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1 Introduction
In the MMTel ad-hoc meeting, it was asked how redundancy performed in subjective listening tests. A subjective listening test was therefore performed to verify the performance gain with redundancy.
2 Test Description

2.1 Test Method

The subjective listening-only test was conducted according to ACR methodology described in ITU-T Recommendation P.800, ‎[2].

2.2 Source material

The source material was:

· 4 Swedish speakers, 2 male and 2 female

· Each stimulus was 8 seconds long and contained two sentences with silence before the first sentence, silence in-between the sentences and silence after the second sentence
· No background noise

· Recorded with 48 kHz, 16 bit mono,
· The speech files were down-sampled to 16 kHz and level adjusted to -26 dBov
2.3 Processing

The processing was as follows:

· The speech files were MSIN filtered and down-sampled to 8 kHz before processing

· The processing for MNRU processing followed the ITU-T recommendation, ‎[4]
· The 3GPP ANSI-C code, ‎[5], was used for AMR conditions

· The STL2000 software was used for PCM, MSIN filtering, ModIRS filtering, up- and down-sampling and level adjustment.
· 1 frame was encapsulated in each RTP packet
· G.711 PCM with 20 msec of speech encapsulated in each packet and using the packet loss concealment (PLC) defined in ‎[7] was included as a reference.
· The channel model is described in Section ‎2.5.
· The up-sampled files were filtered with the ModIRS receive filter
2.4 Listening

· The listening test was performed in the audio lab in Kista. The audio lab fulfils the requirements in ITU-T Recommendation P.800.

· The test subjects consisted of untrained listeners

· 23 test subjects were used, both male and female, giving 92 votes per condition
· The test subjects were divided into 6 different groups

· The stimulus were randomized before presenting them to the test subject, each group of test subjects had a different randomization order

· The speech files were up-sampled to 48 kHz before presenting them to the listener

· The opinion scale used by the subjects is the ACR Listening Quality Scale, ‎[3].
2.5 Channel Model

The channel model was a Gilbert model with 2 states, one state without errors and one with errors. The transition probabilities determine the packet loss rate and the distribution:

· P: probability of going to state 1 (error)

· Q: probability of going to state 0 (no error)

· The tested channel conditions are listed in Table 1
	P
	Q
	Packet loss rate

	0.02
	0.95
	2%

	0.05
	0.95
	5.5%

	0.09
	0.95
	10.25%


Table 1. Channels used in the subjective evaluation
2.6 Test Conditions

The following test conditions were evaluated.
	Condition
	Description
	PLR [%]

	1
	Direct
	-

	2
	MNRU 36 dBq
	-

	3
	MNRU 30 dBq
	-

	4
	MNRU 24 dBq
	-

	5
	MNRU 18 dBq
	-

	6
	MNRU 12 dBq
	-

	7
	MNRU 6 dBq
	-

	8
	AMR 12.2 kbps, no redundancy
	0

	9
	AMR 12.2 kbps, no redundancy
	2

	10
	AMR 12.2 kbps, no redundancy
	5

	11
	AMR 12.2 kbps, no redundancy
	10

	12
	AMR 5.9 kbps, no redundancy
	0

	13
	AMR 5.9 kbps, no redundancy
	2

	14
	AMR 5.9 kbps, no redundancy
	5

	15
	AMR 5.9 kbps, no redundancy
	10

	16
	AMR 5.9 kbps, 100% redundancy
	0

	17
	AMR 5.9 kbps, 100% redundancy
	2

	18
	AMR 5.9 kbps, 100% redundancy
	5

	19
	AMR 5.9 kbps, 100% redundancy
	10

	20
	PCM
	0

	21
	PCM
	2

	22
	PCM
	5

	23
	PCM
	10


Table 2. Test conditions

The RTP payload sizes for the tested codecs are given in the table below.
	Codec
	Redundancy
	RTP payload size

	PCM
	No redundancy
	160 bytes

	AMR 12.2 kbps
	No redundancy
	32 bytes

	AMR 5.9 kbps
	No redundancy
	16 bytes

	AMR 5.9 kbps
	Single, 100% redundancy
	32 bytes


Table 3. RTP payload sizes for tested combinations of codecs and redundancy. The bandwidth-efficient payload format is assumed
3 Subjective Results

The subjective results are shown in Figure 1 to Figure 3.
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Figure 1. Subjective results for all tested codec conditions.
The figure shows that the performance improvement with switching down to AMR5.9 and adding reduncancy is quite substantial. The crossover point between AMR12.2 without redundancy and AMR5.9 with redundancy is at about 2% packet loss rate. It should also be noted that the RTP payload sizes are the same for these codec-redundancy combinations.
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Figure 2. Comparison of AMR 5.9 with and without redundancy.
As can be seen in the figure, redundancy gives an improvement of about 1.2 MOS at both 5% and 10% PLR.
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Figure 3. Subjective results for reference conditions.
The MNRU curve matches fairly well to the traditional sigmoid curve.
4 Conclusions
Application layer redundancy gives a very large performance gain at high packet loss rates. The performance gain has been verified with both subjective tests and objective tools. The performance gain with redundancy is about 1.2 MOS for 5% and 10% packet loss rate.
5 Proposal

Accept application layer redundancy proposed in ‎[6] to be included the MTSI-MHI TS.
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