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1. Introduction
Discussions about IMS support in UTRAN have been conducted for the last RAN2 meetings. Main interest in the issue is how to support RTCP/RTP traffic efficiently in UTRAN. This contribution describes traffic characteristics of RTP/RTCP of 12.2kbps AMR VoIP service, and proposes not to allocate additional BW for handling the initial RTP transition or for handling RTCP. 
2. RTCP traffic description 
RTCP is a companion protocol of RTP, which provides some control information to RTP endpoints. 

RTCP’s functions could be summarized as below; 
· It provides feedback on the quality of the data distribution. (Sender’s Report, Receiver’s report). The information could be used for sender’s rate control. 
· It provides CNAME for media synchronization. Multimedia communication like video call needs to associate voice stream and audio stream, and CNAME is used for this purpose.  

· It conveys other session related information like ‘E-mail’, ‘NAME’, ‘PHONE’ etc. Most of the information would be directly displayed on the user screen, to help the user to identify who is speaking.

RTCP is not delay bounded traffic, and is recommended to be sent once in a RTCP transmission interval, which is calculated per call basis.  

There are some guidelines in RFC 1889 related to RTCP.

· Minimum RTCP transmission interval is 5 seconds

· Recommended RTCP bandwidth is 5 % of RTP bandwidth including RTP/UDP/IP overhead

And Appendix in RFC 1889 defines an algorithm to calculate RTCP transmission interval.

RTCP transmission interval = MAX [5, (RTCP packet size * # of participants/RTCP_BW)]

In the above formula, RTCP_BW is 5 % of RTP_BW, and RTP_BW can be calculated as below; 

RTP_BW = [60 + 32] * 8/0.02 = 36800bps, where 12.2 kbps AMR payload size is 32 byte and IP/UDP/RTP header size is 60 byte, and a voice frame is generated every 20 msec. 

Then, RTCP_BW = 36800 bps * 0.05 = 1840 bps.

Typical RTCP packet size is assumed to be 136 byte. Refer to the table 1 for the detail. For simplicity, other SDESs like ‘E-mail’, ‘NAME’ etc are not considered. 

Then we have an RTCP transmission interval of 5 seconds, according to the formula.

RTCP transmission interval = MAX [5, (136 * 8 * 2 / 1840)] = 5 seconds

Table 1 RTCP packet size in case of 12.2 kbps AMR VoIP

	Components
	Size
	Note

	IP header
	40 byte
	IPv6 without any option field

	UDP header
	8 byte
	

	RTCP header
	8 byte
	Version, Length, Packet Type, SSRC etc

	Sender Report
	24 byte
	NTP timestamp, RTP timestamp, packet count etc

	Receiver Report
	24 byte
	SSRC, number of packet lost, jitter etc

	SDES header
	6 byte
	Version, Packet Type, Length etc

	CNAME
	26 byte
	ASCII coded RAN2@3GPP.ORG. Fully qualified user@host is recommended.

	Total Size
	136 byte
	


RTCP packet generation is randomized in the range of [0.5 ~ 1.5] * RTCP transmission interval, so 136 byte sized RTCP packet is generated every 2.5 ~ 7.5 seconds, in the 12.2 kbps AMR VoIP application.

3. RTP traffic description 
The AMR codec generates a voice frame every 20 msec, and the voice frame is encapsulated into IP/UDP/RTP packet. The packet is transferred through the access network and the core network to the SRNC which hosts the peer user. The IP/UDP/RTP packet is compressed using ROHC in the SRNC and sent over the air interface. 

As [1] pointed out, an initial transient period is required for ROHC to work. More specifically, the ROHC compressor in the SRNC sends IR packets to the ROHC decompressor in the UE until the compressor gets an ACK from the decompressor. Only after the initial period is completed, SRNC and UE can compress and decompress the header part of packets. 

The length of the initial transient period is, therefore, closely related to the round trip delay between the SRNC and the UE, which is approximated as 150 msec in [2]. 

The IR packet, which is 2 times bigger than a compressed voice frame, will be segmented into 2 RLC PDUs, so the length of the initial transient state equals the time needed for those 2 packets to arrive at the UE in the downlink direction and the needed time for an RLC PDU containing ROHC ACK to arrive at the RNC in the uplink direction. 

A rough calculation could be as below

· Downlink delay for the first RLC PDU containing IR packet: 68.2 msec

· Additional downlink delay for the second RLC PDU: 20 msec

· Uplink delay for the RLC PDU containing ROHC ACK packet: 81.2 msec

Thus the length of the initial transient period when everything goes fine is 169.4 msec.
If one of RLC PDUs containing an IR packet or ACK packet is lost, another 40 msec delay will added. Please note that IR packets are continuously transmitted before UL ACK arrives.
The length of the initial transient period is mainly a function of the round trip delay, and the bandwidth allocated for the traffic has a relatively small impact. For example, even if enough bandwidth to contain the IR packet in a single RLC PDU is allocated, the length of the initial period is still 149.4 msec. 

After the initial transient period, RTP traffic is sent over the air interface with the header part compressed. The packet size variation with a compressed header will be affected by the size of the voice frame and the compressed header. 
AMR payload size is either 8 byte or 32 byte. 

The size of compressed header is varying from 1 byte (in case of most optimal case) to 10 byte (in case of several parts of dynamic field need to be updated).
4. Traffic characteristics of RTP and RTCP

Figure 1 shows the RTP and RTCP packets generated during a call.
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Figure 1 RTP and RTCP packets in DL during a VoIP call
At the initial stage, a transient period of around 150 ~ 200 msec takes place where 65 byte IR packets are continuously transmitted. Then compressed RTP packets containing actual voice frames are transmitted, whose sizes vary in the range of 9 ~ 43 bytes. Every RTCP transmission interval, one 136 byte sized RTCP packet is generated and then transmitted over the air interface. 
Based on the analysis of chapter 2 and chapter 3, the traffic characteristics of RTP and RTCP are highlighted in the below table. 
	
	RTP
	RTCP

	BW w/o hdr comp.
	36.8 kbps in talk spurt
27.2 kbps in silent period
	0.217 kbps

	BW with hdr comp.
	13.2 ~ 17.2 kbps in talk spurt

3.6 ~ 7.6 kbps in silent period
	0.142 kbps

	Generating Rate
	1 packet per 20 msec
	1 packet per 5 seconds

	Delay sensitivity
	Very sensitive. 
	No delay requirement

	Error tolerance
	Tolerant
	Intolerant


5. Proposal
Three basic approaches for provisioning RTP/RTCP in UTRAN have been proposed so far. They are evaluated based on the analysis given above.
1. Handling RTP/RTCP in a single radio bearer with extra bandwidth allocated to RTCP. 
A. Bandwidth is reserved for RTCP transmission. SSC is considered for this purpose.
B. RTCP packets are served instantaneously without RTP packet discarding. 
C. RTP and RTCP use a single radio bearer despite of their different characteristics. Consequently RTCP packets are not efficiently handled. For example, RTCP packet is transmitted through RLC UM with high MLP priority and discard timer running.  
D. Physical layer may need to be modified, just to support unessential and small part of VoIP. Please note that only 2 ~ 3 % of overall traffic is RTCP.  

2. Handling RTP/RTCP in a single radio bearer without extra bandwidth. 
A. No bandwidth is reserved for RTCP transmission. 
B. RTCP packets are served by frame stealing mechanism. So 3 ~ 4 voice frames will be lost every 5 seconds.
C. RTP and RTCP use a single radio bearer despite of their different characteristics as like the first approach. 
D. Physical layer modification is not needed. 
3. Separating RTP/RTCP into different radio bearers without extra bandwidth. 
A. No bandwidth is reserved for RTCP transmission.
B. RTCP packets will be transmitted when other RBs (e.g. SRBs) is not using the radio.
C. RTCP packets are served through a separate radio bearer, so radio resource is efficiently utilized. RLC configurations and MLP allocation are optimized.
D. Physical layer modification is not needed
E. If RTCP is served through separate PS RAB, modification is not needed for L2. If not, some L2 entity should split RTP and RTCP into separate radio bearer.    

Considering that RTCP is not an essential part of VoIP communication, that RTCP traffic could be supported at the expense of a slight degradation of RTP traffic, and that RTCP traffic could be turned off most of time, the first approach of modifying layer 1 seems not adequate.

Therefore it is proposed to focus on the second or third approaches when discussing RTP/RTCP support. 
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