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1 Introduction 

The draft TS 26.114 (in Section 7) [1] outlines the general agreements on minimum performance requirements to be defined for the jitter buffer management (JBM) algorithm for speech. The set of objective requirements include (buffering) delay, (amount of) induced error concealment actions, and (amount of) time scaling. Furthermore, a listening only test is to be used to evaluate cases where the time-line is modified during active speech to evaluate subjective speech quality. Both objective and subjective measures are extracted using a set of pre-defined delay profiles.

This document discusses some of these criteria and introduces suggestions to elaborate the criteria. 

2 On objective minimum performance metrics
2.1 Delay
Both the buffering delay and the end-to-end delay should be considered – the former measures how well the adaptation works, while the latter one indicates the overall delay performance with given delay profile. The suggested metrics are 

a) Average buffering delay

b) Maximum end-to-end delay
Measuring only the delay in the beginning and end of talk spurt is not sufficient since the effect of end-to-end delay effects the communication most when talker A interrupts talker B in the middle of talk spurt. An average buffering delay is thus the best metric to characterise the jitter buffer performance. Annex A of this document provides more delay considerations.
2.2 Error concealment actions
Two separate components contribute to the number of error concealment actions induced by a JBM algorithm.
a) The number of frames that are replaced by the error concealment actions due to late arrival, including the frames that are used only for “decoder state update” but are not used for playback
b) The number of error concealment frames generated as a result of the “re-buffering” operations [re-buffering needs to be defined]
It is suggested that metric indicating the total number of error concealment actions is the sum of the components a) and b) above.
2.3 Time scaling
Since the time scaling operation can be expected to always provide some level of speech quality or intelligibility degradation, time scaling of active speech should be avoided when possible and the buffering delay adjustment should be performed between talk spurts. Although the subjective effect caused by the scaling operations is difficult to estimate using objective metrics, the magnitude of the scaling can be expected to provide an indication on the resulting speech quality. 
The objective time scaling metric should address at least the following aspects:
a) The amount of applied time scaling compared to the evolution of the transmission delay between the measurement points – excessive unnecessary scaling should be penalised.
b) Excessive scaling (back and forth) should be checked and the metric should penalise such behaviour. 
c) The “absolute time scaling sum”, computed as the sum of absolute magnitudes of applied time scaling operations during a talk spurt
3 On objective minimum performance requirements

It is assumed that the performance of a JBM algorithm is compared against a simple reference algorithm, and the JBM algorithm shall comply with the performance requirements with the given test conditions:

1. Delay: 
A JBM algorithm shall not exceed the average buffering delay and the maximum end-to-end delay of the reference by more than threshold (TBD).
2. Error concealment actions: 

A JBM algorithm shall not exceed the total number of error concealment actions of the reference by more than threshold (TBD).
3. Time scaling: 
The “time scaling sum” of any talk spurt shall not exceed the change in delay from the beginning of the talk spurt to the end of the talk spurt by more than the pre-determined threshold THR1 (TBD). Furthermore, the “absolute time scaling sum” of any talk spurt shall not differ from the “time scaling sum” by more than the pre-determined threshold THR2 (TBD).
4 On subjective minimum performance requirements

A JBM algorithm must provide speech quality better than or equal to that of the reference algorithm. The jitter buffer characterisation work is suitable for specifying the test plan including test conditions. 

5 Conclusions

The elaborated minimum performance requirements are proposed to be included in the jitter buffer management in TS 26.114. 
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ANNEX A
Delay considerations

Although typical discussion on delay issues emphasises either one-way delay (mouth-to-ear delay) or round-trip delay, the concept that is actually the more descriptive regarding the delay aspect of a conversational situation is the interaction delay, i.e. the time TAB it takes for a piece of signal uttered by person A to reach person B plus the time it takes A hear the response by B. This can be expressed as


TAB = TB + Tb + Trb + TA + Ta 
Where
TB
is the transmission time from A to B


Tb
is the buffering time in B’s system


Trb
is the B’s reaction time


TA
is the transmission time from B to A


Ta
is the buffering time in A’s system
The interaction delay can be converted into average one-way delay Tow by dividing it by two, i.e.


Tow = (TB + Tb + Trb + TA + Ta) / 2

If further reduce the formula by removing the transmission delay components, we will have the perceived buffering delay contribution as

Tbuff = (Tb + Trb + Ta) / 2

Thus, the perceived buffering delay is the average of the buffering time in A and B systems as well as the listener/speaker reaction time. Tra and Trb are subjective parameters depending e.g. on communication task and should be covered in the perceived delay only when talkers take turns in conversation without interrupting each other. Depending on the reaction time, small variations in system buffering time may become insignificant.

In case the speakers interrupt each other the reaction time can be assumed as zero and the perceived buffering delay is

Tbuff = (Tb + Ta) / 2

The obvious conclusion is that the system buffering delay is more critical in communication tasks when speakers interrupt each other. Furthermore, the buffering delay needs to be considered over the whole talk spurt, not just in the beginning or in the end of the spurt.

In an adaptive jitter buffer management the perceived buffering delay Tbuff is variable and dependent on the buffering scheme and jitter conditions. From the user point of view the overall end-to-end delay is important, but the jitter management can only affect the buffering scheme. Therefore, the average buffering and maximum end-to-end delay over several speech spurts should be determined. 









