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1. Introduction

The current PS streaming specification TS 26.234 4.0.0 [1] specifies the MPEG-4 AAC LC and LTP object types as optional codecs for the audio media type. However, there has not been any discussion about the requirements on the sampling rates nor supported bit rates for the audio media type. Hence, the definition for audio itself is currently very vague. Therefore, the audio media type should be discussed and the definition clarified in the extended PS streaming work item [2].

2. Background

The term audio is very wide covering everything between narrow band speech to high quality generic audio. Therefore, the audio media type in PS streaming specifications should be defined before any codecs for audio are specified. The audio media type should perhaps be divided into more specific profiles based on the application content and service. The different classes could be, for example, 

· Narrowband speech (8 kHz sampling rate)

· Wideband speech (16 kHz sampling rate)

· General streaming audio, including television/radio news, or any type of content containing mainly speech and background music. Typically monophonic. Multiple sampling rates starting from 16 kHz.

· High quality (CD quality) music typically stereo requiring high sampling rates, high bit rates, and reliable transport.

AMR speech codec operating at 8 kHz sampling rate can be applied in streaming purely speech content. AMR WB having sampling rate of 16 kHz is suitable for speech and also some music. For higher sampling rates different codecs are needed.

3. Proposal

As discussed above, only one mandatory or optional codec for audio may not be suitable for every possible application that can be currently classified as 'audio'. Therefore, 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 between 16 and 32 kHz

· Bit rates around 16 – 32 kbit/s 

· High quality for speech is necessary

High quality audio:

· Sampling rates typically 44.1 and 48 kHz

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

· Mono/Stereo

· Low bit error rate in radio channel

It is quite likely that terminals will be developed supporting only one of these two audio applications. A single mandatory codec selection would create a heavy implementation burden for a multimedia terminal if only one of the applications is targeted here.

It is proposed that the audio media type is divided into more application oriented classes (or profiles) and the issue is also included into the extended PSS work item description.
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