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1. Introduction

This contribution provides specification text for the terminology and example architecture for the jitter buffer management. The same example appears already in draft TR on “Quantification of Jitter Management Algorithms for VoIP Services”.
2. Description of MTSI receiver

The following text is proposed for the Section 8.2.1 to replace the editor’s note.
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. An illustration of an exemplary structure of an MTSI receiver with adaptive jitter buffer is shown in Figure 8.1 to clarify the terminology and the relation between different functional components.
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Figure 8.1: An exemplary structure for an MTSI receiver.

The blocks “network analyzer” and ”adaptation control logic” together with the buffer status form the actual JBM functionality, whereas “speech decoder” and “adaptation unit” provide the media processing functionality controlled by the JBM and by the external playback device control (not shown in the figure).

The grey dashed lines indicate the measurement points for the delay caused by the JBM, i.e. the difference between the arrival time of a frame at the buffer and the time when the decoded output of the frame is delivered the speech output.

The functional processing blocks are as follows:
· Buffer: The jitter buffer is used to store the incoming speech frames from the network. The buffer status may be used as input to the adaptation decision logic. Furthermore, the buffer is also linked to the speech decoder to provide frames for decoding when they are requested for decoding.

· Network analyser: The network analysis functionality is used to monitor the incoming packet stream and to collect reception statistics (e.g. jitter, packet loss) that are needed for jitter buffer adaptation. Note that this block can also include e.g. the functionality needed to maintain statistics required by the RTCP if it is being used.

· Adaptation control logic: The control logic adjusting playback delay and operating the adaptation functionality makes decisions on the buffering delay adjustments and required media adaptation actions based on the buffer status (e.g. average buffering delay, buffer occupancy, etc.) and input from the network analyser. Furthermore, external control input can be used e.g. to enable inter-media synchronisation or other external scaling requests. The control logic may utilise different adaptation strategies such as fixed jitter buffer (without adaptation and time scaling), simple adaptation during comfort noise periods or buffer adaptation also during active speech. The general operation is controlled with desired proportion of frames arriving late, adaptation strategy and adaptation rate.

· Speech decoder: The standard AMR or AMR-WB speech decoder. Note that the speech decoder is also assumed to include error concealment / bad frame handling functionality. Speech decoder may be used with or without the adaptation unit.
· Adaptation unit: The adaptation unit shortens or extends the output signal length according to requests given by the adaptation control logic to enable buffer delay adjustment in a transparent manner. The adaptation is performed using the frame based or sample based time scaling on the decoder output signal during comfort noise periods only or during active speech and comfort noise. The buffer control logic should have a mechanism to limit the maximum scaling ratio. Providing a scaling window in which the targeted time scale modifications are performed improves the situation in certain scenarios – e.g. when reacting to the clock drift or to a request of inter-media (re)synchronization – by allowing flexibility in allocating the scaling request on several frames and performing the scaling on a content-aware manner. The adaptation unit may be implemented either in a separate entity from the speech decoder or embedded within the decoder.
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