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1 Introduction

During the process of creating the specification for media handling and interaction for Multimedia Telephony Service for IMS (MTSI) in 3GPP-SA4, there has been significant effort spent on defining the criteria for the required performance of a jitter buffer management (JBM) function for speech in MTSI. The reason for that effort is that the function of a JBM is an important factor in the signal processing chain for a real-time voice service over IP. Although JBM schemes are not new, there have been no previous efforts in standardization communities to specify requirements on their operation related to conversational quality. 
The result of the work is currently written as a working assumption in section 8.2 the draft MTSI TS [1]. The specification contains functional requirements and minimum performance requirements for the JBM. The goal is to ensure a certain level of performance even in the very early first phase of deployments of MTSI terminals.
In this document, we address some concerns that have been raised during the latest ad-hoc meeting (MTSI#3, Paris) regarding this working assumption.

Further, we also propose a note to the JBM requirements which will clarify some aspects of buffering delay and adaptation artefacts.

2 Requirements on requirements

The requirements on requirements, i.e. what rules should requirements written in a specification follow, may differ between different specifications. However, in the case of JBM requirements, such requirements on requirements include the following.
1. The requirements must be written in a way which puts the service experience in focus. Only requirements which, if not followed, would jeopardize the service experience should be specified.
2. The information needed for an algorithm to comply with the requirements must be available in a standardized manner. No special, non-standardized, interface should be needed for the JBM to operate in a way which fulfils the requirements. However, the requirements should be constructed in such a way that they don’t prohibit the use of extra information available to optimize the session quality even further.
3. The requirements should be written in a way which makes it possible for different implementations to fulfil the requirements. The requirements should not be tailored to fit only one specific kind of JBM algorithm.

4. If special test cases are constructed to test the minimum performance compliance of a specific implementation, these test cases must have a wide scope and test a large span of different operating conditions. This includes “easy” operating conditions as well as more challenging ones.

3 Current performance requirements for JBM
The current working assumption on performance requirements comprises two areas;
· A requirement on buffering delay
· A requirement on the maximum amount of packet losses introduced by the JBM.

In addition, a number of design guidelines for an implementor to follow are specified.

3.1 Requirements on the design goal for the JBM

In any JBM design, the basic design criteria is to find a balance between keeping the buffering delay as low as possible while still keeping late losses and the number of adaptation artefacts low. This is expressed in section 8.2.3.1 in [1] where the first design guideline states:
The overall design of the JBM shall be to minimize the buffering time at all times while still conforming to the minimum performance requirements of jitter induced concealment operations and the design guidelines for sample-based time scaling (as set in bullet point 3);
Concerns have been raised in this group whether the wording “at all times” in the design guideline is the proper one. The argument has been that if the receiver has knowledge about the end-to-end delay and its time evolution, it should be sufficient to minimize the average end-to-end delay. 
While this might be true in principle, the problem is that it is not feasible to predict what the future end-to-end delay evolution will be. Determining how to minimize the average delay is only possible after the session has been finalized. This is not possible in an implementation used in real-world scenarios. 
Further, there is no standardized mechanism other the RTCP reports to estimate the end-to-end delay and such reports will only give the average end-to-end delay over second-long intervals. Also, some clients may choose not to use RTCP reports, hence a JBM implementation cannot trust RTCP reports being present in all sessions.
However, since knowledge about the end-to-end delay can be useful to aid the JBM to the trade-off between buffering delay and adaptation artefacts, the design goal should take that into account. Therefore, we are proposing the addition of a note to the current draft TS. See section 5 of this contribution.
3.2 Requirements on JBM adaptation artefacts

The error concealment operations introduced by the JBM include the actions a JBM might do to adapt its buffering depth (removing or inserting speech frames). However, there are other methods that a JBM can use to achieve a similar effect; time scaling operations or sample-based jitter buffer adaptation. In those algorithms, the decoded speech frame is stretched or compressed in time. 
Concerns have been expressed that the wording “at all times” in the design criteria mentioned in section ‎3.1 will encourage excessive use of time scaling. This is not the case. Note that the wording “at all times” is conditional to compliance with the induced concealment operations requirement as well as the design guideline for time scaling. This ensures that the jitter buffering time is minimized and still keep the media quality high.
Unfortunately, it has proven to be very difficult to find objective requirements which can define the minimum performance of a time scaling algorithm. The main problem is that the performance of a typical time scaling algorithm depends on the content of the speech. Therefore, specifying a number or a metric on the amount of time scaling allowed has not been possible. 
However, a number of design guidelines regarding the use of time scaling have been assembled in the specification. Although these guidelines are not minimum performance requirements, they are explicit and written in such a way that the intent of the specification is clear. The design guidelines in the draft TS related to time scaling are:
If sample-based time scaling is used (after speech decoder), then artefacts caused by time scaling operation shall be kept to a minimum. Time scaling means the modification of the signal by stretching and/or compressing it over the time axis. The following guidelines on time scaling apply
· Use of a high-quality time scaling algorithm is recommended;

· The amount of scaling should be as low as possible;

· Scaling should be applied as infrequently as possible;

· Oscillating behaviour is not allowed.

If a terminal vendor chooses to implement the JBM solution in a way which is in contradiction to these guidelines, he will do so deliberately and by choice. And even though the risk of such an implementation reaching the market cannot be totally eliminated, it is in the interest of both vendors and customers to have proper implementations with good performance. 
We are confident that the current design guidelines for time scaling, or sample-based JBM adaptation, fulfils the goal of guiding a vendor towards proper use of time scaling in MTSI. The risk of unwanted implementations reaching the market in any significant numbers is negligible.
4 Summary

In this document, we have presented our view on how requirements on JBM should be constructed in the MTSI TS. We have addressed the concerns raised during previous meetings and we conclude by stating that;

1. the concerns raised do not necessitate changes to the current working assumption, 
2. although the work of constructing standardized performance requirements for JBMs performed in this group certainly can be further evolved, none of the previously proposed modifications ([2], [3],[4]) contributes to such an evolution and do not provide additional benefit.

Therefore, we propose that the working assumption on the JBM minimum performance requirements as written in [1] is left as the working assumption, however modified with the addition of the proposed note in section 8.2.3.1 about potential JBM knowledge of the end-to-end delay.
5 TS text proposal

------------ Start change 1 ----------

8.2.3.1 General

The jitter buffering time is the time spent by a speech frame in the JBM. It is measured as the difference between the decoding start time and the arrival time of the speech frame to the JBM. The frames that are discarded by the JBM are not counted in the measure. 

The minimum performance requirements consist of objective criteria for delay, jitter-induced concealment operations and time scaling (ffs). In order for a JBM implementation to pass the minimum performance requirements all objective criteria shall be met.

A JBM implementation used in MTSI shall comply with the following design guidelines:

1. The overall design of the JBM shall be to minimize the buffering time at all times while still conforming to the minimum performance requirements of jitter induced concealment operations and the design guidelines for sample-based timescaling (as set in bullet point 3);

2. If the limit of jitter induced concealment operations cannot be met, it is always preferred to increase the buffering time in order to avoid growing jitter induced concealment operations going beyond the stated limit above. This guideline applies even if that means that end-to-end delay requirement given in TS 22.105 [34] can no longer be met;

3. If sample-based time scaling is used (after speech decoder), then artefacts caused by time scaling operation shall be kept to a minimum. Time scaling means the modification of the signal by stretching and/or compressing it over the time axis. The following guidelines on time scaling apply
· Use of a high-quality time scaling algorithm is recommended;

· The amount of scaling should be as low as possible;

· Scaling should be applied as infrequently as possible;
· Oscillating behaviour is not allowed.
Note: If the end-to-end delay for the ongoing session is known to the MTSI Client and measured to be less than 150 msec (as defined in TS 22.105), the JBM may relax its buffering time minimization criteria in favour of reduced JBM adaptation artefacts if such a relaxation will improve the media quality. Note that a relaxation is not allowed when testing for compliance with the minimum performance requirements specified in sections 8.2.3.2.2, 8.2.3.2.3 and 8.2.3.2.4.
------------- End change 1 ---------------
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