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Introduction
In Table 4 of Section 5 in the IVAS-8a Test Plan [1] there is a high-level overview of the experiments to be held using P.SUPPL800 tests. Experiments P800-1, P800-2 and P800-3 give an overview of the experiments for Stereo input as can be seen in the respective rows from Table 4 below. 
	Exp
	Input format
	Source material
	Listening environment
	Bitrates kbps
	FER/jitter
	DTX
	Headtracking
	Nb of test conditions

	P800-1
	Stereo
	Clean speech
	Headphones
	≤ 48
	≤ 3% 
	Y
	No
	10

	P800-2
	Stereo
	Speech+Background
	Headphones
	≤ 48
	≤ 3%
	Y
	No
	10

	P800-3
	Stereo
	Mixed & Music
	Headphones
	≤ 48
	≤ 3% 
	N
	No
	10



This contribution aims to give a detailed description of the P.SUPPL800 experiments to be held for the selection phase for this input format. 
As stated in Section 4.5.1 of the IVAS-8a Test Plan [1], P.SUPPL800 test experiments will use artificially created immersive audio. For the stereo case, there exists the ITU-T Reverbation Tool according to the STL G.191 [2] that could be used for this purpose. The proposed experiments below are based on the capabilities provided from this software tool, however, as is analyzed in the following, this comes with certain disadvantages (e.g. bandwidth limitations, test scenarios). The source is open to other proposed methods (HRTFs, tools), if available, to address these issues. 

Proposed Test Plans
Generic Considerations for all Stereo experiments P800-1,2,3
Some generic considerations that are common for all tests are the following:
Room reverberance
Environments without and with reverberance should be covered in the tests.
Microphone setup
A/B, M/S and binaural microphone setups are realistic for conferencing scenarios in both using desktop microphones in conferencing rooms or using mobile handheld devices or earbuds for conferencing. 
For A/B microphone setups, different distances between microphones should also be tested. For example, a 30 cm microphone distance is a realistic setup for handheld devices. However, it should be noted that the ITU-T audio software tool  [2], only provides HRTFs for two A/B setups with distance 150 and 100 cm (conferencing rooms).
Talker positions
Varying talker positions with respect to the capture point both in terms of direction and distance should be covered.
Overtalk
Overtalk (double talk) is frequently happening especially in conferencing scenarios. It should be tested in all three Stereo experiments 1,2 and 3 covering 1/3 of the categories.
Audio bandwidth
IVAS operation is required for WB, SWB and FB audio input-output. Since not all audio bandwidths can be covered in the selection tests, it is suggested for the Stereo clean and noisy speech experiments at SWB for the following reasons:
· For bitrates up to 24.4kbps there is only SWB coding is available
· Available ITU-T scripts [2] for creating the test material utilize HRTFs with 32kHz sampling rate
For mixed/music experiments audio bandwidth should be at maximum, i.e. FB
FER/Jitter
Good frame loss behavior is critical for the IVAS codec. It is proposed to cover frame loss in the clean speech and mixed/music experiment. It is suggested to use 5% error rate.


Experimental outline
Six categories of content types.
30 subjects, six listening panels (five subjects per panel), each panel with an independent randomization.
Six samples per category (one for each listening panel).
[bookmark: _Hlk83751150]Randomizations constructed under “partially-balanced/randomized blocks” experimental design described in “Practical procedures for subjective testing”, [ITU-T Handbook, 2011].
Every condition has 36 different samples passed through it (6 categories x 6 panels). Each of these are voted on by the 5 subjects in the panel, giving: (36 samples x 5 subjects/panel) = 180 votes per condition.
36 test conditions x 6 blocks/categories = 216 DCR trials.
Expected average trial duration: 17 s (6.5 s reference sample +0.5 s silence + 6.5 s test sample + 3.5 s voting period).
Expected test duration: ~2 h per listening panel. Test duration comprises 50% of actual listening/voting time (60 min) and 50% test overhead including orientation, instructions, preliminaries, and rest breaks
The listening sessions should be split into a number of sub-sessions with breaks in between to allow for the subject to relax. This is to avoid listener fatigue.
 


Test Plan for Experiment P800-1: clean speech
Factors and conditions 
	Main Codec Conditions
	
	

	Codec under Test (CuT)
	6
	IVAS candidate operated at 13.2, 16.4, 24.4, 32, 48 kbps with DTX off at 0% FER
[IVAS candidate operated at 24.4 kbps with DTX on at 0% FER]

	
	6
	IVAS candidate operated at 13.2, 16.4, 24.4, 32, 48 kbps with DTX off at 5% FER
[IVAS candidate operated at 13.2 kbps with DTX on at 5% FER]

	
	
	

	Codec references
	
	

	Codec references
	7
	Dual-mono EVS operated at 2*7.2, 2*8.0, 2*9.6, 2*13.2, 2*16.4, 2*24.4, 2*32 kbps, with DTX off at 0% FER


	
	7
	Dual-mono EVS operated at 2*7.2, 2*8.0, 2*9.6, 2*13.2, 2*16.4, 2*24.4, 2*32 kbps, with DTX off at 5% FER

	
	
	

	Other references
	
	

	Direct
	1
	Nominal input level

	P.50 MNRU 
	4
	Q=16, 20, 24, 28 dB (all: nominal level)

	ESDRU [P.811] 
	3 
	α = 0.1, 0.4, 0.7 (output loudness forced to nominal level after application of ESDRU)  

	
	
	

	Common Conditions
	
	

	Test item generation: pre-processing incl. spatialization
	1
	Model-based relying on convolution of raw mono clean speech sentences with Room Impulse Responses respective to various talker positions relative to a capture point as described in the ITU-T Reverberation Tool [2]

	Audio sampling frequency/bandwidth
	2
	32 kHz/maximum available audio bandwidth up to SWB

	Content types (categories)
	6
	6 Different environments and talker interactions

	Kind of samples
	1
	Sentence pair uttered by different talkers and genders (3 male and 3 female)

	Number of samples
	7
	per content type

	Input frequency mask
	1
	Flat

	Nominal output loudness
	1
	-26 LKFS ([ITU-R BS.1770-4])

	Listening Level
	1
	73 dB SPL

	Listeners
	30
	Naïve Listeners

	Randomizations
	6
	6 panels of 5 listeners

	Rating Scale
	1
	DCR with modified instructions according to [P.SUPPL800]

	Replications
	1
	

	Languages
	1
	[tbd]

	Listening System
	1
	High-quality headphone for diotic presentation

	Listening Environment
	1
	No room noise



Content type categories and scene definitions (Exp P800-1: clean speech)
	Category 
	Room(1 
	Reverb 
	Microphone Setup
	Level [dB]
	Overtalk [s](2
	Bandwidth( 
	Talker positions(3
	Talker selection by panel(4

	cat 1
	small
	anechoic
	A-B (100cm)
	-26
	1
	Max [available up to SWB]
	Random
	P1: f1m1
P2: m2f2
P3: f3m3
P4: m1f1
P5: f2m2
P6: m3f3

	cat 2
	large
	anechoic
	A-B (150cm)
	-26
	-1
	max [available up to SWB]
	Random
	P1: m3f3
P2: f1m1
P3: m2f2
P4: f3m3
P5: m1f1
P6: f2m2

	cat 3
	small 
	anechoic
	M-S
	-26
	-1
	max [available up to SWB]
	Random
	P1: f2m2
P2: m3f3
P3: f1m1
P4: m2f2
P5: f3m3
P6: m1f1

	cat 4
	small 
	echoic
	A-B (100cm)
	-26
	-1
	max [available up to SWB]
	Random
	P1: m1f1
P2: f2m2
P3: m3f3
P4: f1m1
P5: m2f2
P6: f3m3

	cat 5
	large
	echoic
	A-B (150cm)
	-26
	1
	max [available up to SWB]
	Random
	P1: f3m3
P2: m1f1
P3: f2m2
P4: m3f3
P5: f1m1
P6: m2f2

	cat 6
	large
	echoic
	Binaural
	-26
	-1
	max [available up to SWB]
	Random
	P1: m2f2
P2: f3m3
P3: m1f1
P4: f2m2
P5: m3f3
P6: f1m1



Notes: 
(1 The specific room characteristic and resulting reverb characteristic will be defined by the choice of the specific Spatial Room Impulse Responses used in the convolution process with the raw mono sentences.

(2 Overtalk [s] means the duration in seconds by which the two sentences in the sound item uttered by different talkers are overlapping. A negative number means that there is a corresponding pause between the two sentences.

(3 The talker positions are part of the scene definition of the different categories. They should be chosen in a random way from the available set of SRIRs for the used room making sure that there is a good coverage of different possible positions. Different random selections should be made for the different listener panels. The details will be specified in the IVAS processing plan IVAS-7a. 

(4 All sentences by the 6 talkers shall be unique.


Test Plan for Experiment P800-2: noisy speech
Factors and conditions 
	Main Codec Conditions
	
	

	Codec under Test (CuT)
	5
	IVAS candidate operated at 13.2, 16.4, 24.4, 32, 48 kbps with DTX off at 0% FER

	
	5
	IVAS candidate operated at 13.2, 16.4, 24.4, 32, 48 kbps with DTX on at 0% FER

	
	
	

	Codec references
	
	

	Codec references
	7
	Dual-mono EVS operated at 2*7.2, 2*8, 2*9.6, 2*13.2, 2*16.4, 2*24.4,2*32 kbps, with DTX off at 0% FER


	
	7
	Dual-mono EVS operated at 2*7.2, 2*8, 2*9.6, 2*13.2, 2*16.4, 2*24.4,2*32 kbps, with DTX on at 0% FER

	
	
	

	Other references
	
	

	Direct
	1
	Nominal input level

	P.50 MNRU 
	4
	Q=12, 17, 23, 28 dB (all: nominal level)

	ESDRU [P.811] 
	3 
	α = 0.1, 0.4, 0.7 (output loudness forced to nominal level after application of ESDRU)  

	
	
	

	Common Conditions
	
	

	Test item generation: pre-processing incl. spatialization
	1
	Model-based relying on convolution of raw mono clean speech sentences with Room Impulse Responses respective to various talker positions relative to a capture point as described in the ITU-T Reverberation Tool [2]

	Audio sampling frequency/bandwidth
	2
	32 kHz/maximum available audio bandwidth up to SWB

	Content types (categories)
	6
	6 Different environments with different background types (office, street, car) and talker interactions

	Kind of samples
	1
	Sentence pair uttered by different talkers and genders (3 male and 3 female)

	Number of samples
	7
	per content type

	Input frequency mask
	1
	Flat

	Nominal output loudness
	1
	-26 LKFS ([ITU-R BS.1770-4])

	Listening Level
	1
	73 dB SPL

	Listeners
	30
	Naïve Listeners

	Randomizations
	6
	6 panels of 5 listeners

	Rating Scale
	1
	DCR with modified instructions according to [P.SUPPL800]

	Replications
	1
	

	Languages
	1
	[tbd]

	Listening System
	1
	High-quality headphone for diotic presentation

	Listening Environment
	1
	No room noise







Content type categories and scene definitions (Exp P800-2: noisy speech)
	Category 
	Room(1 
	Reverb 
	Microphone Setup
	Level [dB]
	Background
	SNR 
In dB
	Overtalk [s](2
	Bandwidth( 
	Talker positions(3
	Talker selection by panel(4

	cat 1
	small
	anechoic
	A-B (100cm)
	-26
	car
	15
	1
	Max [available up to SWB]
	Random
	P1: f1m1
P2: m2f2
P3: f3m3
P4: m1f1
P5: f2m2
P6: m3f3

	cat 2
	large
	anechoic
	A-B (150cm)
	-26
	office
	15
	-1
	max [available up to SWB]
	Random
	P1: m3f3
P2: f1m1
P3: m2f2
P4: f3m3
P5: m1f1
P6: f2m2

	cat 3
	small 
	anechoic
	M-S
	-26
	street
	15
	-1
	max [available up to SWB]
	Random
	P1: f2m2
P2: m3f3
P3: f1m1
P4: m2f2
P5: f3m3
P6: m1f1

	cat 4
	small 
	echoic
	A-B (100cm)
	-26
	street
	15
	-1
	max [available up to SWB]
	Random
	P1: m1f1
P2: f2m2
P3: m3f3
P4: f1m1
P5: m2f2
P6: f3m3

	cat 5
	large
	echoic
	A-B (150cm)
	-26
	office
	15
	1
	max [available up to SWB]
	Random
	P1: f3m3
P2: m1f1
P3: f2m2
P4: m3f3
P5: f1m1
P6: m2f2

	cat 6
	large
	echoic
	Binaural
	-26
	car
	15
	-1
	max [available up to SWB]
	Random
	P1: m2f2
P2: f3m3
P3: m1f1
P4: f2m2
P5: m3f3
P6: f1m1



Notes: 
(1 The specific room characteristic and resulting reverb characteristic will be defined by the choice of the specific Spatial Room Impulse Responses used in the convolution process with the raw mono sentences.

(2 Overtalk [s] means the duration in seconds by which the two sentences in the sound item uttered by different talkers are overlapping. A negative number means that there is a corresponding pause between the two sentences.

(3 The talker positions are part of the scene definition of the different categories. They should be chosen in a random way from the available set of SRIRs for the used room making sure that there is a good coverage of different possible positions. Different random selections should be made for the different listener panels. The details will be specified in the IVAS processing plan IVAS-7a. 

(5 All sentences by the 6 talkers shall be unique.

Test Plan for Experiment P800-3: mixed music
Factors and conditions 
	Main Codec Conditions
	
	

	Codec under Test (CuT)
	6
	IVAS candidate operated at 13.2, 16.4, 24.4, 32, 48 kbps with DTX off at 0% FER
[IVAS candidate operated at 24.4 kbps with DTX on at 0% FER]

	
	6
	IVAS candidate operated at 13.2, 16.4, 24.4, 32, 48 kbps with DTX off at 5% FER
[IVAS candidate operated at 13.2 kbps with DTX on at 5% FER]

	
	
	

	Codec references
	
	

	Codec references
	7
	Dual-mono EVS operated at 2*7.2, 2*8, 2*9.6, 2*13.2, 2*16.4, 2*24.4,2*32 kbps, with DTX off at 0% FER


	
	7
	Dual-mono EVS operated at 2*7.2, 2*8, 2*9.6, 2*13.2, 2*16.4, 2*24.4,2*32 kbps, with DTX off at 5% FER

	
	
	

	Other references
	
	

	Direct
	1
	Nominal input level

	P.50 MNRU 
	4
	Q=12, 17, 23, 28 dB (all: nominal level)

	ESDRU [P.811] 
	3 
	α = 0.1, 0.4, 0.7 (output loudness forced to nominal level after application of ESDRU)  

	
	
	

	Common Conditions
	
	

	Audio sampling frequency/bandwidth
	2
	48 kHz/maximum available audio bandwidth up to FB

	Content types (categories)
	6
	Different music and mixed categories: classical music, modern vocal music, modern instrumental music, jingle, advertisement, trailer

	Number of samples
	7
	per content type

	Input frequency mask
	1
	Flat

	Nominal output loudness
	1
	-26 LKFS ([ITU-R BS.1770-4])

	Listening Level
	1
	73 dB SPL

	Listeners
	30
	Naïve Listeners

	Randomizations
	6
	6 panels of 5 listeners

	Rating Scale
	1
	DCR with modified instructions according to [P.SUPPL800]

	Replications
	1
	

	Languages
	1
	[tbd]

	Listening System
	1
	High-quality headphone for diotic presentation

	Listening Environment
	1
	No room noise






Content type categories and scene definitions (Exp P800-3: mixed music)
	Category 
	Content Type 
	Level [dB]
	Bandwidth( 

	cat 1
	Classical music 
	-26
	Max FB

	cat 2
	Modern vocal music
	-26
	Max FB

	cat 3
	Modern instrumental music
	-26
	Max FB

	cat 4
	Jingle 
	-26
	Max FB

	cat 5
	Advertisement
	-26
	Max FB

	cat 6
	Trailer
	-26
	Max FB
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