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1. Introduction

This document presents what audio/video codecs are suitable and how RTSP should be used for Packet Switched Mobile Streaming (PSS) applications. 

2. Audio Codec 

2.1. Audio codec candidates: 
· Error Resilient (ER) MPEG-4 AAC Low Complexity (LC) object type

· Error Resilient (ER) MPEG-4 AAC Low Delay (LD) object type

2.2. Features of the candidates:

· Error Resilient (ER) MPEG-4 AAC Low Complexity (LC) object type

A) Error resilient functionality

B) High quality and low bitrate

C) MPEG-4 AAC LC is the counterpart to MPEG-2 AAC LC.

· Error Resilient (ER) MPEG-4 AAC Low Delay (LD) object type

A) Error resilient functionality

B) High quality and low bitrate

C) Low delay algorithm

2.3. Reason to propose the candidates for multimedia streaming:

· Error Resilient (ER) MPEG-4 AAC Low Complexity (LC) object type

A) Error resilient functionality is important for error-prone transmission channels.

B) High quality and low bitrate is strongly demanded by audio and visual applications.

C) The feature that MPEG-4 AAC LC is the counterpart to MPEG-2 AAC LC is efficient for utilizing the products of the MPEG-2.

· Error Resilient (ER) MPEG-4 AAC Low Delay (LD) object type

A) Error resilient functionality is important for error-prone transmission channels.

B) High quality and low bitrate is strongly demanded by audio and visual applications.

C) Low delay algorithm is efficient for streaming services.

3. Video codec

MPEG-4 Simple Visual Profile should be considered as a candidate video codec for PSS applications. It provides error resilient tools that can prevent degradation due to packet loss and bit error in terms of image quality. MPEG-4 Visual Simple Profile Level 0 is already accepted as an optional video codec for 3G-324M in which good image quality was shown with those tools. Moreover, at higher bitrates MPEG-4 Simple Profile Level 1/2/3 can be used and provide error resiliency as well. 

An RTP payload format should be specified as well as video codec. “RTP payload format for MPEG-4 Audio/Visual streams” is the RTP payload format for MPEG-4 Visual elementary stream which is being developed in IETF and is to be standardized by the end of 2000. It specifies how MPEG-4 Audio and MPEG-4 Visual streams are fragmented and mapped directory onto RTP packets. It enables to transport MPEG-4 Audio/Visual streams without using the synchronization and stream management functionality of MPEG-4 Systems. In the case of MPEG-4 Simple Profile this format is suitable for PSS applications because it is going to be accepted as the IETF standard and no redundancy exists between the video layer and the RTP layer.

We propose:

· Mandatory video codec: MPEG-4 Visual Simple Profile Level 0 which is used in 3G-324M.

· Optional video codec: MPEG-4 Visual Simple Profile except Level 0.

· Mandatory RTP payload format for MPEG-4 video codec: "RTP payload format for MPEG-4 Audio/Visual streams”.
4. RTSP usage

RTSP (Real Time Streaming Protocol) was identified as the protocol for session set-up and session control and included in the initial draft of the specification at the last meeting. To guarantee interoperability, the mandatory usage is needed when RTSP is used because it provides an extensible framework. The following sections describe such guidelines for minimal implementation and session set-up.

4.1. Minimal implementation

RTSP Appendix D defines the minimal RTSP implementation. For example, it defines what requests RTSP clients must generate (e.g. SETUP, TEARDOWN, PLAY) and what headers in responses from servers clients must parse and understand (e.g. Content-Length and CSeq). Both clients and servers are required to follow at least this minimal implementation.

4.2. Media initialization

RTSP allows clients to receive initialization information in several ways:

· RTSP DESCRIBE method, 

· HTTP GET method,

· email, 

· command line and so forth.

Although the RTSP DESCRIBE is highly recommended for servers to implement, no specific procedure is mandatory in RTSP for such initialization. Servers and clients are required to support the common method between them to ensure interoperability. The RTSP DESCRIBE method should be considered as the required initialization method. 

4.3. Conclusion

We propose the following mandatory implementation:

· Minimal implementation in RTSP Appendix D

· the DESCRIBE method for initialization
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