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1. Introduction

In this document it is proposed to limit the size of the RTCP packets for Voice over IP traffic only connections, to improve network efficiency and user quality.

2. Background and rationale

The radio bearer allocated for Voice over IP traffic (AMR or AMR-WB only traffic) is required to be optimized in order to enable the best speech quality to the endpoints of a call. 

While an RTP flow can be statistically characterized (SDU size, transmission interval), an RTCP flow can have variable SDU size and transmission frequency. As a consequence, the radio bearer allocated for RTP and RTCP traffic can only be configured in a sub-optimal manner. This results at least in inefficient transfer of the media stream over the air interface, and in the worst-case, in service degradation in the scenario where large RTCP packets are generated, i.e., conference calls situations.

The IETF RTP specification [1] does not put any limit on the size of the RTCP packets. However, in order to maximize efficiency and service quality it is recommended to align the RTP and RTCP packet sizes.

For AMR the maximum RTP payload size (encapsulating 1 speech frame encoded at 12.2 kbps into one RTP packet) is 35 bytes. When adding RTP/UDP/IPv4 or RTP/UDP/IPv6 (no IPv6 header extensions assumed) header, the maximum SDU sizes are respectively 75 bytes and 95 bytes.

For AMR-WB the maximum RTP payload size (encapsulating 1 speech frame encoded at 23.85 kbps into one RTP packet) is 64 bytes. When adding RTP/UDP/IPv4 or RTP/UDP/IPv6 (no IPv6 header extensions assumed) header, the maximum SDU sizes are respectively 104 bytes and 124 bytes.

When Robust Header Compression (ROHC) is used the maximum SDU sizes for AMR are 41 bytes and 42 bytes, respectively when adding compressed RTP/UDP/IPv4 or RTP/UDP/IPv6 headers. For AMR-WB the maximum SDU sizes are 70 bytes and 71 bytes, respectively when adding compressed RTP/UDP/IPv4 or RTP/UDP/IPv6 headers.

124 bytes is therefore the maximum packet size for speech traffic.

The RTCP traffic is normally not SDU size-limited. For this reason, when RTCP packets are sent over the same PDP context as RTP packets (as in Release 5), it may cause an excessive delay to the RTP packets (alternatively, RTP and/or RTCP packets could even be discarded, due to timer based discard on RLC layer). The problems are most prominent on the bearers optimized for header compressed VoIP. Therefore the size of RTCP packets should be kept as low as possible, in order to avoid these problems. The actual delays and number of discarded packets depend on various factors  (e.g., AMR modes, bearer rates, timer based discard value). Therefore, it is not possible to give one value for the maximum RTCP length based on  these parameters.

However, an optimal size for the RTCP packets can be derived from the properties of the RLC layer. Here, the length indicator is used whenever the boundaries of two or more RLC SDUs fall in the same RLC PDU. In practice, quite often with IMS traffic. In unacknowledged RLC mode, the length indicator is 2 bytes, if the length of a packet coming from the PDCP layer plus the RLC header length is  > 125 bytes. In fact, the RLC length indicator itself is either 7 or 15 bits, but including the “E” bit, it is either 1 or 2 bytes. Now, taking into account the PDCP header (1 byte), the length indicator of the RLC header (1 byte) and the  Unacknowledged Mode (UMD) PDU header (1 byte), the maximum length of a PDCP SDU can be 125-3=122 bytes, if 1 byte length indicator is used [2].

In the current RLC specification [2], the length indicator is always 2 bytes for the RLC connection, if any of the packets is longer than the limit of 125 bytes. This means that if the highest AMR-WB mode with IPv6 is used, the RLC length indicator is always 2 bytes, but for all the other cases it could be 1 byte, if allowed by the RTCP packet size.

1 byte RLC length indicator instead of 2 bytes is better, and it would improve the efficiency of the network bandwidth usage. Then all the speech traffic (RTP and RTCP packets) must be limited to SDU sizes <= 122 bytes.

The speech traffic (except for the above-mentioned case of AMR-WB at 23.85 kbps) already complies to this bound. We would need to find an upper bound for RTCP packets as well to keep the system optimized.

Currently, there is quite much discussion going on in RAN2 for a more optimized solution in RLC Release 5, where the LI field (length indicator) could vary on PDU basis (e.g., see [3] and the related discussion in 3GPP RAN2). If this change will be made, the highest AMR-WB mode with IPv6 would also benefit somewhat from the limitation of RTCP packet sizes.

In a point-to-point scenario a VoIP terminal sends RTCP packets that have the following maximum lengths:

Minimum length of a compound RTCP packet (including a SR and an SDES packet):
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UDP/IPv4 header









28 bytes

Maximum length RTCP packets for IPv4
92 bytes

Minimum length of a compound RTCP packet (including a SR and an SDES packet):












64 bytes +

UDP/IPv6 header (no header extensions)
48 bytes

Maximum length RTCP packets for IPv6  112 bytes

When ROHC is used the RTCP packets have the following maximum lengths:

Minimum length of a compound RTCP packet (including a SR and an SDES packet):












64 bytes +

UDP/IPv4 header (compressed)




  5 bytes

Maximum length RTCP packets for IPv4
69 bytes

Minimum length of a compound RTCP packet (including a SR and an SDES packet):












64 bytes +

UDP/IPv6 header (compressed, 

no header extensions)
  






  7 bytes

Maximum length RTCP packets for IPv6
71 bytes

The remaining bytes (122-92=30 or 122-112=10 respectively for IPv4 and IPv6 uncompressed, and 122-69=53 or 122-71=51 respectively for IPv4 and IPv6 compressed) could be used for a large enough CNAME field in SDES packets or for other reasons related to RTCP. Therefore it is possible to limit also the RTCP packet size to 122 bytes.

In the numbers above, the possible increase in the PDCP PDU in the start of ROHC header compression (when full headers and additional ROHC Initialization/Refresh (IR) header overhead are sent), is not taken into account. If ROHC header compression is applied to RTCP(/UDP/IP) packets, and the RTCP packet size with IR headers exceeds the size of 122 bytes, 2 byte length indicator has to be used for the connection. However, if the optimisation methods discussed in [3]  can be applied, the header length of (header compressed) RTCP packets is reduced so that the 1 byte length indicator can be used for most of the traffic.

It is emphasized that even though the length indicator in the RLC header would be 2 bytes, there are significant benefits keeping RTCP packet size as low as possible. 

3. Proposal

As presented above, an optimal size for RTCP packet can be derived from the properties of RLC layer. However, because the discussion on the use of length indicator is going on in RAN2, and the actual numbers for RLC layer parameters should be verified by RAN2, the decision on the RTCP length needs input from RAN2.

For Voice over IP traffic only, for point-to-point connections, it is proposed to send an LS to RAN2 to request the optimal value for RTCP size, indicating the minimum length for RTCP packet. Based on the response from RAN2, the size of RTCP packets is proposed to be limited to this optimal size in the TS 26.236 Rel. 5 through a CR.
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