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Introduction

This document discusses the maximum length of RTCP packet size in VoIP, presented in the LS from SA4 “RTCP packet size limitation for voice over IP traffic" in R2-022870 (S4-020622).  

Discussion

In the LS S4-020622, “SA4 kindly asks RAN2 to provide information about the impact of the usage of large RTCP packets and recommendations on possible limitations of RTCP packet sizes for optimized voice over IP traffic.”

Impact of large RTCP packets

The impact of the usage of large RTCP packets during a VoIP session depends on the parameters set on RLC layer. Because RTP and RTCP flows are in the same PDP context, and hence, on the same radio bearer, they share the same RLC (UM) entity.

Basically, large RTCP packets imply one of the following (the actual numbers depend on various factors, e.g., AMR codec mode, dimensioning of the bearer, existence of header compression):

a) Several consequtive RTP packets, following the RTCP packet,  have to be discarded, because they stay in the transmit buffer when the discard timer expires. This happens, if Timer_Discard value is low. It is assumed that loss of several consequtive packets causes audible glitches in the decoded speech, impacting the service. 

a. If the Timer_Discard value is low, also long RTCP packets may be lost: This is the case, when the timer expires before the last segments of the RTCP packet have been sent.

b) If the loss of RTP packets has to be minimised, the Timer_Discard value has to be high. This leads to high delay of the speech packets, and jitter around the RTCP packet, having negative impact on the service.

c) The radio bearer is over-dimensioned: Significantly higher bit rate is reserved for RTP+RTCP than needed by RTP and RTCP packets per time unit. This overcomes both of the above-mentioned problems in the service level, but this has negative impact on the air interface resources.

Of course, it is possible to trade off  between the three alternatives, but to highlight the impacts, only these alternatives have been considered.

Optimal packet size

In 3GPP RAN specifications, there are no such hard limits that would give a generic optimum or maximum size of RTCP packets. The affecting parameters (Timer_Discard value, maximum number of bits sent over TTI, etc.) are dependent, e.g., on guaranteed and maximum bit rates, delay, and also to some extent on the implementations. 

There is, however, one factor that could be taken into account when determining the maximum limit: When the size of the RLC PDU is desired to be aligned with the higher layer packet size, and RLC length indicator to be minimised, an optimum maximum size of the RTCP packets can be obtained: 

The packets would need only 7 bit LI (+ E bit), instead of 15 bits (+ E bit), if the maximum UMD PDU size of the connection is equal to, or less than, 125 octets. Extracting 1 octet of PDCP header, 1 octet of UMD PDU header and 1 octet of LI + E bit, the maximum size of non- header compressed RTCP packet would be 122 octets. This is in the limits set by the SA4 LS, where the minimum size is 112 octets for RTCP packet in IPv6 case without header compression. 

Using the above-mentioned rationale, the maximum limit for the RTCP packet would be 122 octets, that is, 10 octets above the minimum.

Recommendation

It is recommended to suggest 122 octets as the maximum limit for the RTCP packet (including non- compressed UDP/IPv6 header) in a response LS to SA4.

