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Start of Change
7.5.5.1
General

An MTSI client in terminal using variable bitrate encoding shall ensure that the transmitted bandwidth does not exceed the negotiated bandwidth (b=AS) nor the QoS bandwidth parameters (MBR, GBR) for the bearer, if defined and known. This can, in general, be done in two ways: either by controlling the bit-rate used for encoding each media frame or by controlling when the generated packets are transmitted. 

NOTE 1:
This bit-rate control is not to be confused with rate adaptation, which is described in clause 10. The main purpose of the bitrate control is to reduce the risk that policing functions in the network drop media packets since the bandwidth of packets is temporarily exceeding the allowed bandwidth, which is typically configured in a static fashion. Rate adaptation is instead used to ensure that the used bandwidth is sufficiently low to avoid packet losses and extended delays when operating conditions change.

NOTE 2:
Controlling when packets are transmitted is called “packet pacing”. The drawback with packet pacing is the increase of end-to-end delay. Excessive use of packet pacing can lead to not fulfilling the service requirements defined in 3GPP TS 22.105 [34]. Packet pacing therefore needs to be used with care.

The method to control the encoding bitrate and/or the transmission of packets is left for the discretion of the implementation. However, the average bandwidth of transmitted packets shall be calculated over a sliding window that is no longer than T seconds. Different media types may use different window lengths. The default window length T is 2 seconds if nothing else is specified below.

The bitrate control attempts to keep the average bandwidth of transmitted media packets below the maximum allowed bandwidth in the sending direction as packets that exceed this limit may be dropped by network policing functions.
The maximum allowed bandwidth for the sending direction is the smaller of:

-
The b=AS bandwidth,

-
The MBR for the bearer, after compensating for the RTCP bandwidth, if known.
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