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Discussion
1 Introduction

This contribution describes an algorithm to determine the transport strategy to be used by a VoIP sender in order to optimize the perceptual quality of the voice stream played back at the receiver. A transport strategy is composed of packetization and error resiliency schemes such as bundling, interleaving, and redundancy. The problem addressed is: given the current network conditions, determine the transport strategy the sender should use, the component schemes of such a strategy, and the parameters of the component schemes. In order to solve the above, the history of frame loss events that occurred within a window in the near past is maintained. Based on these events, the gain/loss for all alternate transport strategies of interest compared to the current transport strategy that was used by the sender during this window are computed. Assuming that the immediate past is a good indicator of the immediate future, the transport strategy with the largest gain is the one the sender should use in order to optimize perceptual quality.

2 Problem

A VoIP sender can use a number of different schemes while transporting voice frames to another end point. These schemes include:

· Bundling: packing of multiple speech frames in a single RTP packet in order to reduce header overhead.

· Interleaving: transmission of frames in a non-contiguous way in order to improve resiliency to packet loss bursts.

· Redundancy: transmission of duplicate frames in order to improve resiliency to single errors or very short bursts.

These schemes can be used in conjunction with one another. For example, redundancy and bundling can be used simultaneously by the sender in order to achieve better error resilience and a lower header overhead.

A transport strategy is composed of one or more transport schemes such as the ones listed above. Two example transport strategies are “redundancy+bundling” and “redundancy+no bundling”.

The effectiveness of a transport strategy depends on a number of factors, including:

· Packet loss rate seen by the receiver

· Packet loss burst lengths

· Delay jitter, which causes packets to miss their playout deadlines

· Ability of the receiver jitter buffer to combat losses due to packet jitter by using time warping

To determine the best possible transport strategy under the given network conditions, we must consider the effects of all the above factors on the perceptual quality of the output stream. It is not enough to consider just a single metric. The packet loss rate, for instance, does not take into account the effects of delay jitter. A better metric would be the frame loss rate measured at the output of the jitter buffer, which accounts for both packet loss and delay jitter. However, decoders do a better job of concealing single losses than multiple losses. Thus, the frame loss rate by itself cannot capture the different impacts on perceptual quality that single and multiple losses have.

The problem can be stated thus: given the network conditions, determine what transport strategy the sender should use in order to maximize the perceptual quality of the output stream. Also determine the component schemes (interleaving, redundancy, etc) of such a strategy, and the parameters of these component schemes.
3 Solution

The basic algorithm is summarized as follows:

Step 1: Collect statistics for a window of observation. Window length is TBD.
Step 2: Compute the gain/loss for all alternate transport strategies when compared to the current transport strategy.
Step 3: If no alternate strategy provides gain continue with current transport strategy. Go to Step 1.
Step 4: Choose the alternate transport strategy with the highest gain. Go to Step 1.
4 Cost computation
It is obvious that an objective metric is required to compute the cost of the transport strategies. The objective metric chosen must incorporate the different effects introduced by the component schemes of the transport schemes. These should include, (i) delay, (ii) packet loss rate, (iii) burst error effects, and (iv) speech quality of the codec mode used. For e.g., when using bundling the end to end delay would increase, and this must be taken into account while evaluating a transport strategy involving bundling. 

E-model [1] is a computational model that can be used for assessing the combined effects of variations in several transmission parameters that affect conversational quality. The output from the E-model is the "Rating Factor", R, which can be transformed to give estimates of customer opinion.
Among other transmission parameters considered to calculate the rating factor, of particular relevance to the above problem are the following two components (i) Delay impairment factor, Id and (ii) Effective Equipment Impairment Factor, Ie-eff. 

The delay impairment factor incorporates the impairments due to delay of voice signals, which will take into account the change in end to end delay introduced by selecting a particular component scheme. The effective equipment impairment factor incorporates the Equipment Impairment Factor, Ie, and the effect of packet losses. It incorporates both the packet loss probability and the effect of burst losses. The Equipment Impairment Factor is speech codec dependent and Annex I/G.113 specifies recommended values.
The rating factor, R, can be converted to an estimated Mean Opinion Score (MOSCQE) for the conversational scenario. In order to find the gain/loss of a particular scheme when compared to the current transport scheme, the (-MOSCQE [3] between the two schemes can be determined and used as the gain/loss metric in the algorithm proposed in Clause 3 to determine the best transport strategy.
4.1 Examples of impairments
In this section we highlight the impairments introduced by the various component schemes and how they could be used to find the rating factor, R.

	
	Delay
	Equipment impairment factor, Ie
	Packet loss rate
	Burst loss length

	Redundancy
	0%: 0
100%: 20ms
	Changes based on AMR mode used 
	Reduces with increase in redundancy 
	0%: No change

100%: Reduced by 1

	Bundling
	N frames/packet: 20*N ms
	NA: if rate is not changed
	TBD (increases on airlink, could reduce for congestion scenarios).
	TBD (increases on airlink, could reduce for congestion scenarios).

	Rate reduction
	No change
	Changes based on AMR mode used
	Reduces from P1 to P2 as rate is reduced
	TBD


Table 1: Effect on different impairments due to the component schemes
The values listed in Table 1 can be used to determine the values of Id and Ie-eff for a component scheme based on the current collected statistics. This enables us to calculate the rating factor R and eventually (-MOSCQE between the current scheme and the alternate schemes.

5 Conclusion

This contribution provided an algorithm to compare different transmission schemes based on the recent packet reception history. To provide best speech quality at the receiver the transmission strategy providing the best performance is chosen. The advantage of the proposed algorithm is that (i) it adapts to varying channel conditions and (ii) considers the combination of the different component schemes (bundling, redundancy, etc) to determine the best transmission strategy.  
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