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1 Introduction

This document provides some editorial clean-up of the current text on JBM requirements. No new technical content is introduced. 

2 Proposal

Approve the proposed text to be included in the MTSI-MHI TS.

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

8.2 Speech
8.2.1 Functional requirements for jitter-buffer management

In the following paragraph(s), jitter buffer management (JBM) denotes the actual buffer as well as any control, adaptation and media processing algorithm used in the management of the jitter induced in the transport channel.

The functional requirements for the speech JBM guarantees appropriate management of jitter which shall be the same for all speech JBM implementations used in IMS Multimedia Telephony clients. A JBM implementation used in IMS Multimedia Telephony shall support the following requirements, but is not limited in functionality to these requirements. They are to be seen as a minimum set of functional requirements supported by every speech JBM used in IMS Multimedia Telephony.

Speech JBM used in IMS Multimedia Telephony shall

· support all the codecs as defined in subclause 5.2.1.1;

· support source-controlled rate operation as well as non-source-controlled rate operation;

· be able to receive the de-packetized frames out of order and present them in order for decoder consumption;

· be able to receive duplicate speech frames and only present unique speech frames for decoder consumption;

· be able to handle clock drift between the encoding and decoding end-points.



8.2.2 Minimum performance requirements for jitter-buffer management 

8.2.2.1 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 to pass the minimum performance requirements all objective criteria shall be met.

A JBM implementation used in IMS Multimedia Telephony 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;

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 artifacts 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 behavior is not allowed.
8.2.2.2 Objective performance requirements

8.2.2.2.1
General

The objective performance requirements consist of criteria for delay, time scaling and jitter-induced concealment operations.

The objective minimum performance requirements are divided into three parts:

1. Limiting the jitter buffering time to provide as low end-to-end delay as possible.
2. Limiting the jitter induced concealment operations, i.e. setting limits on the allowed induced losses in the jitter buffer due to late losses, re-bufferings, and buffer overflows.

3. Limiting the use of time scaling to adapt the buffering depth in order to avoid introducing time scaling artefacts on the speech media.
In order to fulfil the objective performance requirements, the JBM under test needs to pass the respective criteria using the six channels as defined in section 8.2.2.4. Note that in order to pass the criteria for a specific channel, all three requirements must be fulfilled.
8.2.2.2.2
Jitter buffer delay criteria

The reference delay computation algorithm in Annex C will set the performance requirements for the set of delay and error profiles described in clause 8.2.2.4. The JBM algorithm under test shall meet these performance requirements. The performance requirements shall be a threshold for the Cumulative Distribution Function (CDF) of the speech-frame delay introduced by the reference delay computation algorithm. A CDF threshold is set by shifting the reference delay computation algorithm CDF 60 msec. The speech-frame delay CDF is defined as:
P(x) = Probability (delay_compensation_by_JBM ≤ x)
The relation between the reference delay computation algorithm and the CDF threshold is outlined in Figure 8.1.
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Figure 8.1: Example showing the relation between reference delay computation algorithm and the CDF threshold. 


The JBM algorithm under test shall achieve lower than or the same as the delay set by the CDF threshold for at least 90% of the speech frames. The values for the CDF shall be collected for the full length of each delay and error profile. The delay measure in the criteria is measured as the time each speech frame spends in the JBM; i.e. the difference between the decoder consumption time and the arrival time of the speech frame to the JBM.

The parameter settings for the reference delay computation algorithm are:

· adaptation_lookback = 200;

· delay_delta_max = 20;
· target_loss= 0.5.
8.2.2.2.3
Jitter induced concealment operations

The jitter induced concealment operations include:

· JBM induced removal of a speech frame, i.e. buffer overflow or intentional frame dropping when reducing the buffer depth during adaptation;
· Deletion of a speech frame because it is arrived at the JBM too late;
· Jitter-induced insertion of a speech frame controlled by the JBM (e.g. buffer underflow). 
Link losses shall not be counted in the jitter induced concealment operations.
Jitter loss rate = JBM triggered concealed frames / Number of transmitted frames

The jitter loss rate shall be calculated for active speech frames only. 

NOTE:
SID_FIRST and SID_UPDATE frames belong to the non-active speech period, hence concealment for losses of such frames should not be included in the statistics.

The jitter loss rate shall be below 1% for every channel measured over the full length of the respective channel. The value of 1 % was chosen because such a loss rate will usually not significantly reduce the speech quality.
8.2.2.2.4
Time scaling criteria
Editor's note: This clause is for further study.

8.2.2.4 Delay and error profiles

Six different delay and error profiles are used to check the tested JBM for compliance with the minimum performance requirements. The profiles span a large range of operating conditions in which the JBM shall provide sufficient performance for the MTSI service. All profiles are 7500 IP packets long.
Table 8.1: Delay and error profile overview. The channels are attached electronically

	Profile
	Characteristics
	Packet loss rate (%)
	Filename

	1
	Low-amplitude, static jitter characteristics, 1 frame/packet
	0
	dly_error_profile_1.dat

	2
	Hi-amplitude, semi-static jitter characteristics, 1 frame/packet
	0.24
	dly_error_profile_2.dat

	3
	Low/high/low amplitude, changing jitter, 1 frame/packet
	0.51
	dly_error_profile_3.dat

	4
	Low/high/low/high, changing jitter, 1 frame/packet
	2.4
	dly_error_profile_4.dat

	5
	Moderate jitter with occasional delay spikes, 2 frames/packet (7500 IP packets, 15000 speech frames)
	5.9
	dly_error_profile_5.dat

	6
	Moderate jitter with severe delay spikes, 1 frame/packet
	0
	dly_error_profile_6.dat


The attached profiles in the zip-archive "delay_and_error_profiles.zip" are formatted as raw text files with one delay entry per line. The delay entries are written in milliseconds and packet losses are entered as “-1”. Note that when testing for compliance, the starting point in the delay and error profile shall be randomized.
-------- End change 1 ---------
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