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1. Introduction 
In the recent RAN2 meetings, the semi-persistent scheduling has been adopted for VoIP for both the uplink and downlink. Semi-persistent scheduling is suitable for voice traffic which has constant rate characteristics and small packet size variance; however, infrequently arriving IP packets associated with the VoIP session that have a much larger size (e.g., uncompressed VoIP, RTCP, and SIP/SDP packets). How to handle these large packets should be carefully considered to efficiently support the semi-persistent scheduling operations.

2. Backgrounds 
Uncompressed VoIP payload 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 the ROHC, the payload can be reduced to 35-40 bytes. 
RTCP packets are carried over UDP/IP with different port number from the RTP packets which carries the voice payload. It carries media control information (e.g. jitter and packet loss) between the terminals. RTCP packets are of variable size and can be much larger than the RTP payload. For example, it could be as large as 200 bytes (considering a normal 12.2K AMR VoIP packet is only around 35 bytes using the ROHC). The RTCP packets are transmitted rather infrequently (e.g. a minimum interval of 5 seconds as recommended in RFC 1889). The RTCP packet can tolerate certain level of delay. 
SIP/SDP packets are used for session control purposes. The size of SIP/SDP can be as much as several hundreds of bytes. Although the SIP/SDP compression is considered, they are out of the scope of the paper and not discussed here. In [1], SIP sizes are shown in flowing tables. 

	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 and experience low delay.  
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 target for stricter FER requirements. 
3. Proposal

 It is observed that even though semi-persistent scheduling is used for VoIP; to efficiently handle the large IP packet associated with VoIP session, flexible scheduling such as dynamic scheduling is required.

On the DL, there are following possible alternatives:

1) Idle period utilization:  the ENB may buffer the large IP packets until the silence (between talk spurts) period of the DL and use the semi-persistent allocated resource to deliver the large-size IP packets. Obviously, this is not efficient due to: 1) Delay concerns incurred due to irregular silence periods and 2) segmentation concerns. If silence period is only a few voice frames, some large IP packets may be only partially delivered. Therefore, even though the multiplexing issues can be resolved, this may not be a good approach. 
2) Dynamic Scheduling with Layer 1 Control Channel: the ENB will 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 control channel always to obtain the grants and then get the data. The advantage of the method is that the typical dynamic scheduling is applied. However, the UE may need to monitor the Layer 1 control channel continuously [3]. 

3) Dynamic scheduling with MAC layer signaling: the ENB will schedule the large IP packets independently from the semi-persistent scheduling. The DL grant is transmitted via the MAC layer signaling which may be encapsulated into the MAC header of the VoIP PDU. By this way, the UE may not need to monitor the layer 1 control channel continuously. This is only for the initial transmission. If the UE sends back a NACK, it should start to monitor the layer 1 control channel for the retransmission grants. 

On the UL, there are following possible alternatives:

1) Same as 1) in DL.

2) Dynamic Scheduling with RACH procedure: 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 contention-based RACH procedure.  After that, the UE monitors the DL CCE for the UL grant. If allocated, the UE will start the UL transmission.

3) Dynamic Scheduling with MAC signaling: note that VoIP is a symmetric service, the UE may use UL MAC layer signaling to deliver the additional resource request in a more efficient way. For example, an optional MAC header field in the UL VoIP MAC PDU could be used to deliver the “more resource required and the amount”. In this way, no RACH procedure is incurred. After receiving the ACK, the UE may start to monitor the DL CCE for the UL grants.  
4. Conclusion
To handle the large IP packet transmission during the VoIP session, 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 a way forward. 
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