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1 Introduction

This document is related to the Rel.6 work item “Packet Switched Streaming” and contains the design constraints and performance requirements for the selection of the audio codec for PSS/MMS in Rel.6. The subjective quality evaluation procedures are described in the “PSS/MMS Audio Codec Selection Test Plan” (S4-030377).

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.

The list of candidate codecs was closed on March 31st, 2003. The current list of candidates can be found in XXX (Draft report of SA-4 Audio Codec Adhoc). Furthermore, the current draft of the design constraints for the AMR-WB+ work item (see [3]) sets the maximum bitrate for the WB-AMR+ codec to 24kbit/s. 

1.2 Document structure

2 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.

2.1 Audio quality evaluations for the lower bitrate range

2.1.1 Speech only 

· Clean speech

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

2.1.2 Mixed Content 1

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

2.1.3 Mixed Content 2

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

2.1.4 Music

· Pop, with and without vocals

· Classic, with and without vocals

· Single instruments

· Vocal

· Choir

2.2 Audio quality evaluations for the higher bitrate range

2.2.1 Consumer grade music

· Pop, with or without vocals

· Classic, with or without vocals

· Single instruments

· a capella vocals

· Mixed speech and music

· Clean speech

2.2.2 CD-quality music

Same as above.

3 Detailed description of listening tests

3.1 Test at 32 kbit/s stereo

	Main Codec Conditions
	
	

	Candidates
	5
	

	Error Conditions
	1
	No errors

	Mono/Stereo
	1
	Stereo

	Applications
	1
	32 kbit/s stereo

	
	
	

	Codec references
	
	

	Codec references
	0
	AAC-LC is candidate as well as reference

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Number of audio categories
	6
	

	Stimulus type
	
	Sound item

	Number of items per category
	2
	One critical and one typical

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One per listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	2
	The experiment covers all candidate codecs, 2 independent test sites

	Listening System
	1
	Binaural high-quality headphones (flat response across audible frequency range)

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1)


3.2 Test at 48 Kbit/s stereo 

	Main Codec Conditions
	
	

	Candidates
	5
	

	Error Conditions
	1
	No errors

	Mono/Stereo
	1
	Stereo

	Applications
	1
	48 kbit/s stereo

	
	
	

	Codec references
	
	

	Codec references
	0
	AAC-LC is candidate as well as reference

	
	
	

	Other references
	
	

	Open Reference
	1
	Original signal

	Hidden Reference
	1
	Original signal

	Anchors
	2
	3.5 kHz and 7 kHz band-limited original signal 

	
	
	

	Common Conditions
	
	

	Number of audio categories
	6
	

	Stimulus type
	
	Sound item

	Number of items per category
	2
	One critical and one typical

	Listening Level
	1
	To be chosen by subject

	Listeners
	10
	Experienced listeners

	Presentation randomizations
	10
	One per listener

	Rating Scale
	1
	Continuous quality scale

	Replications
	2
	The experiment covers all candidate codecs, 2 independent test sites

	Listening System
	1
	Binaural high-quality headphones (flat response across audible frequency range)

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1)
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