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1 Introduction
At the MMTel ad-hoc meeting, it was questioned how much impact the additional delay introduced by redundancy has on the overall conversational quality, ‎[1].
The conversational quality was therefore studied using the ITU-T E-model, ‎[2]. This analysis was performed by first calculating the delay impairment factor for different delays and the equipment impairment factor for two AMR modes, AMR 12.2 and AMR 5.9 kbps, for different packet loss rates. The delay impairment factor and the equipment impairment factors were then combining to the total R value for different combinations. The R value was then mapped to MOSCQE. Finally, the difference between the MOSCQE values of AMR 5.9 with redundancy and AMR 12.2 without redundancy was calculated.

Other impairment factors were not modelled in this analysis.
2 Degradation due to longer delay
In ‎[3], one can see that the E-model depends on the one-way delay. The quality is constant up to about 150 msec and then degrades gradually with increasing delay. In ‎[4], the delay impairment factor, 
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	(Eq. 1)


where 
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is the one-way delay and where 
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	(Eq. 2)


The delay impairment factor has been estimated for a few different additional delays and when 20, 40, 60 and 80 msec is added to the delay. The results are shown in Figure 1 below.
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Figure 1.
Delay impairment factor when different amount of delay is added.
With this figure, one can estimate the impact that the additional delay due to redundancy has on the conversational delay. Based on Eq. 1, one can calculate the additional degradation due to the additional delay.

	Additional delay
	Increase in delay impairment factor

	20 msec
	2.68

	40 msec
	5.36

	60 msec
	8.04

	80 msec
	10.72

	:
	:

	160 msec
	21.44


Table 1.
Increased delay impairment factor for a number of additional delays when the original delay is larger than 177.3 msec.
The worst case, with respect to additional delay, proposal ‎[5] adds 160 msec delay (4 original frames + 8 redundant frames). This thus increases the delay impairment factor with 21.44 points. It should however be noted that this is an extreme case. In all normal operating conditions, redundancy should not be needed. For the cases where redundancy is used, it is expected that most of them use a normal encapsulation of 1-2 frames per packet and the added redundancy is no more than 100%. The additional delay should then be in the 20-40 msec range, which increases the impairment factor with 2.5-5 points.
In the joint session between ITU-T SG12 and ITU-T SG16 in June, the applicability of Figure 1 in ITU-T Recommendation G.114,  ‎[3], was discussed. It was clarified that this figure, and thereby also the E-model, was deliberately selected to be critical of delay. Most users will experience a quality that is better than what is suggested by the E-model. This was also clarified in a LS from ITU-T SG12 to ITU-T SG16, ‎[7].
3 Gain due to reduced frame erasure rate
The equipment impairment factors for the AMR 12.2 and AMR 5.9 codec modes have been estimated. For the AMR 12.2 codec mode, a function for the equipment impairment factor was estimated based on the equipment impairment factors defined for GSM-EFR available in ‎[6]. The function for the equipment impairment factor for the AMR 5.9 codec mode was then generated by taking the function for the AMR 12.2 mode and adding 10 points
.
Given these assumptions, the equipment impairment factor for AMR 12.2 without redundancy and AMR 5.9 with 100% redundancy has been calculated for different packet loss rates. In this calculation, it is assumed that only one frame is encapsulated in each packet and that the packet losses are random and independent.
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Figure 2.
Equipment impairment factor for AMR 12.2 without redundancy and AMR 5.9 with 100% redundancy.
As can be seen in the figure, the gain with redundancy is quite substantial, especially in from 2-3% up to 20% or even 30%. One must however realize that 20-30% packet loss rate gives a quite high equipment impairment factor, so high that the service will probably be close to unusable. The most interesting region is probably up to about 10%, maybe up to 15%.
The gain with redundancy has been calculated for a few example frame erasure rates.
	FER [%]
	Ie_eff AMR122
	Ie_eff AMR59 with red
	Gain

	0
	5.1
	15.1
	-10.0

	1
	15.3
	15.3
	0.0

	2
	21.6
	15.7
	5.9

	5
	32.7
	18.3
	14.4

	10
	42.7
	25.3
	17.4

	15
	48.9
	32.9
	16.0


Table 2.
Estimated gain with redundancy for a few FER values (random, independent errors).
As the table shows, the gain is quite substantial, at least when the errors are fairly well distributed over time.
4 Combined results
The most likely usage of redundancy is to originally send one frame per packet, when the packet loss rate is low, and then use 100% redundancy and two frames per packet when the packet loss rate is increased. This gives an extra delay of 20 msec. The estimated conversational quality gain is shown in the figures below.
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Figure 3.
Contour plot of the estimated conversational quality gain (MOSCQE) with redundancy.
[image: image9.jpg]MOS_CQE Gain

Eil

Estimted Conversation Qualty Gain

15

10

5 o 600

PLR [%]

400

Delay [msec]




Figure 4.
Surface plot of the estimated conversational quality gain (MOSCQE) with redundancy.
The green area shows the conditions where there is an advantage for AMR59 with redundancy. The dark-blue area shows the conditions where there is an advantage for AMR122 without redundancy. The light-blue area shows the neutral conditions.

The maximum improvement for AMR59 with redundancy is almost 0.9 MOSCQE, which is quite substantial.
5 Conclusion
The advantage with redundancy is quite substantial, up to about 0.9 MOSCQE. The advantage with redundancy also increases quite rapidly up to about 5% packet loss rate. Redundancy thereby gives a nice resilience against high packet loss rates.
6 Proposal
Accept application layer redundancy proposed in ‎[5] and the proposed TS text attached in this document to be included the MTSI-MHI TS. The proposed TS text is identical to the text that was included in ‎[5]
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--- To include in Section 2, References ---

[ref1]
RFC 2733, An RTP Payload Format for Generic Forward Error Correction.

--- To include in Section 3.1, Definitions ---
	Application layer redundancy
	Redundancy added by the application

Lower layer transport protocols are typically unaware about any amount of application layer redundancy

	Simple redundancy
	Speech frames are repeated in different RTP packets, no XOR operation is required as in [ref1]

	Original frame
	A frame that is transmitted in the current RTP packet and has not been transmitted in any preceding RTP packet

	Redundant speech frame
	A frame that is transmitted in the current RTP packet and has been transmitted in at least one preceding RTP packet


--- To include in Section 8, Packet loss handling ---
8.2
Speech

This clause specifies a simple application layer redundancy scheme that is useful in order to handle operational conditions with severe packet loss rates. Simple application layer redundancy is generated by encapsulating one or more previously transmitted frames into the same RTP packet as the current previously not transmitted frame(s). An RTP packet may thus contain zero, one or several redundant frames and zero, one or several original speech frames.

Application layer redundancy should be avoided for most normal operating conditions. The main usage:

· When the media is transported over a best-effort type of network with no QoS guarantees, for example Generic Access.
· As a “safety net” when all other actions fail.
8.2.1
General requirements
MTSI terminals shall support sending and receiving simple application layer redundancy as defined below.

MTSI media gateways shall support receiving simple application layer redundancy and should support sending simple application layer redundancy.

The bit rate of the transmitted media should not increase significantly when enabling redundancy. When application layer redundancy is used for AMR encoded speech media, the transmitting application may use up to 200% redundancy, i.e. a speech frame transported in one RTP packet may be repeated in 2 other RTP packets. When transmitting redundancy, the terminal therefore must switch to a lower codec mode rate. When redundancy is supported, the following speech codec and redundancy level combinations shall be supported:
Table 3 Required supported codec mode and redundancy levels combinations when redundancy is supported
	Redundancy level
	No redundancy
	100% redundancy
	200% redundancy

	Narrow-band speech
	AMR 12.2
	AMR 5.9
	AMR 4.75

	Wide-band speech (when wide-band is supported)
	AMR12.65
	AMR 6.60
	-


If the session setup determines that codec mode switching is not possible, then redundancy should be avoided unless the application knows that an increased bit rate does not deteriorate the operating conditions for other media streams.

Note: WLAN is an access type that is mainly packet rate limited and it is quite insensitive to the packet size, at least for packet sizes relevant for real-time speech media.

When application layer redundancy is used, codec mode changes should be allowed at any time and to any mode within the defined codec mode set.

Note: Depending on the defined codec mode set and also on the mode-change-period and the mode-change-neighbor parameters, it may take several frames to switch down to a mode that gives no increased bit rate. For example: If all codec modes are used, if mode-change-period=2 and if mode-change-neighbor=1, it make take up to 10 speech frames or 200 msec to switch from AMR 12.2 to AMR5.9.

Note: It is expected that redundancy is mainly used in end-to-end IP sessions where at least one of the terminals is using Generic Access. For this type of session, restrictions in mode changes do not give the same gain as for GSM-AMR.

In the case where codec mode changes must be aligned to every other frame, then it is recommended to re-negotiate the session to include the codec mode and redundancy level combinations as defined in the table below.

Table 4 Recomended codec mode and redundancy levels combinations when redundancy is supported and when codec mode changes must be aligned to every other frame
	Redundancy level
	No redundancy
	No redundancy or 100% redundancy
	100% redundancy
	200% redundancy

	Narrow-band speech
	AMR 12.2
	AMR 7.4
	AMR 5.9
	AMR 4.75

	Wide-band speech (when wide-band is supported)
	AMR-WB 12.65
	AMR-WB 8.85
	AMR-WB 6.60
	-


In the case where 100% redundancy is used for AMR 7.4 or AMR-WB 8.85, it is recommended to only use this mode temporarily and switch to the AMR 5.9 and AMR-WB 6.60 modes respectively as soon as possible.

8.2.2
Transmitting redundant frames

When transmitting redundant frames, the redundant frames should be encapsulated together with original media data as shown in figure 1 and 2 below. The frames shall be consecutive with the oldest frame placed first in the packet and the most recent frame placed last in the packet. The RTP Time Stamp shall represent the sampling time of the first sample in the oldest frame transmitted in the packet.

Note: When switching from no redundancy to using redundancy, the RTP Time Stamp may be the same for consecutive RTP packets. The RTP Time Stamp will even be decremented when switching from 0% redundancy directly to 200% redundancy.
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Figure 5 Redundant and original frames in the case of 100% redundancy, when the origianl packing is 1 frame per packet

[image: image11.emf] 

Packet no  M  

Frame no N - 1  Frame no N  

Packet no  M +1  

Frame no N  Frame no N+1  

Packet no  M +2  

Frame no N+1  Frame no N+2  

Packet no  M +3  

Frame no N+2  Frame no N+3  

Redundant frames   Original  frames  

Start of payloads  

End of  payloads  

RTP header  

RTP header  

RTP header  

RTP header  

Frame no N - 2  

Frame no N - 1  

Frame no N  

Frame no N+1  


Figure 6 Redundant and original frames in the case of 200% redundancy, when the origianl packing is 1 frame per packet
These figures show only one original frame encapsulated together with one or two redundant frames. It is allowed to encapsulate several original frames with one or several redundant frames. The following combinations of original frames and redundant frames can be used:

Table 5 Frame encapsulation with different redundancy levels
	Original encapsulation (without redundancy)
	Encapsulation with 100% redundancy
	Encapsulation with 200% redundancy

	1 frame per packet
	<= 1 original frame and

<= 1 redundant frame
	<= 1 original frame and

<= 2 redundant frames

	2 frames per packet
	<= 2 original frames and

<= 2 redundant frames
	<= 2 original frames and

<= 4 redundant frames

	3 frames per packet
	<= 3 original frames and

<= 3 redundant frames
	<= 3 original frames and

<= 6 redundant frames

	4 frames per packet
	<= 4 original frames and

<= 4 redundant frames
	<= 4 original frames and

<= 8 redundant frames


A redundant frame may be replaced by a NO_DATA frame. If the transmitter wants to encapsulate non-consecutive frames into one RTP packet, then NO_DATA frames shall be inserted for the frames that are not transmitted in order to create frames that are consecutive within the packet.

When source controlled rate operation is used, it is allowed to send redundant media data without any original media, if no original media is available.

Note: When going from active speech to DTX, there may be no original frames in the end of the talk spurt while there still are redundant frames that need to be transmitted.

In the end of a talk spurt, when there are no more original frames to transmit, it is allowed to drop the redundant frames that are in the queue for transmission.

Editor’s note: This ensures that it is possible to use redundancy without increasing the packet rate. The quality degradation by having less redundancy for the last frames should be negligible since these last frames typically contain only background noise.

The RTP Marker Bit shall be set to 1 if the first frame in the RTP packet represents a speech onset frame. For all other packets the marker bit shall be set to 0.

8.2.3
Receiving redundant frames

In order to receive and decode redundant media properly, the receiving application shall sort the received frames based on the RTP Time Stamp and shall remove duplicated frames. If multiple versions of a frame are received, i.e. encoded with different bit rates, then the frame encoded with the highest bit rate should be used for decoding.

8.2.4
Other

The entity that enables redundancy should evaluate the performance before and after enabling redundancy. If redundancy gives a performance improvement, then the usage of redundancy may continue. In any other case, redundancy shall be turned off.

� Based on ITU-T G.113, the G.729 codec has an equipment impairment factor that is 5 points worse than AMR122/GSM-EFR and GSM-FR has an equipment impairment factor that is 15 points worse than AMR122/GSM-EFR. The AMR5.9 mode should be worse than G.279 but better than GSM-FR. The number 10 was selected as the middle-point in-between the equipment impairment factor for these codecs.
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