TSG-SA4#29 meeting
Tdoc S4 (03)0789
November 24-28, 2003 


Source:
Nokia

Title:
File Format Support of PSS Annex G, Revision 1
Document for:
Approval

Agenda Item:
6

1 Introduction

This document is revision 1 of the input document S4-030763. There is no big change in the proposal, but rather the technical details have been clarified and one obvious bug has been fixed. Microsoft Word changes marks are relative to S4-030763.
PSS Annex G (Buffering of video) can be optionally used with H.263 and MPEG-4 Visual in PSS and MMS. PSS Annex G specifies a buffering verifier model that was designed mainly

1) to allow initial buffering in H.263 (which helps in maintaining a nearly constant visual quality),

2) to place limits on computational complexity of H.263 and MPEG-4 Visual streams, and

3) to allow server-originated transmission delay variation.

More background on the technical design is available in documents S4-010497 and S4-020044.

The buffering model of PSS Annex G can be controlled with the following parameters: pre-decoder buffer size, pre-decoder buffering period, post-decoder buffering period, peak decoding byte rate, and decoding macroblock rate. The values of these parameters can be transferred in the capability exchange and session set-up procedures according to PSS Annex G. Moreover, an update of the values can be transferred as a part of the response to a RTSP PLAY request.

2 Problems

Currently there is no standardized method to carry PSS Annex G parameters in 3GP files. This creates problems such as:

· How does a streaming server know whether PSS Annex G buffering model was used in encoding of the video track of a particular 3GP file?

· How does a streaming server know which values of PSS Annex G parameters are used in encoding of the video track of a particular 3GP file? 

· Could smaller amount of buffering be used as a response to a RTSP PLAY request than announced in the SDP description? 

· How does an MMS recipient know which values of PSS Annex G parameters the MMS originator used in encoding of the transferred multimedia message?

3 Proposed Solution

We propose that the support for PSS Annex G would be included in 3GPP TS 26.244 Rel-6 (i.e., the 3GPP file format specification). 

3.1 Detailed Design

We propose addition of 3GPP PSS Annex G Box in all profiles of the 3GPP file format as described in the following subsections.

3.1.1 Definition

Box Types:
‘3gag’

Container:
Sample Table Box (‘stbl’)

Mandatory:
No

Quantity:
Zero or one

This box indicates the values of parameters under which the associated media track conforms to the buffering model specified in Annex G of 3GPP TS 26.234 (hereafter 3GPP PSS).

3.1.2 Syntax

aligned(8) class 3GPPPSSAnnexGBox() extends FullBox ('3gag', version = 0, 0){

unsigned int(16) operation_point_count;

for (i = 0; i < operation_point_count; i++){


unsigned int(32) tx_byte_rate;


unsigned int(32) dec_byte_rate;


unsigned int(32) pre_dec_buf_size;


unsigned int(32) init_pre_dec_buf_period;


unsigned int(32) init_post_dec_buf_period;


unsigned int(32) sync_sample_update_count;


unsigned int(32) shadow_sync_sample_update_count;


for (j = 0; j < sync_sample_update_count; j++){



unsigned int(32) sync_sample_number;



unsigned int(32) ss_pre_dec_buf_size;



unsigned int(32) ss_init_pre_dec_buf_period;



unsigned int(32) ss_init_post_dec_buf_period;


}


for (j = 0; j < shadow_sync_sample_update_count; j++){



unsigned int(32) shadow_sync_sample_number;



unsigned int(32) sss_pre_dec_buf_size;



unsigned int(32) sss_init_pre_dec_buf_period;



unsigned int(32) sss_init_post_dec_buf_period;


}

}
}

3.1.3 Semantics

operation_point_count specifies the number of operation points characterized by a pair of transmission byte rate and decoding byte rate. Values of buffering parameters are specified separately for each operation point. The value of operation_point_count shall be greater than 0. In the following, the associated media track complies with 3GPP PSS Annex G when the indicated values of buffering parameters for an operation point are used in the PSS Annex G buffering model. The value of the decoding macroblock rate that is used in the buffering model of PSS Annex G is derived from H.263 and MPEG-4 Visual profile and level as specified in PSS Annex G. The H.263 profile and level used in the associated media track are reported in the DecSpecificInfo field of the H263SpecificBox field of the H263SampleEntry box. The MPEG-4 Visual profile and level used in the associated media track are included in Visual Object Sequence Header that is coded into the DecConfigDescr.DecSpecificInfo field of the ES_Descriptor of the MP4VisualSampleEntry box. 
tx_byte_rate indicates the transmission byte rate (in bytes per second) that is used to calculate the transmission timestamps of RTP packets for the PSS Annex G buffering verifier as follows. Let t1 be the transmission time of the previous RTP packet and size1 be the number of bytes in the payload of the previous RTP packet in transmission order, excluding the RTP payload header and any lower-layer headers. For the first RTP packet of the stream, t1 and size1 are equal to 0. The media track shall comply with PSS Annex G when each sample is packetized in one RTP packet, the transmission order of RTP packets is the same as their decoding order, and the transmission time of an RTP packet is equal to t1 + size1 / tx_byte_rate. The value of tx_byte_rate shall be greater than 0.
dec_byte_rate indicates the peak decoding byte rate that was used in this operation point to verify the compatibility of the stream with PSS Annex G. Values are given in bytes per second. The value of dec_byte_rate shall be greater than 0.

pre_dec_buf_size indicates the size of the PSS Annex G hypothetical pre-decoder buffer in bytes that guarantees pauseless playback of the entire stream under the assumptions of PSS Annex G.

init_pre_dec_buf_period indicates the required initial pre-decoder buffering period that guarantees pauseless playback of the entire stream under the assumptions of PSS Annex G. Values are interpreted as clock ticks of a 90-kHz block. That is, the value is incremented by one for each 1/90 000 seconds. For example, value 180 000 corresponds to a two second initial pre-decoder buffering.

init_post_dec_buf_period indicates the required initial post-decoder buffering period that guarantees pauseless playback of the entire stream under the assumptions of PSS Annex G. Values are interpreted as clock ticks of a 90-kHz clock.

sync_sample_update_count specifies the number of sync samples in which at least one of the values of the buffering parameters (pre_dec_buf_size, init_pre_dec_buf_period, and init_post_dec_buf_period) changes compared to the previous sync sample in sample number order. If a Sync Sample Box is present in the same Sample Table Box that contains this 3GPP PSS Annex G Box and the value of entry_count in the Sync Sample Box is equal to 0, the value of sync_sample_update_count shall be 0.

shadow_sync_sample_update_count specifies the number of shadow sync samples in which at least one of the values of the buffering parameters (pre_dec_buf_size, init_pre_dec_buf_period, and init_post_dec_buf_period) changes compared to the previous shadow sync sample in sample number order. If the Shadow Sync Sample Box is not present in the same Sample Table Box that contains this 3GPP PSS Annex G Box, the value of shadow_sync_sample_update_count shall be 0.

sync_sample_number specifies the first sync sample in a set of sync samples. The set of sync samples contains all sync samples of the media track in sample number order until the next value of sync_sample_number (exclusive) of the same operation point or until the end of the stream, if no next value of sync_sample_number exists. The indicated values of buffering parameters are valid when decoding starts from any sync sample in the set of sync samples and lasts until the end of the stream. The values of sync_sample_number for each operation point shall appear in ascending order. When the same Sample Table Box that contains this 3GPP PSS Annex G Box contains a Sync Sample Box and the entry_count in the Sync Sample Box is greater than 0, the value of sync_sample_number shall be equal to one of the values of sample_number in the Sync Sample Box. When same Sample Table Box that contains this 3GPP PSS Annex G Box does not contain a Sync Sample Box, the value of sync_sample_number shall be equal to any valid sample number.

Informative note: When same Sample Table Box that contains this 3GPP PSS Annex G Box does not contain a Sync Sample Box, every sample is a random access point.

ss_pre_dec_buf_size indicates the size of the PSS Annex G hypothetical pre-decoder buffer in bytes that guarantees pauseless playback from the indicated sync sample until the end of the stream under the assumptions of PSS Annex G. The value of ss_pre_dec_buf_size shall be equal to or smaller than pre_dec_buf_size of the same operation point.

ss_init_pre_dec_buf_period indicates the required initial pre-decoder buffering period that guarantees pauseless playback from the indicated sync sample until the end of the stream under the assumptions of PSS Annex G. Values are interpreted as clock ticks of a 90-kHz block. 

ss_init_post_dec_buf_period indicates the required initial post-decoder buffering period that guarantees pauseless playback from the indicated sync sample until the end of the stream under the assumptions of PSS Annex G. Values are interpreted as clock ticks of a 90-kHz clock. The value of ss_init_post_dec_buf_period shall be equal to or smaller than init_post_dec_buf_period of the same operation point.

shadow_sync_sample_number specifies the first shadow sync sample in a set of shadow sync samples. The set of shadow sync samples contains all shadow sync samples of the media track in sample number order until the next value of shadow_sync_sample_number (exlusive) of the same operation point or until the end of the stream, if no next value of shadow_sync_sample_number exists. The indicated values of buffering parameters are valid when decoding starts from any shadow sync sample in the set of shadow sync samples and lasts until the end of the stream. The values of shadow_sync_sample_number for each operation point shall appear in ascending order. The value of shadow_sync_sample_number shall be equal to one of the values of shadowed_sample_number in the Sync Sample Box of the same Sample Table Box that contains this 3GPP PSS Annex G Box.

sss_pre_dec_buf_size indicates the size of the PSS Annex G hypothetical pre-decoder buffer in bytes that guarantees pauseless playback from the indicated shadow sync sample until the end of the stream under the assumptions of PSS Annex G. The value of sss_pre_dec_buf_size shall be equal to or smaller than pre_dec_buf_size of the same operation point.

sss_init_pre_dec_buf_period indicates the required initial pre-decoder buffering period that guarantees pauseless playback from the indicated shadow sync sample until the end of the stream under the assumptions of PSS Annex G. Values are interpreted as clock ticks of a 90-kHz block. 

sss_init_post_dec_buf_period indicates the required initial post-decoder buffering period that guarantees pauseless playback from the indicated shadow sync sample until the end of the stream under the assumptions of PSS Annex G. Values are interpreted as clock ticks of a 90-kHz clock. The value of sss_init_post_dec_buf_period shall be equal to or smaller than init_post_dec_buf_period of the same operation point.

3.2 Overview of Design Decisions

We decided to introduce a new box in the Sample Table Box, because

· PSS Annex G can be used for both H.263 and MPEG-4 Visual. Thus, the use of the sample entry box or decoder specific info structure of the corresponding codec would be clumsy. Moreover, the process to change the sample entry box or decoder specific info structure of H.263 or MPEG-4 Visual may not be straightforward (to maintain compatibility with older versions).

· Introduction of a new sample entry box type would have prevented Rel-4 and Rel-5 clients to decode Rel-6 files including PSS Annex G signaling, because the ISO base media file format specifies:

If the ‘format’ field of a SampleEntry is unrecognized, neither the sample description itself, nor the associated media samples, shall be decoded.

A multiple of operation points characterized by the values of peak decoding byte rate and transmission byte rate can be used. Each operation point may have different parameter values for initial buffering periods and pre-decoder buffer size. Peak decoding byte rate is selected as a parameter characterizing an operation point due to the following reasons:

· PSS clients can indicate their capabilities according to section 5.2 of TS 26.234, and one of the defined capabilities is VideoDecodingByteRate. 

· The initial pre- and post-decoder buffering periods and the pre-decoder buffer size are a function of decoding byte rate. For example, if a steady 15-fps output rate is desired, a QCIF-sized intra frame in the middle of the stream takes 4000 bytes (32000 bits), and the decoding byte rate is 8000 bytes / sec, the hypothetical decoding process of the intra frame takes half a second according to Annex G. To compensate the hypothetical decoding time, the initial post-decoder buffering period has to be half a second and the post-decoder buffer has to be capable of storing 8 frames. If the decoding byte rate is 32000 bytes / sec, the initial post-decoder buffering period has to be one eighth of a second and the post-decoder buffer has to be capable of storing only 2 frames.

· PSS servers can select the announced Annex G buffering values in the SDP description (see section 5.3.2.2 of TS 26.234) according to the indicated VideoDecodingByteRate capability.

Transmission byte rate is selected as a parameter characterizing an operation point due to the following reasons:

· If the file to be decoded is accessed from a local mass storage, the transmission byte rate corresponds to the access rate to the local mass storage and can be very high. When decoding from a file, decoders do not have to store incoming coded data to a dynamic pre-decoder buffer in RAM, but rather the file can be considered to reside entirely in a pre-decoder buffer.

· Streaming servers may transmit a stream faster than its average bitrate, when the pre-decoder buffer is sufficiently large. For relatively short streams, this could be an option to minimize the initial buffering period and maximize the available time for possible retransmissions. For long streams, the size of the pre-decoder buffer probably gets impractically large. 

A steady transmission rate in terms of bytes per second is assumed. Transmission rate variation was considered to be specific to server implementations.

Values of buffering parameters can only be signaled from a random access point until the end of the stream. Smaller buffer size and shorter initial buffering periods may be needed for playback of a definite range of the stream. However, to keep the syntax and semantics simple, such limited ranges were not considered in the design.
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