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1. Introduction
This paper provides a brief description of the JBM algorithm used in the scope of the WI "Performance Characterisation of VoIMS over HSDPA/EUL channels"

2. The jitter buffer management scheme

The jitter management algorithm illustrated in this section targets a minimal possible conversational delay as defined by the start and end of talk spurts (bursts of speech surrounded by silence).  When the initial frame of a talk spurt arrives at the receiver it is played back with as little as zero added latency in a terminal buffer—but is played back for more than the encoded speech time (stretching) using time scale modification.  When a silence frame then arrives at the terminal, the entire buffer is played back at less than the recorded speech time (shrinking).  The stretching of packets in the beginning builds a virtual buffer that does not add to the conversational delay.
For lost frames (or bad frames), the jitter buffer management algorithm relies on the standard error concealment scheme of the AMR (or AMR-WB) codec described in TS 26.091[2] (or TS 26.191[3]).
2.1
Pseudo code of jitter buffer management scheme

loop every 1 ms:

set pre-emption flag to false

if( packet received at queue )

{

if( should immediately playback voice following n packets of silence )

{



set pre-emption flag to true



flush playout buffer

}

}

if( playout buffer has less than 1 ms of material OR pre-emption flag is true )

{

if( not packets in queue )

{



generate 20ms of speech using default error concealment

}


else


{


if ( next packet is available )
{
stretchTarget = determineStretchTarget(isPacketSpeech)



playbackLength = getPlaybackLength(stretchTarget)




decodePacketToPlaybackLength(playbackLength)

}


else

{


}

}

function stretchTarget = determineStretchTarget(packetIsSpeech)

if( packetIsSpeech )

{


switch( locationInTalkSpurt )



case modeTalkspurtInitialSpeech:

case modeTalkSpurtMiddle:


stretchTarget = STRETCH_MAX
// the target virtual stretch


default



stretchTarget = FLOOR_GOAL

// a fixed delay through the buffer

}

else

{


stretchTarget = NOMINAL_FRAMESIZE

// 20ms framesize for AMR

}

function playbackLength = getPlaybackLength(stretchGoal)
// STRETCH_HYSTERESIS prevents trivial stretches/contractions

DIFF = difference between currentStretch and stretchGoal

if( stretchGoal  = NOMINAL_FRAMESIZE)


playbackLength = 20

elseif( DIFF < STRETCH_HYSTERESIS )


playbackLength = 20

elseif currentStretch <= stretchGoal


playbackLength = min( DIFF, MAX_STRETCH_PER_FRAME )

else


playbackLength = max( NOMINAL_GOAL – currentStretch, MIN_PLAYBACK_PER_FRAME )
function decodePacketToPlaybackLength(playbackLength)
rawPcmSample = amrDecode

[scaledPcmSample, actualPlayback] = applyTimeScaleModification(rawPcmSample)

Proposal

This contribution has provided the necessary information regarding the functional description (and the error concealment method) of the JBM used in the scope of WI "Performance Characterisation of VoIMS over HSDPA/EUL channels ". It is proposed that the jitter buffer described here and in S4-070253 is accepted for conducting tests within the scope of WI "Performance Characterisation of VoIMS over HSDPA/EUL channels ".
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