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METHOD FOR ASSIGNING AUDIO CHANNEL IDENTIFICATION, METHOD
FOR SELECTING AUDIO CHANNEL USING THE SAME, AND OPTICAL
RECORDING AND REPRODUCING APPARATUS SUITABLE THEREFOR

BACKGROUND OF THE INVENTION
1. Field of the Invention

The present invention relates to a method for assigning an audio channel
identification (ID) by which it is possible to follow up and select the audio channel
selected by a user even when a program or an audio data stream is changed in
an audio/video (A/V) device for reproducing a program including a plurality of
audio data streams, a method for selecting an audio channel using the same, and
an optical recording and reproducing apparatus suitable therefor.

2. Description of the Related Art

Currently, a moving picture engineering group (MPEG) and AC3 are often
used as a method for compressively encoding an audio signal. In a linear pulse
code modulation (PCM), the audio signal is not compressively encoded but
recorded as it is. In digital TV broadcasting or video CDS and digital video disks
(DVDs) which are digital A/V devices, the MPEG is mainly used.

When the encoded data streams of MPEG A/V data and other data
streams are integrated and applied to a real application, it is necessary to make a
data stream by integrating these data streams. Auxiliary data can be additionally
used according to a certain application. The roll of the MPEG system is
synchronizing and multiplexing video and audio data.

In the MPEG system, multiplexing by packets is adopted. In the
multiplexing by the packets, each of the video and audio data is divided into data
streams called packets having an appropriate length, information such as
headers are attached to the packets, and the packets of the video and audio data

are multiplexed.
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The packets include information for identifying whether the data items are
video or audio data in a region called a packet header as shown in FIG. 1. The
length of the packet depends on a transmission medium or application.

Table 1 is for showing the contents of the packet headers shown in FIG. 1.

Table 1

Main items

Packet_start_code_prefix “000001"h

stream_id 1 byte, for distinguishing kinds of data
items

PTS value

(DTS value)

Data Video data, MPEG audio data or private
data

In Table 1, Packet_start_code_prefix represents the start of a packet and
stream_id represents kinds of data items in a packet. For example, in the case of
video data, stream_id is a binary code “1110 0000”b. In the case of audio data,
stream_id is a binary code “1100 0**"b. Here, *** shows that eight kinds of data
streams can exist from 000b to 111b. In the MPEG system, other data items
besides the two data items are classified as private streams. A code “1011
1101“b can be used for the private stream.

A presentation time stamp (PTS) and a decoding time stamp (DTS),
defined in the MPEG system standard, respectively represent time taken to
output and decode a presentation unit in the video or audio data. The
presentation unit is a frame of a picture in the video data and a frame of audio in
the audio data. The DTS is not necessary in the case of the audio data.

Except MPEG audio data, audio data such as AC3 or LPCM is realized by
private streams. The content of the packet header adopted to the private streams
ié shown in Table 2.

Table 2
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Main items
Packet_start_code_prefix *00 00 01”h
stream_id “1011 1101"b
PTS value
substream_id AC3 or LPCM
number_of_audio_channels Number of audio channels
Data

In the Table 2, the substream_id is used in order to distinguish the kinds of
audio data encoding such as AC3 or LPCM. For example, in the case of the
AC3, the substream_id is “1010 0***"b. Here, *** means that up to eight data
streams can exist like in the MPEG audio. In the MPEG system, one program
can have various video data streams and audio data streams.

The term “number_of_audio_channels” denotes the number of channels.
There can be 1ch, 2ch, 3ch, 4ch, and a dual mono channel. Here, channels are
different from channels selected by a user. Namely, the above channels appear
as one channel to the user excluding the dual mono. The dual mono is
recognized as two channels.

In a MPEG-1 or MPEG-2 program stream (PS), an upper layer of the video
or audio packet, called a pack, exists. In general, a pack formed by integrating a
plurality of packets is considered to be a basic unit. FIG. 2 shows the structure of
the pack. Additional information for a time based reference for synchronous
reproduction exists in a pack header.

Table 3 shows the contents of the pack header shown in FIG. 2.

Table 3
Main items
Pack_start_code “00 00 01 BA"h
01 shows that data is MPEG-2
SCR value
program_mux_rate
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pack_stuffing_length

In the Table 3, the Pack_start_code is a code from which pack data starts.
SCR value represents the time at which the pack data reaches the buffer of a
decoder and is used for synchronize the system clock of an encoding port with
the system clock of a decoding port. The program_mux_rate represents a
transmission rate at which video, audio, and private data items are multiplexed
and transmitted. In order to decode data correctly, the data must be transmitted
at a transmission rate higher than the transmission rate. The
pack_stuffing_length represents the number of dummy data.

FIG. 3 schematically shows channels and audio signals corresponding
thereto. As shown in FIG. 3, audio signals are output through decoders. The
data of the dual mono channel having outputs, the audio data of CHO and the
audio data of CH1 is similar to the 2ch data. However, the dual mono data is
different from the 2ch data in that left and right audio signals are related to each
other in the 2ch data, meanwhile CHO and CH1 are separate audio signals in the
dual mono data.

For example, Korean language audio data can be loaded into CHO and
English language audio data can be loaded into CH1 in the dual mono channel.
Therefore, in general, only one of the two channels is output or the CHO audio
data and the CH1 audio data are output through a left speaker and a right
speaker, respectively.

FIG. 4 shows an example of an apparatus for decoding and outputting the
data of the dual mono channel. When a select signal is 0, the apparatus shown
in FIG. 4 outputs CHO audio as left audio and right audio. When the select signal
is 1, the apparatus outputs CH1 audio as left audio and right audio. When the
select signal is 2, the apparatus outputs CH1 audio and CH2 audio as left audio
and right audio, respectively.

FIG. 5 schematically shows a method of recording or reproducing a multi
voice audio signal as dual mono audio data. The multi voice audio signal is
formed of main audio data and sub-audio data. When data is recorded, the main
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audio data and the sub-audio data are encoded into an audio data stream
through a multi-voice encoder. At this time, the main audio data is encoded into
the CHO audio data and the sub-audio is encoded into the CH1 audio data.

When data is reproduced, an audio data stream is decoded into the CHO
audio data and the CH1 audio data through a muilti-voice decoder. The CHO
audio data is main audio data and the CH1 audio data is sub-audio data.

Here, it is assumed that a piurality of audio data streams exist. As an
example, when two audio data streams exist in an A/V data stream, the user can
select one among the two channels. When the selected audio data stream is
dual mono data, that is, sub-audio data streams are included, the user can select

two channels.

SUMMARY OF THE INVENTION

It is an object of the present invention to provide a method of assigning a
channel identification (ID) to a sub-audio data stream included in an audio data
stream when each audio data stream is in a dual mode in an audio/video (A/V)
stream including a plurality of audio data streams.

It is another object of the present invention to provide a method of
selecting the same kind of audio channe! by following up the audio channel
selection input of a user although a program or an audio data stream is changed
in an A/V device for reproducing a plurality of audio data streams which allow a
dual mono mode.

It is still ancther object of the present invention to provide an apparatus
suitable for the above method of selecting audio channels.

Accordingly, to achieve the first object, there is provided a method of
assigning audio channel IDs, wherein channel IDs 2n-1 (n is the order of
precedence of audio data streams, 1, 2, 3, - - ) are assigned to audio data
streams in an audiofvideo (A/V) data stream including at least two kinds of audio
data streams, each of which is in a dual mono mode.

To achieve the second object, there is provided a method for selecting
audio channels of an AV data stream comprising a plurality of programs, each
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program comprising at least two kinds of audio data streams, each audio data
stream comprising at least two sub-audio data streams which are not repeated
and have a series of IDs according to a predetermined order of precedence,
comprising the steps of when a program is changed to another program,
searching whether there is a sub-audio data stream having a channel ID which is
the same as the channel ID assigned to the sub-audio data stream of the
program which was being reproduced before the program was changed, in the
changed program and when there is the sub-audio data stream having a channel
ID which is the same as the channel ID assigned to the sub-audio data stream of
the program which was being reproduced before the program was changed,
selecting the sub-audio data stream.

To achieve the third object, there is provided an optical recording and
reproducing apparatus, comprising a pick-up unit for picking up an optical signal
from a disk, an RF AMP for converting an optical signal generated by the pick-up
unit into an electrical signal and extracting a servo signal and modulated data, a
digital signal processor for outputting a cbmpressed AV data stream by
demodulating the modulated data provided by the RF AMP, a servo unit for
receiving information from the RF AMP required for controlling a servo and the
system controller and performing a servo operation, an AV codec for decoding
the compressed A/V data stream provided by the digital signal processor and
outputting an A/V data stream inciuding a plurality of audio data streams, a key
input unit for inputting the key input of a user, and a system controller for
performing user interfacing through the key input unit and controlling the pick-up
unit, the RF AMP, the digital signal processor, and the AV coded, wherein the
system controlier searches whether there is a sub-audio data stream having the
same channel ID as the channel 1D assigned to the sub-audio data stream of the
program which was reproduced before the program was changed in the changed
program when one program is changed to another program and selects the sub-
audio data stream having the same channel ID as the channel ID assigned to the
sub-audio data stream of the program which was reproduced before the program
was changed in the changed program.
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The above objects and advantages of the present invention will become
more apparent by describing in detail a preferred embodiment thereof with
reference to the attached drawings in which:

FiG. 1 shows the structure of packets in an MPEG system,;

FIG. 2 shows the structure of a pack in the MPEG system;

FIG. 3 shows audio signals in each channel;

FIG. 4 shows an example of an apparatus for decoding and outputting the
data of a dual mono channel;

FIG. 5 schematically shows a method for recording and reproducing a
multi voice audio signal as dual mono audio data; and

FIG. 6 is a block diagram showing the structure of an optical recording and

reproducing apparatus according to the present invention.

DESCRIPTION OF THE PREFERRED EMBODIMENT.
In a method of assigning an audio channel identification (ID) according to
the present invention, a separate channel ID is assigned to each audio channel

included in a program.
Table 4 shows examples of channel IDs assigned to data streams when

three audio data streams are recorded on one program.

Table 4
Non dual mono Dual mono
Channel ID Channel ID
Data stream 1 1 CHoO 1
CH1 2
Data stream 2 3 CHO 3
CH1 4
Data stream 3 5 CHO 5
CH1 6
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In other cases excluding the dual mono case, channet IDs such as 2n-1
(n=1, 2, and 3) are given. At this time, n is the same as a data stream number.
In the case of dual mono, channel IDs 2n-1 are given to CHO data and channel
IDs of 2n are given to CH1.

When the user presses an audio change key through an apparatus such
as a remote controller, numbers larger than the currently reproduced channet ID
are sequentially selected and output. When the user selects a channel ID, the
audio data stream corresponding to the ID is selected, decoded, and output.

In the audio channel selecting method according to the present invention,
when a program is changed, the audio channel selected in a previous program is
followed up and selected in a next program. Also, when there is no audio
channel before changing the program, a default audio channel is selected.

Here, it is assumed that a new data stream is input when data is
reproduced. Audio data different from a previous data stream may be recorded in
the new data stream. For example, while one audio data stream, which is dual
mono, is being recorded in the previous data stream, two data streams which are
not dual mono are recorded in the new data stream.

In the audio channel selecting method according to the present invention,
when data corresponding to a channel ID which is to be reproduced exists, the
data is selected and reproduced. When there is no corresponding data, by
default, the data corresponding to the channel ID-1 is selected and output.

When there is data corresponding to the channel ID which is being
reproduced, the data is selected and reproduced. When there is no
corresponding data, the current channel ID-1 is searched when the current
channel is evenly numbered. When data corresponding to the channel ID-1
exists, the data is selected and output. When the data does not exist, the data
corresponding to the channel ID 1 is selected and output. When there is no
corresponding data and the current channel is oddly numbered, the data
corresponding to the channel ID 1 is selected and output.

Table 5 shows another example of combinations of audio data streams.

Table 5
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Program 1 Program 2
Data stream 1 CHO; channel ID 1 | Data stream 1 Channel ID 1
(dual mono) CH1; channel ID 2 | (non dual mono)
Data stream 2 CHO; channel ID 3 | Data stream 2 Channel ID 3
(dual mono) CH1: channel ID 4 | (non dual mono)

For example, when the user presses an audio changing key during the
reproduction of program 1, an output audio signal is changed in the order of CHO
of the data stream number 1, CH1 of the data stream number 1, CHO of the data
stream number 2, and CH1 of the data stream number 2.

When program 1 is reproduced by selecting CHO of the data stream 2
whose channel ID is 3 and it is desired that the next program 2 be reproduced, it
is investigated whether data of the channel ID 3 exists. Since the data stream 2
corresponding to the channel 1D 3 exists in program 2, the data stream 2 is
reproduced.

When the program 1 is reproduced by selecting CH1 of the data stream 2
whose channel ID is 4 and it is desired that the next program be reproduced, it is
investigated whether the data of the channel ID 4 exists. Since there is no data
corresponding to the channel ID 4 in the program 2, the data stream 1 whose
channel ID is 1, which is the default channel, is selected and reproduced.

In another preferable method of changing channels, it is investigated
whether there is a channel ID 3 obtained by subtracting 1 from a channel ID 4.
When the channel ID exists, the channel ID is selected. When the channel ID
does not exist, the data stream 1 whose channel ID is 1 may be selected and
reproduced. In this case, since the data of the channel ID 3 exists, the data of
the channel ID 3 is reproduced.

According to the method of the present invention, when the channel ID is
oddly numbered, the channel is the main audio channel in non dual mono or dual
mono. When the channel iD is evenly numbered, the channel is a sub-audio

channel in dual mono.
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When the user changes the audio channel, it is preferable to the user that
the channel is changed regardless of whether the channel of the audio data is
classified into separate audio data streams or classified as dual mono.

According to the audio channel selecting method of the present invention,
when an audio changing key is received, the change from main audio to sub-
audio is performed in the corresponding audio data stream and a change to the
next audio data stream is performed.

When the user selects one audio channel, the currently selected channel
is maintained even when the program is changed.

However, when there is no corresponding audio channel, the channel must
be changed to an appropriate channel and the changed channel must be
selected. At this time, CHO, which is the default channel, is selected and
reproduced or the channel closest to the currently selected audio channel is
searched for and then reproduced (when the channel ID is eveniy numbered,
namely, in the case of the sub-audio data, the main audio channel can be
considered to be the closest channel, which is the oddly numbered channel
ID-1).

Also, when there is no audio data stream corresponding to the currently
set channel! ID, the channel ID is stored and a basic channel is selected and
output by the above-mentioned method or the closest channel is selected and
reproduced, and when the audio data stream corresponding to the above channel
ID appears, the data is selected and output.

This is done in case the user selects and reproduces a sub-audio channel,
then selects and reproduces another program which does not have sub-audio for
a short time, and selects and reproduces the original sub-audio when the
program with the sub-audio is reproduced. By not doing so, the user must
perform changing in order to reproduce the sub-audio.

FIG. 6 is a block diagram of an optical recording and reproducing
apparatus suitable for the present invention. A/V data is recorded and
reproduced using a recordable disk. The function of the optical recording and
reproducing apparatus can be divided into recording and reproducing.
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During the recording of data, an AV codec 110 compressively encodes an
AN signal received from the outside by a predetermined compression scheme
and provides information on the magnitude of the compressed data. A digital
signal processor (DSP) 120 receives the A/V data supplied from the AV codec
110, assigns additional data for processing an error correction code (ECC), and
performs modutation by a predetermined modulation scheme. A high frequency
amplifier (RF AMP) 130 converts electrical data provided by the DSP 120 into an
optical signal.

A pick-up unit 140 includes an actuator for recording the optical signal
from the RF AMP 130 on the disk and performing focusing and tracking. A servo
unit 150 receives information required for controlling a servo from the RF AMP
130 and a system controller 160, and controls the servo.

The system controller 160 controls the entire system, determines the
encoding mode of audio data, records data on a disk, and controls the data.

During the reproduction of data, the pick-up unit 140 picks up an optical
signal from the disk on which data is stored. Data is extracted from the optical
signal. The RF AMP 130 converts the optical signal from the pick-up unit 140
into an electrical signal and extracts a servo signal for controlling the servo and
modulated data.

The DSP 120 demodulates the modulated data of the electrical signal
provided by the RF AMP 130 corresponding to the modulation scheme used for
modulating the data and removes additional data by performing the ECC. The
servo unit 150 receives information required for controliing the servo from the RF
AMP 130 and the system controller 160 and performs the servo operation.

The AV codec 110 decodes the compressed A/V data provided by the DSP
120 and outputs an A/V signal.

The system controller 160 performs user interfacing, for example, it
processes the key input of the user, controls the pick-up unit 140, the RF AMP
130, the DSP 120, and the AV codec 110 by the above method, and analyzes an
audio data stream and controls the pick-up portion 140, the RF AMP 130, the
DSP 120, and the AV codec 110 so as to select and reproduce corresponding
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audio data when a command for changing the audio channel is received from a
key input unit 170.

As mentioned above, according to the channel ID assigning method of the
present invention, it is possible to follow up the same channel when an audio
signal is selected by assigning different channel IDs to the channels of the audio
data streams.

According to the audio channel selecting methods of the present invention,
it is possible to follow up the audio mode selected by a user even when a
program or an audio data stream is changed.
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What is claimed is:
1. A method of assigning audio channel idéntifications (ID), wherein

channel IDs 2n-1 (n is the order of precedence of audio data streams, 1, 2, 3, : -
*) are assigned to audio data streams in an audio/video (A/V) data stream
including at jeast two kinds of audio data streams, each of which is in a dual
mono mode.

2. The method of claim 1, wherein channel numbers of dual mono data
streams included in the audio data stream are 2n-1 in the case of main audio
data streams and 2n in the case of sub-audio data streams.

3. A method for assigning audio channel identifications (ID), wherein
different channel IDs are assigned to the respective sub-audio data streams
included in an A/V data stream, in the A/V data stream including at least two
audio data streams, each of which includes at least two sub-audio data streams.

4, The method of claim 3, wherein the IDs of the sub-audio data
streams are a series of numbers according to the order of precedence.

5. The method of claim 4, wherein the order in which main audio data
streams are generated is a first order of precedence and the order in which sub-
audio data streams are generated is a second order of precedence, in the order

of precedence.

6. The method of claim 3, wherein the IDs of the audio data streams
are the same as the lead channel IDs of the sub-audio data streams included in
the audio data streams.

7. The method of claim 5, wherein the IDs of the audioc data streams
are the same as the lead channel IDs of the sub-audio data streams included in
the audio data streams.
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8. A method for selecting audio channels of an A/V data stream
comprising a plurality of programs, each program comprising at least two kinds of
audio data streams, each audio data stream comprising at least two sub-audio
data streams which are not repeated and have a series of IDs according to a
predetermined order of precedence, comprising the steps of:

(a) when a program is changed to another program, searching whether
there is a sub-audio data stream having a channel ID which is the same as the
channel ID assigned to the sub-audio data stream of the program which was
being reproduced before the program was changed, in the changed program; and

(b) when it is determined that there is the sub-audio data stream having a
channel ID which is the same as the channel ID assignhed to the sub-audio data
stream of the program which was being reproduced before the program was
changed in the step (a), selecting the sub-audio data stream.

9. The method of claim 8, when there is no sub-audio data stream
having a channel ID which is the same as the channel ID assigned to the sub-
audio data stream of the program which was being reproduced before being
changed, further comprising the step of selecting a sub-audio data stream having
a channel selection number which has first precedence among the sub-audio
data streams of the selected program.

10.  The method of claim 8, when there is no sub-audio data stream
having the channel ID which is the same as the channel ID assigned to the sub-
audio data stream of the program which was being reproduced before being
changed, further comprising the steps of:

searching among the sub-audio data streams of the selected program for
whether there is a sub-audio data stream having a channel ID which has a lower
precedenée than the precedence of the channel ID assigned to the sub-audio
data stream of the program which was reproduced before the program was
changed; and
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when a sub-audio data stream exists, selecting, from the sub-audio data
streams of the selected program, the sub-audio data stream having the channel
ID which has a lower precedence than the precedence of the channel ID
assigned to the sub-audio data stream of the program which was reproduced

before the program was changed.

11.  An optical recording and reproducing apparatus, comprising:

a pick-up unit for picking up an optical signal from a disk;

an RF AMP for converting an optical signal generated by the pick-up unit
into an electrical signal and extracting a servo signal and modulated data;

a digital signal processor for outputting a compressed A/V data stream by
demodulating the modulated data provided by the RF AMP;

a servo unit for receiving information from the RF AMP required for
controlling a servo and the system controller and controlling the servo;

an AV codec for decoding the compressed A/\ data stream provided by
the digital signal processor and outputting an A/V data stream including a
plurality of audio data streams;

a key input unit for inputting the key input of a user; and

a system controller for performing user interfacing through the key input
unit and controlling the pick-up unit, the RF AMP, the digital signal processor,
and the AV coded,

wherein the system controller searches whether there is a sub-audio data
stream having the same channel ID as the channel ID assigned to the sub-audio
data stream of the program which was reproduced before the program was
changed in the changed program when one program is changed to another
program and selects the sub-audio data stream having the same channel ID as
the channel ID assigned to the sub-audio data stream of the program which was
reproduced before the program was changed in the changed program.



