3GPP TSG-SA Codec Working Group
TSGS4#12(00)403

TSG-S4#12: September 4-8, 2000, Bethesda, Maryland , USA



Source:
STMicroelectronics



Title:
Performance Evaluation of Packet Switched Streaming Audio Services over 3G

Document for:
Discussion

Agenda Item:


1. Introduction

The definition of streaming data is a technique of transferring data so it can be one continuous stream. For audio application, instead of sending files completely before the user being able to listen to it, he can hear the sound as it arrives (i.e in real time). The applications are audio-on-demand, Radio or Jukebox kind of applications.

2. Inspiration:

With the dramatic growth of streaming audio applications on the wireline networks (mainly internet), and recent push from within the working group (WG4) through the work item on packet switched mobile streaming applications, it is probably a good time to look into the specific aspect of streaming audio as well.

3. Structure:

Our proposal is described more or less on the lines of the 3GPP document TS 26.913 V0.0.1 “QoS for Speech and Multimedia Codecs: Quantitative performance evaluation of Real-Time Packet Switched Multimedia Services over 3G”, which specifically deals with the packetized models of video and speech at present. We propose that work be initiated on similar lines for packetized audio streaming, hoping to provide greater impetus on the present ongoing work on packet switched multimedia applications. We hope that this work would be beneficial to both, the work item on “End-to-End Packet Switched Mobile Streaming Applications” proposed by Ericsson, and could also act as a contribution to the TS 26.913.

4. Proposal

The work would be to characterize the performance of packet-switched audio services over real-time radio access bearers and the packet switched architecture of the 3G network. 

4.1 Simulation Test Environment

This would have to be discussed and agreed upon before deciding, after further studies.

4.2 Packet Encapsulation Model for Audio Codec under test

The main difficulty over here would be finding a suitable audio codec. With the recent popularity of the ISO/IEC 11172-3 MPEG 1 Layer 3 (or MP3) codec on the internet, the test could be done using this codec, or any other as decided after discussion.

	LAYER
	ENTITY
	INSTANCE

	Application Layer
	Audio Codec
	RTP Packetized ISO/IEC 11172-3 (MPEG 1 Layer 3)

	Session Layer
	UDP
	

	Network Layer 
	IP
	

	Link Layer
	RLC Blocks
	RLC Block Size to be studied

	Physical Layer
	Simulated W-CDMA channel
	Error Pattern Files

-bitrate – to be studied

-channel error conditions BER – to be studied

- velocity model – to be studied


4.3 Performance

The performance results could be provided using the above model.

5. Conclusion

The above work could be used as an addition to the document 26.913, and the documents presently being generated as a result of the work item on Packet Switched Streaming Services (PSS), could have a reference pointer to 26.913 as an illustration for a formal performance evaluation of packet switched multimedia services on 3G. Support would be required in the testing phase of the packetized models.
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