8), (M:32, s:0) respectively. Each music
clip had two additional copies with profiles of (m:32, s:32) and (m:8, s:8) which were
used as anchor quality references. The profile of (m:32, s:32) was at a MOS scale of 5
and the profile of (m:8, s:8) was at a MOS scale of 3. All test samples were arranged in a
random order except for the anchor quality references. Two sets of subjective
evaluations, i.e. one for evaluating stereo-image scalability and the other for evaluating
bandwidth scalability, were carried out.

The results of the first evaluation on stereo-image scalability are shown in Figure
6. Figure 6 shows a chart of MOS for 5 different profiles of 5 different music clips. It is
observed that discarding S channel completely, i.e. converting stereo to mono (m:32;
s:32 (602) to m:32; s:0 (604)), results in noticeable quality degradation. When the entire
M channel and the lower quarter of S channel are decoded (i.e., m:32; s:32 (602) to
m:32; s:8 (606)), the quality degradation is negligible. Even though only the lower
quarter of S channel is decoded, a satisfactory playback audio quality is advantageously
provided. This shows that the low frequency band (Group 1 of Figure 1) is significantly
more important than the higher frequency bands. In addition, a reduction of processor
frequency of about 30%, which corresponds to a power savings of approximately 70% is
advantageously achieved.
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For the second evaluation on bandwidth scalability, symmetric M and S channel
decoding, i.e. both M and S channels are partially decoded, is carried out. Figure 7
shows the results of the second evaluation. Figure 7 shows a plot of mean opinion
score against bandwidth 702, a plot of workload against bandwidth 704 and a plot of
energy consumption against bandwidth 706. The plot 702 shows that switching from
the frequency band group 4 to 3 results in almost no degradation in the perceptual audio
quality. However, the plot 706 shows that switching from the frequency band group 4 to
3 advantageously achieves a reduction in energy consumption of more than about 50%.
Consequently, the battery life is extended. Significant power savings are advantageously
obtained by allowing a slightly degraded output audio quality.

The plot 704 shows that the workload of the BSS-MP3 decoder 100 is roughly
proportional to the frequency bandwidth to be decoded. Therefore, reducing the decoded
audio bandwidth results in a gradual reduction in audio quality but a sharp reduction in
the energy consumption.

Figure 8 shows a schematic diagram of a device 800 for playing audio clips
according to an embodiment. The device 800 comprises a processor 802 scalable in
voltage, frequency, or both. The device 800 further comprises a switch 804 for selecting
one of a plurality of output modes of the device. The device 800 also comprise a
controller 806, which is coupled to the processor 802 and the switch 804, for controlling
the processor to decode input joint/MS stereo mode encoded audio data representing
the audio clip based on the selected output mode, wherein each output mode defines a
number, m, of subbands of an M channel and a number, s, of subbands of an S
channel of the joint/MS stereo mode encoded data. The controller 806 controls the
processor 802 to decode and store only data from the m and s subbands for
playback.

Figure 9 shows a flowchart 900 illustrating a method of playing audio clips
according to an embodiment. At step 902, one of a plurality of output modes is selected.
At step 904, a processor is controlled and the processor is scalable in voltage,
frequency, or both, to decode input joint/MS stereo mode encoded audio data
representing the audio clip based on the selected output mode, wherein each output
mode defines a number, m, of subbands of an M channel and a number, s, of
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subbands of an S channel of the joint/MS stereo mode encoded data. At step 906,
the processor is controlled to decode and store only data from the m and s
subbands for playback.

The described method and system can be implemented on a computer
system 1000, schematically shown in Figure 10. It may be implemented as
software, such as a computer program being executed within the computer system
1000, and instructing the computer system 1000 to conduct the method of the
example embodiment.

The computer system 1000 comprises a computer module 1002, input
modules such as a keyboard 1004 and mouse 1006 and a plurality of output devices
such as a display 1008, and printer 1010.

The computer module 1002 is connected to a computer network 1012 via a
suitable transceiver device 1014, to enable access to e.g. the Internet or other
network systems such as Local Area Network (LAN) or Wide Area Network (WAN).

The computer module 1002 in the example includes a processor 1018, a
Random Access Memory (RAM) 1020 and a Read Only Memory (ROM) 1022. The
computer module 1002 also includes a number of Input/Output (I/O) interfaces, for
example /O interface 1024 to the display 1008, and I/O interface 1026 to the
keyboard 1004.

The components of the computer module 1002 typically communicate via an
interconnected bus 1028 and in a manner known to the person skilled in the relevant
art.

The application program is typically supplied to the user of the computer
system 1000 encoded on a data storage medium such as a CD-ROM or flash
memory carrier and read utilising a corresponding data storage medium drive of a
data storage device 1030. The application program is read and controlled in its
execution by the processor 1018. Intermediate storage of program data maybe
accomplished using RAM 1020.
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It will be appreciated by a person skilled in the art that numerous variations
and/or modifications may be made to the present invention as shown in the specific
embodiments without departing from the spirit or scope of the invention as broadly
described. The present embodiments are, therefore, to be considered in all respects to
be illustrative and not restrictive.
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CLAIMS

1. A device for playing audio clips, the device comprising:

a processor scalable in voltage, frequency, or both:

a switch for selecting one of a plurality of output modes of the device; and

a controller for controlling the processor to decode input joint/MS stereo mode
encoded audio data representing said audio clip based on the selected output mode;

wherein each output mode defines a number, m, of subbands of an M
channel and a number, s, of subbands of an S channel of the joint/MS stereo mode
encoded data; and

the controller controls the processor to decode and store only data from the
m and s subbands for playback.

2. The device as claimed in claim 1, wherein the number, s, of subbands of the
S channel is smaller or equal to the number, m, of subbands of the M channel.

3. The device as claimed in claims 1 or 2, wherein s < m, and the controller
controls the processor to copy [s+1, m] subbands of the M channel that remain

unchanged after a joint/MS stereo mode processing.

4. The device as claimed in any one of the preceding claims, wherein each
output mode is associated with a different power consumption of the processor for

decoding.

5. The device as claimed in claim 5, wherein each output mode is associated
with a minimum required processor frequency for decoding.

6. The device as claimed in any one of the preceding claims, wherein each
output mode is associated with a different output bandwidth.

7. The device as claimed in any one of the preceding claims, wherein each
output mode is associated with a different quality level.
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8. A method of playing audio clips, the method comprising:

selecting one of a plurality of output modes;

controlling a processor, the processor being scalable in voltage, frequency, or
both, to decode input joint/MS stereo mode encoded audio data representing said
audio clip based on the selected output mode;

wherein each output mode defines a number, m, of subbands of an M channel
and a number, s, of subbands of an S channel of the joint/MS stereo mode encoded
data; and

controlling the processor to decode and store only data from the m and s
subbands for playback.

9. The method as claimed in claim 8, wherein s < m, the method further comprising
controlling the processor to copy [s+1, m] subbands of the M channel that remain
unchanged after the joint/MS stereo mode processing.

10. The method as claimed in claims 8 or 9, wherein each output mode is

associated with a different power consumption of the processor for decoding.

11.  The method as claimed in claim 10, wherein each output mode is associated

with a minimum required prdcessor frequency for decoding.

12.  The method as claimed in any one of claims 8 to 11, wherein each output

mode is associated with a different output bandwidth.

13. The method as claimed in any one of claims 8 to 12, wherein each output

mode is associated with a different quality level.

14. A data storage medium having stored thereon computer code means for
instructing a computer system to execute a method of playing audio clips, the method
comprising the steps of:

selecting one of a plurality of output modes;

controlling a processor, the processor being scalable in voltage, frequency, or
both, to decode input joint/MS stereo mode encoded audio data representing said
audio clip based on the selected output mode;
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wherein each output mode defines a number, m, of subbands of an M channel
and a number, s, of subbands of an S channel of the joint/MS stereo mode encoded

data; and
controlling the processor to decode and store only data from the m and s

subbands for playback.
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