3GPP TSG-RAN-WG2 Meeting #59
R2-073596
Athens, Greece, 20th – 24th Aug 2007
Source: 

Research In Motion Limited
Agenda Item:
   5.2.1
Title:   
   Large IP packet delivery during VoIP session  
Document for:     
Discussion and Decision 
1. Introduction 
In the recent RAN2 meetings, semi-persistent scheduling has been adopted for VoIP for both the uplink and downlink transmissions. However, although the semi-persistent scheduling is suitable for voice traffic which has constant rate characteristics and small packet size variance, some infrequent IP packets associated with the VoIP session could have a much larger size. Such IP packets are uncompressed VoIP packets, RTCP packets and SIP/SDP packets. How to handle these large packets should be carefully considered to efficiently support the semi-persistent scheduling operations.

2. Background 
Uncompressed VoIP packets can be as large as 95 bytes [1] (assuming 12.2k AMR, 10 bits AMR payload format header, 12 bytes RTP header, 8 bytes UDP header, and 40 bytes IPV6 header). Using ROHC, the payload can be reduced to 35-40 bytes (the header may be around 2 bytes).  Uncompressed VoIP packets may occur during the handover. 
RTCP packets have a different IP port number than their associated RTP packets that carry the voice payload. RTCP carries media control information between the endpoints. RTCP packets are of variable size and can be much larger than the RTP payload. For example, they can be as large as 200 bytes. The RTCP packets are transmitted rather infrequently, and it suggested that the fraction of the session bandwidth allocated to RTCP be 5% of the total bandwidth for the combined RTP/RTCP flow in RFC1889. The RTCP packet can tolerate a certain level of delay. 
SIP/SDP messages are used for session control purposes. The size of an SIP/SDP message can be as much as several hundreds of bytes. Typical SIP message sizes are shown in flowing table [1]. 

	Message 
	SIZE

	SIP INVITE (leaving MT1, with SDP)
	600 bytes

	SIP INVITE (arriving MT1, with SDP)
	800 bytes

	SIP 200 OK
	300 bytes

	SIP ACK
	250 bytes


Since the SIP/SDP is used for session control purposes, it should get high priority.
Another important issue is that the BLER requirements for the RTP (with voice payload) and RTCP/SIP/SDP may be different. The RTP with voice may target for 1% FER but the RTCP/SIP/SDP may have far stricter FER requirements. 
SIP packets related to the VoIP call, normally occur at the start and at the end of the VoIP call (but may also occur during the call - such as codec parameters change). To handle these packets a separate Radio Bearer can be setup to meet the QoS requirements. 
In order to handle these additional packets it is proposed that special scheduling considerations need to be made.  For the SIP messages dynamic scheduling can be applied. For the RTCP packets, the same mechanism can be adopted. However, for the uncompressed VoIP packets, since the same radio bearer may be applied for both the uncompressed VoIP packets and compressed VoIP packets, this creates difficulties for the underlying semi-persistent scheduling allocated for the voice traffic.    
3. Proposal

It is observed that even though semi-persistent scheduling is used for VoIP packet scheduling, to efficiently handle large IP packets during VoIP session, a flexible scheduling mechanism may still be required.

On the DL, there are following possible alternatives:

1) Idle period utilization: the ENB may attempt to buffer the large IP packets until the silence periods between talk spurts on the DL, and use the already-allocated semi-persistent resources for delivery. Obviously, this is not efficient due to delay and segmentation concerns. Unexpected delay may be incurred due to irregular silence periods. This seems not a good approach. 
2) Dynamic Scheduling on the Layer 1 Control Channel: This mechanism allows the ENB to schedule the large IP packets independently from the semi-persistent scheduling .The resource grant is delivered via the Layer 1 control channel. The UE needs to monitor the Layer 1 control channel always to obtain the grants and then get the data. The advantage of this method is that simple dynamic scheduling is applied for large IP packets. However, the UE needs to monitor the Layer 1 control channel continuously. Further, for the uncompressed VoIP packets specifically, the ENB may need to determine which scheduling strategy (dynamic or semi-persistent) is applied for each VoIP/RTP packet since they may be in the same priori queue.  
3) Dynamic scheduling with MAC layer signaling: this is a variance of option 2. The ENB will dynamically schedule the large IP packets. The DL grant is transmitted via the MAC layer signaling which is sent using the existing semi-persistent scheduling, for example, encapsulated into the MAC header of the compressed VoIP PDU. In this method, the UE avoids continuously monitoring the layer 1 control channel. 
On the UL, there are following possible alternatives:

1) Same as 1) in DL.

2) Dynamic Scheduling: in order to deliver the large IP packets (independent from the UL semi-persistent scheduling), the UE may explicitly request more resource from the ENB via the random access procedure.  After that, the UE monitors the DL layer 1 control channel for the UL grant.  The UE may need to determine a different scheduling strategy to apply for each packet in the same HARQ buffer.  
3) Dynamic Scheduling with MAC signaling: this is a variance of option 2. The UE may use UL MAC layer signaling being used for semi-persistent scheduling to deliver the additional resource request. For example, an optional MAC header field in the UL VoIP MAC PDU could be used to deliver the “more resource required” message and the amount of resource required. In this way, no random access procedure is incurred. 
4. Conclusion
To handle large IP packet transmission during the VoIP session, especially for the uncompressed VoIP packets, dynamic scheduling should be utilized together with semi-persistent scheduling. In the paper, for both the DL and UL, either option 2 or option 3 is suggested to be considered as way forward. 
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