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1. Introduction

During the last SA 4 meetings, many documents came out relative to multimedia codecs. In these documents references were made to audio, speech and infotainment codecs.

The aim of this document is to open a discussion on the different terms which are used within 3GPP (Audio, Speech and Infotainment). And moreover to open a discussion on, according to the application and the sampling frequency, which codec should be used (or preferred).

2. Description of the different categories in term of bandwidth

Three different applications should be  targeted for mobile streaming. In our view, these applications are the following:

· Speech: this comprises clean speech and speech with noise.

· Infotainment: this can be composed of speech, speech with music in background or jingles. A good quality for speech remains still the main target.

· Music application for high quality coding of music streaming.

Speech is a signal which can relatively be well encoded with low bandwidth signal. This means with sampling frequency starting at 8 kHz sampling frequency.

Infotainment is more complex in term of frequencies. A decent quality can be reached when the sampling frequency is at least equal or higher than 16 kHz. The speech should still have at least the same quality as if it was encoded using a 16 kHz sampling frequency speech coder. In this category, the signal can be mono or stereo (stereo should be only consider for sampling frequencies higher than 16 kHz). We can gather speech and infotainment together for sampling frequency higher than 16 kHz.

The last application is dedicated to music only. It would be for example the case for streaming of “CD like” quality music. In order to have decent music quality, the sampling frequency should be at least 22.05 kHz. The signal can be mono or stereo.

In Table 1, the different applications and their relative sampling frequencies are listed.

	Sampling frequency
	Application

	8 kHz
	Speech

	16 kHz
	Speech, Infotainment

	22.05, 32, 44.1, 48 kHz
	Speech, Infotainment, Music


Table 1: Applications and sampling frequency

3. Bit-rates allocation according to the application

According to the different sampling frequencies and applications, we have a pretty clear idea of what should be used for the speech condition. Some codecs have been already standardized by 3GPP. These codecs have shown to be of high quality for speech with 8 and 16 kHz sampling frequency and represent the state of the art. Mobile devices do still have system limitations in terms of memory capabilities and CPU. By increasing the number of codecs available on the phone, we either reduce the possibilities of the mobile or increase the price of it. It is why we think that the AMR-NB and the AMR-WB codecs should the preferred coders for streaming of speech:

· At 8 kHz sampling frequency, the maximum bitrate should be the one of the AMR NB at 12.2 kbit/s. Considering the quality of AMR NB and the targeted application, it is not reasonable to have coders with higher bitrates (like for example G.711 or G.726).

· At 16 kHz the AMR WB should be preferred for streaming. Its maximum bitrate is 23.85 kbit/s. Speech with higher frequency bandwidth  could be encoded using a codec suitable for infotainment applications.

For infotainment application, the speech should have at least the same quality as for the previous case. At 16 kHz sampling frequency, AMR WB should be of sufficient quality to encode signals with music in the background and composed mainly of speech. For higher quality or for stereo signal, some other coders could be used for this bandwidth, but they would need higher bitrates. But do we see any need of other codecs at this sampling frequency? For higher bitrates, the focus should be made on coders with higher sampling frequency. MPEG4 AAC should be the mandatory codec due to its high encoding quality and its high functionalities regarding bitrates and sampling frequencies.

For music application, the sampling frequency should be at least 22.05 kHz. To reach a fair quality bitrates higher than 32 kbit/s should be preferred. Music should not be recommended for 16 kHz sampling frequency signal. Here also, the MPEG4 AAC should be the suitable codec.

In Table 2, we proposed to use, according to different  sampling frequencies, some different codecs.

	Sampling frequency
	Proposed codecs

	8 kHz
	AMR NB

	16 kHz
	AMR WB

	22.05, 32, 44.1, 48 kHz
	MPEG AAC


Table 2: Targeted codecs for different sampling frequencies
4. Conclusion

This document discussed the organization of the different applications according to the sampling frequencies for streaming:

· The speech applications are proposed to be encoded with signal having at least 8 kHz sampling frequencies. AMR NB should then be preferred at 8 kHz sampling frequency and AMR WB for 16 kHz sampling frequency.

· For infotainment applications, 16 kHz sampling frequency should at least be used with AMR WB for this sampling frequency. For higher sampling frequencies, MPEG4 AAC should be used.

· For Music applications, the signal should at  least have 22.05 kHz sampling frequency and 32 kbit/s to be encoded with a fair quality. MPEG4 AAC should be the mandatory codec.
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