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1 Introduction

Basic principles on VoIP scheduling optimization has been agreed during the last meeting. This contributions addresses detailed issues regarding VoIP scheduling optimization to be resolved before we proceed to stage 3 standardization. 
2 Discussion
Recap of the current working assumption
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Fig 1. Possible location of PDCP reordering function
Figure 1 depicts the current working assumption on UL/DL persistent scheduling. In downlink, the resource for the initial transmission is persistently allocated with the predefined interval and retransmissions are dynamically scheduled. In uplink the resource for the initial transmission is persistently allocated, and the same resource can be used for the retransmissions until the HARQ operation is completed, e.g. either until HARQ ACK is received or until the retransmission limit is reached. 
Persistent resource scheduling
To support the persistent scheduling described in the figure 1 , followings need to be signaled.
· Persistent resource interval (both for UL and DL), HARQ RTT (only for UL)
· Persistent resource block(s) 

· Persistent TF (e.g. modulation scheme and TB size)

The information regarding the persistent resource time pattern (e.g. resource interval or RTT) usually do not change during the VoIP session, and can be decided before actual transmission begins. Therefore this information can be signaled over RRC during the RB setup phase. 

Other information such as the identificaiton of persistent resource blocks or the persistent TB size could change relatively frequently based on the scheduling decision, the channel condition or the size of VoIP packets to be transmitted. Moreover it should be possible to allocate/modify/release the persistent resource quickly. Considering these, L1/L2 control channel is better than RRC message in signaling the persistent resource and the persistent TF information.

The exact format of L1/L2 control channel would be RAN1 issue, and one example on L1/L2 control channel format for the persistent scheduling is given in figure 2 just for information.
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Fig 2. L1/L2 control channel format examples
Proposal 1: To use RRC to signal the persistent resource interval and to use L1/L2 control channel to signal the persistent resource and the persistent TF
State transition detection
It should be clearly specified how UE detects the state transition and how UE reports it. There are number of ways in detecting the transition between the talkspurt and the silent period. For example, packet inter-arrival interval and packet size variation are the indication for change of the state. 
Samsung prefers to detect the state transition from the packet size variation, because one can unambiguously detect both the state transition and the codec mode change from the uncompressed VoIP packet size change. Table 1 shows the uncompressed VoIP packet size of codec modes. Unlike compressed VoIP packet, the size of the uncompressed VoIP packet is static as shown in the table 1. 
<Table 1> VoIP packet size
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Proposal 2: To detect the state transition from the change of uncompressed packet size.
State transition indication
There seems three options available right now. 
Using a reserved code point in CQI channel has been proposed several times. We consider this is a nice approach in not requiring additional standardization effort, but we also see some limitations. Firstly, the reliability of CQI channel seems not sufficiently high to be used for such purpose. The required reliability for CQI channel is only 10e-1 ~ 10e-2, which could produce false alarm frequently. Secondly, the resource for state transition indication should be arranged with at least 20 msec interval and allocating CQI resource with such frequency would be a resource waste.

Using the normal buffer status report scheme is another possiblity. When UE detects state transition, UE sends the normal scheduling request and the normal buffer status report to indicate the state transition. This is simple but increases the delay, which will be addressed later.
Using the dedicate resource can be considered as well. In this scheme, the state transition is reported by sending 1 bit indicator over the dedicate resource, so the delay will be shorter than the normal buffer status report scheme.

Figure 3 and table 2 describes the component delays of cases where normal buffer status reporting scheme is used and where dedicate resource is used.
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Figure 3. State transition indication delay

<Table 2>
	
	Description
	Min
	Max
	Note

	a
	Dealy until the next resource occasion.
	5 msec
	15 msec 
	10 msec interval assumed

	a`
	Dealy until the next resource occasion.
	5 msec
	15 msec
	10 msec interval assumed

	b
	Scheduling delay 
	2 msec
	2 msec
	

	c
	Buffer status report transmission delay
	1 msec
	6 msec
	 Assumed HARQ RTT is 5 TTI

	d
	Scheduling delay
	2 msec
	2 msec
	

	Case a) state transition indication using buffer status reporting
	best case delay = 5 + 2 + 2+ 1 + 2 = 12 msec

worst case delay = 15 + 2 + 2 + 6+ 2 = 27 msec

	Case b) state transition indication using dedicate resource
	best case delay = 5 + 2  = 7 msec

worst case delay = 15 + 2 = 17 msec


Samsung believes both of above two schemes are feasible, and slightly prefer using normal buffer status reporting mechanism because the delay difference is not considerable.  

Proposal 3: To use the normal buffer status report to indicate the state transition. 
In principle, state transition indication needs to be sent in transitions both from talkspurt/silent period to silent period/talkspurt. However, in case of talkspurt to silent period transition, the uncompressed packet size of SID unambiguously indicates the state transition. Therefore, it would be better to not signal the transition if the uncompressed packet size indicates the state transition, and if sending the packet does not require too much delay. 

From the above principle, the explicit state transition indciation needs to be sent only when the new state requires more resource than the old state, which is the transition from the silent period to the talkspurt. This will reduce the false alarm probabilty and the uplink interference. This will also give some benefit in UE complexity, because UE is not required to detect the transition from talkspurt to silent period.  
Proposal 4: To send the state transition indication only when the required resource of the new state increase. 
Handling of bigger VoIP packet
ROHC compresses 40/60 byte IP/UPD/RTP header to 3 ~ 15 byte. ROHC is usually operating at the highest compression efficiency as far as underlying link isn’t too unreliable. Occasionally, ROHC outputs bigger packets when it need to send feedbacks or when other fields than RTP SN changes. Considering the size of the typical feedback information and the size of most frequently changing non RTP SN fields (e.g. M bit, TS etc), the bigger packets would be bigger than the smallest packet by several bytes in most cases. 
If the persistent TB size is tunned to the most frequently appearing VoIP packet size, occasionally generated bigger packet should be segmented, to double the SDU error rate for those VoIP packets. Samsung assumes that the persistnet TB size should be 2 or 3 byte bigger than the most frequently appearing VoIP packet size to avoid segmentation as much as possible.  

Even if the persistent TB size is configured with 2 ~ 3 byte margin, bigger packet which can not be handled with the persistent TB size could still be generated. In such cases, UE should report it to the scheduler to avoid continuous segmentation as shown in the figure 4. 
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When UE segments a VoIP packet due to insufficient persistent TB size, it might be useful to make UE report it in e.g. piggybacked control information so that the scheduler allocate temporary resource to send the remaining part of the segmented VoIP packet and possibily the next VoIP packet together. 

 Proposal 5: For UE to report it when VoIP packet is segmented due to insufficient TB size. 
3 Summary 
It is proposed to discuss the issues and proposals in the discussion section, and make decisions as much as possible.
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