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1. Introduction

The current PS streaming specification TS 26.234 [1] specifies audio and speech codecs in different categories. Within these categories, for example AMR-WB is specified as mandatory for 16 kHz speech media type. In this case, the codec is selected based on the input signal content. However, streaming audio content may not be easily classified as speech, generic audio or music causing confusion when selecting the supported codec in a streaming client implementation. Therefore, it is proposed to merge the speech and audio media types.

2. Background

TSG-SA WG4 (#16) meeting in Naantali discussed about the streaming audio applications [2]. It is expected that the streaming audio will mainly contain speech and speech with associated music on background likely consisting of news casting and infotainment. 

In streaming service, the radio resource and channel capacity will likely give limitations to available data rate. Therefore, audio content, such as described above, should be made available well below 32 kbit/s. When associated video is included in the content, the allowed data rate for audio may be even lower.

3. Proposal

As discussed in [2], the audio media type in the extended PS streaming work item should be approached by defining the possible application and service classes. This analysis would give the sampling rate i.e. audio bandwidth, bit rate as well as transport requirements for the different audio applications such as: 

Information/entertainment audio:

· Sampling rates approximately 8, 16 kHz and above

· Bit rates around 4 – 32 kbit/s 

· High quality for speech is necessary

· Good quality for speech with background music is required

· Reasonable quality for music

High quality audio:

· Sampling rates typically 32, 44.1 and 48 kHz

· Bit rate around 32 – 64 kbit/s/channel, and above

· High quality for music

It is likely that terminals will be developed supporting only the first or both of the streaming audio applications listed above.

We propose to change the current media type classification in Rel5 TS 26.234 specification and merge speech and audio media types into more general audio media type. AMR and AMR-WB codecs in current speech media type satisfy the information/entertainment audio requirements. Therefore, they are proposed to be added to the audio media type as follows:
The AMR speech codec shall be supported for audio at 8 kHz sampling frequency. The AMR-WB speech codec shall be supported for audio at 16 kHz sampling frequency. 
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