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1 Introduction

This document is related to the Rel.6 work item “Packet Switched Streaming” and contains the performance criteria, design constraints and rules for the selection of the audio codec for PSS/MMS in Rel.6 as well as an outline of tests that may need to be conducted during the selection process.

1.1 Background

At SA-4 #24, the PSM SWG agreed that the establishment of mandatory audio codecs for PSS in Rel.6 would be desirable (see [1]). Based on this decision, the following language was included into the living document of TS 26.234 Rel-6:

SA4 PSM was in agreement that the selection of a mandatory codec for audio in PSS and MMS (and MBMS ffs) would be desirable in the context of Rel.6. The group acknowledged that in the lower bitrate audio range (12 kbit/s to <32 kbit/s, as defined in the S4-020660) there were two contenders being presented, namely aacPlus and the proposed Wideband AMR Extension presented as a work item to SA4. In the higher bitrate audio range, the group agreed that at the present moment, aacPlus and AAC appear to be the contenders in that field.

At SA-4 #25, SA4 further agreed to close the list of contenders for the audio codec selection for PSS in Rel.6 by the SA-4 #25bis meeting (see [2]). Furthermore, the current draft of the design constraints for the AMR-WB+ work item (see [3]) sets he maximum bitrate for the WB-AMR+ codec to 24kbit/s. 

1.2 Document structure

Given the information presented in section 1.1, it appears sensible to treat the two bitrate ranges separately in the context of this document. The use cases in the two bitrate ranges can be expected to be different. In order to allow some flexibility in defining the exact breaking point between the low and the high bitrate range (should this become necessary in the context of creating final language in TS 26.234 Rel-6), it was agreed to introduce an area of overlap of the two bitrate ranges between 24kbit/s and 32kbit/s. 
Section 2.1 lists the design constraints, which are identical for both bitrate ranges.

Section 2.2 lists the performance requirements, detailed by bitrate range.

Section 3 describes general considerations regarding audio quality assessments.

Section 3.1 describes details for the listening tests necessary to select the audio codec in the lower bitrate range.

Section 3.2 describes details for the listening tests necessary to select the audio codec in the higher bitrate range.

2 Selection process for an audio codec in PSS Rel-6

[Ed. Comment: Section 2 still under discussion]

The first and foremost objective for a codec to be selected as a mandatory codec for PSS/MMS in Rel.6 is that the selected codec should offer optimum performance among the relevant use cases in the particular bitrate range. This is reflected by the performance requirements. However, the audio quality is not the only objective that needs to be considered in this context. The design constraints are also used to make sure that the selected codec can be implemented at a reasonable cost on 3G terminals and also offers enough flexibility for the service (e.g. various bitrates).

Therefore, a two-step selection approach is being taken. 

· First, candidates are checked against the design constraints. Non complying candidates are excluded from the second step. 

· Second, the remaining codecs, all complying with the design constraints, are ranked based on the audio quality offered by each candidate in the relevant scenarios. 

In the case were after the second step, multiple candidates are ranked first with equivalent quality, those are ranked according to the design constraints and the top-ranked codec will be selected. 

The content types that are taken into account for the selection as per Table 2.2 and Table 2.5 below aim to represent potential applications in the respective bitrate range, selected in an effort to keep the number of configurations at a reasonable level. By no means, these lists imply that they represent a concise list of possible use cases. The relative value assigned to each of the use cases is meant to serve as a guidance when building an overall quality grade for the candidates based on data from various content types.

2.1 Design constraints for the codecs

Table 2.1 lists the design constraints which the codecs will have to comply with.

[Ed. Comment: table to be completed]
	Criteria
	Design Constraint
	Design Objective

	Computational Complexity
	Decoder shall be implementable on common Rel. 6 terminal hardware. 
WFLOPS: tbd
RAM: tbd
Table ROM: tbd
Program ROM: tbd
	Low decoder complexity is an advantage.
Low complexity encoder should be implementable on common Rel. 6 terminal hardware. 


	Availability of specification
	Normative bitstream and decoder description plus conformance criteria and informative encoder description.
	

	Configurability
	Multiple bitrates in both mono and stereo
	Flexible adjustment of bitrate

	Switching between bitrates
	Bitrate switching within the same sampling rate and number of channels shall be possible.
	

	Availability of fixed point code
	
	Fixed point code available for both encoder and decoder

	Variable bitrate coding
	
	Support of DTX or variable bitrate coding

	MMS content creation (constraint only relevant in the lower bitrate range)
	
	Availability of a low complexity, fully specified encoder (relevant for MMS)

	Error concealment
	Shall only rely on the information that a frame was lost
	

	Scalability? (to be discussed)
	
	


Table 2.1 Design constraints 

2.2 Performance requirements

2.2.1 Performance requirements for the lower bitrate range
Table 2.2 lists the performance requirements against which the codecs complying with the design constraints will be evaluated in terms of audio quality and error robustness.

Table 2.3 and 2.4 list the content types to be taken into account in the audio quality evaluation process Two tests will be conducted per bitrate, one using the test set 1 content types (see Table 2.3), the other one using the test set 2 content types (see Table 2.4).

	Criteria
	Performance Requirement
	Performance Objective

	Audio quality
	Better than AAC in at least one usage scenario and equivalent or better in the others. Test cases covered shall be 14kbit/s mono, 18kbit/s stereo, 24kbit/s mono and 24kbit/s stereo
	Maximum performance across all relevant bitrates and content types

	Error Robustness
	Under 1% frame loss rate (defined below) and at 24kbit/s stereo, candidate shall perform better than error-free AAC-LC at 24kbit/s stereo [Ed. Comment: This is a working assumption TBC]
	


Table 2.2 Performance requirements in the low bitrate range
	Content type
	Description
	Relative value

	Mixed content 1
	Speech over music
	25%

	Music
	Classical and popular music with and without vocals 
	25%


Table 2.3 Test set 1 for lower bitrate range
	Content type
	Description
	Relative value

	Speech only
	Clean speech and speech with background noise 
	25%

	Mixed content 2
	Speech in between music
	25%


Table 2.4 Test set 2 for lower bitrate range

2.2.2 Performance requirements for the higher bitrate range 

[Ed. Comment: This section is still under discussion]

Table 2.5 lists the performance requirements against which the codecs complying with the design constraints will be evaluated in terms of audio quality and error robustness.

Tables 2.6 and 2.7 list the content types to be taken into account in the audio quality evaluation process for the bitrates above 24kbit/s (for the 24kbit/s cases, please refer to section 2.2.1).

	Criteria
	Performance Requirement
	Performance Objective

	Audio quality
	Better than AAC in at least one test case and equivalent or better in the others. Test cases are 24kbit/s mono, 24kbit/s stereo and 48kbit/s stereo. The codec shall offer the ability to create CD-quality streams at no more than 128kbit/s
	Maximum performance across all relevant bitrates and content types

	Error Robustness
	Under 1% frame loss rate (defined below) and at 24kbit/s stereo, candidate shall perform better than error-free AAC-LC at 24kbit/s stereo
[Ed. Comment: This is a working assumption TBC] 
	


Table 2.5 Performance requirements for the higher bitrate range
	Content types
	Description
	Relative value

	Music
	Classical and popular music with and without vocals 
	100%


Table 2.10 Content types taken into account for test cases above 24 kbit/s 

3 General considerations regarding audio quality assessments

In order to reliably assess the audio quality of lossy codecs, especially in the intermediate quality range, a careful selection of the test methodology has to be conducted. Over the past years, the MUSHRA method (as described in [4]) has proven to deliver reliable results for this purpose. Therefore, test data considered in the selection process should be based on the MUSHRA test methodology (except for the CD-quality range, where conventional MOS tests are acceptable).

To the extent possible, the selection process should be based on already available test data, whether generated inside 3GPP or by other reputable independent organizations. This will minimize the workload in the selection process without compromising the validity of the selection process. Minor deviations from the originally intended test scenario are acceptable in this context.

Where explicit audio testing remains necessary, it shall follow the rules defined in [5] with respect to test methodology, test preparations (host laboratory TBD) and selection of test items (selection panel TBD). The content classes from which the test items shall be selected are described in the following sections.

3.1 Audio quality evaluations
3.1.1 Speech only 

· Clean speech

· Speech with background noise (car/street/babble)

3.1.2 Mixed Content 1
· Mixed speech and music (speech  over music), preferably real-world examples

3.1.3 Mixed Content 2

· Mixed speech and music (speech in between music) , preferably real-world examples

3.1.4 Music

· Pop, with and without vocals

· Classic, with and without vocals

· Single instruments

· Vocal

· Choir

3.2 Audio quality evaluations for the bitrate range from 24kbit/s and above

3.2.1 Consumer grade music

· Pop, with and without vocals

· Classic, with and without vocals

· Single instruments

· Vocal

· Choir

· Mixed speech and music

· Clean speech

3.2.2 CD-quality music

Same as above. It is however expected that this rating can be achieved without conducting an listening test. Sufficient independent testing data should be available to determine if a candidate codec is generally able to provide CD-quality at a bitrate <128kbit/s.
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