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1. Introduction
When a VoIP is scheduled using SPS configured allocations a PDCCH message is sent at the beginning of a talk spurt to indicate a fixed periodic (e.g. 20ms) resource allocations for the VoIP packets. A similar PDCCH message is also sent to suspend periodic SPS allocations at the end of a talk spurt. In addition to talk spurt packets, a typical VoIP codec also generates periodic silent indicator (SID) packets during the silent intervals. Typically, SID packets are generated with a larger period of about 100ms-160ms or more. Since dynamic scheduling is required to schedule SID packets, they may consume significant PDCCH resources. 
In this document we look at two options which exploit the periodic nature of SID packets and propose the use of SPS scheduling for the SID packets as well. This can free up, approximately 25% of the total PDCCH resources which could then be used to increase capacity and support more users.
2. SPS for SID VoIP Packets 
When looking at how SPS can be extended for scheduling SID packets (in addition to using SPS for talk spurt packets) two options can be considered:

Option 1: One SPS context with two distinct periods
In the RRC setup phase, SPS configuration of a UE can have two distinct periods - instead of one. 
One period corresponds to the talk spurt, e.g. 20ms, while the other corresponds to SID packet periodicity, e.g. 160ms. At the end of a talk spurt, when the eNB sends a PDCCH message to the UE to suspend the periodic allocations of 20ms, the same message also marks the start of periodic allocations of 160ms which are intended for SID packets. The DL-SCH allocation always alternates between 20ms periodicity and 160ms periodicity, and is conveyed by the eNB to the UE during transitions between silent periods and talk-spurts. In this way, the entire PDCCH messaging overhead corresponding to dynamic scheduling of SID packets can be eliminated.

Option 2: Two SPS contexts, one dedicated for talk spurt and the other for scheduling SID packets
In this option the UE would be configured with two separate SPS configurations. The first SPS configuration, with a period of e.g. 20ms, would be used for scheduling of VoIP talk spurt packets, while the second SPS configuration, with a longer period of e.g. 160ms would be used for SPS scheduling of SID packets. The support for two SPS configurations can be part of the UE’s release/capability information. The beginning of a silent period, i.e., arrival of a SID packet, and switching between the two SPS configurations, can be detected based on a packet size, as SID packets are significantly smaller than talk spurt packets.
3. Numerical Comparison 

For a numerical comparison of the above two options, the following example scenario can be considered:

· 5MHz channel bandwidth

· 21 PDCCH CCE resources in every TTI  (assuming 3 symbol PDCCH configuration)
· 50% VoIP activity

· Inter-arrival time of  talk spurt VoIP packets: 20ms

· Inter-arrival time of silent period SID packets: 160ms
If there are N ongoing VoIP calls in a sector, the average number of SID packets generated (downlink and uplink combined) in each sub-frame is then given by: 2*N*0.5*(1/160) Assuming that on the average, we need 2 CCEs for a PDCCH asignemnt/grant, the number of PDCCH CCEs consumed by SID packets in each sub-frame = 2*[2*N*0.5*(1/160)] = N/80 CCEs. 
For N=400 VoIP users, dynamically scheduling SID packets alone takes up on the average 5 CCEs, i.e., about 25% of the total PDCCH resources.
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Fig. 1 Average number of CCEs per TTI required for scheduling SID packets. Option 1 requires no additional CCEs, Option 2 requires on the average less than 1 CCE, as compared to up to 5 CCEs needed with dynamic scheduling 
With Option 1 no PDCCH messaging for scheduling SID packets is needed as the PDCCH message indicating the end of the talk spurt implicitly starts the SPS allocations intended for scheduling the SID packets. Therefore the green line in the above graph is at zero CCE average usage. 

When Option 2 is used, the savings can be estimated to be slightly lower. Since each silent period now needs two PDCCH messages, one at the beginning and one at the end (same as for starting/suspending SPS talk spurt allocations), assuming average silent duration of 1s, the average number of PDCCH messages required in each sub-frame for SID SPS is 2*N*0.5*(2/1000) Consequently, the average number of CCEs consumed is N/500. For the 400 VoIP user case this equals to 0.8. Thus, Option 2 frees up on the average 4.2 CCEs, or about 20% of total PDCCH capacity, when compared to the approach where SID packets are scheduled using dynamic scheduling.
Note that although Option 2 has slightly lower savings on PDCCH, it can retain much of backward compatibility as the RRC and MAC procedures do not need to be significantly changed. However it has a drawback of requiring the UE to monitor for an additional SPS C-RNTI on PDCCH. 
4. Conclusion
In VoIP-heavy deployments, the system capacity can be bottlenecked by PDCCH availability. SPS for SID packets can provide significant savings on PDCCH, and the saved PDCCH resources can be used to support more users. Therefore it would be useful to have the ability to configure the UEs with more than one or different semi-persistently scheduled resource. 
Proposal:  Extend SPS Configuration to enable scheduling of SID VoIP packets using semi-persistently scheduled resource 
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