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1
Introduction
In this contribution we compare VoIP LTE DL system performance of two alternatives of semi-persistent scheduling scheme:

-
semi-persistent allocation of resources for the first transmission with blind decoding at the UE [3]; 
-
talk spurt based persistent scheduling scheme without blind decoding at the UE. 

2
Details of Scheduling Methods
Here, the two simulated scheduling methods are presented briefly.
Semi-persistent scheduling with L2/L3 allocation:

-
All initial transmissions are scheduled persistently without L1/L2 control signalling by using limited set of time/frequency resources (3 resource allocation combinations possible during two (2) consecutive TTIs in a 20 ms time frame);

-
Re-transmissions are scheduled dynamically by L1/L2 control signalling;

-
Static resource allocation is used (2 PRBs per scheduled user);
-  Fixed MCS (QPSK 2/3) used.
Semi-persistent scheduling with talk spurt based L1/L2 allocation:

-
In the beginning of talk spurt a dedicated time/frequency resource (2 PRBs per 20 ms time frame) is persistently allocated for an active user;
- 
At the end of talk spurt (when silent period starts) persistently allocated transmission resources are freed;
-
Initial transmissions of a VoIP packet are done by using persistently allocated transmission resources;

-  Re-transmissions and SID frames are scheduled dynamically by L1/L2 control signalling;

-
Static resource allocation is used (2 PRBs per scheduled user) for transmissions of VoIP packets, SID transmissions can benefit for ATB (adaptive transmission bandwidth);

-  Fixed MCS (QPSK 2/3) used for transmissions of VoIP packets;
Packet scheduling related assumptions are summarized in Table 1. The VoIP performance was evaluated in Case 1 [1] with localized transmissions. Other assumptions used in the system performance analysis are aligned with the simulation assumptions used for VoIP traffic system performance evaluation in [2].
Table 1: Packet scheduling related assumptions for 5 MHz BW.
	Assumption
	Value 
	Explanation

	NoOfCTRLusers
	6
	Maximum number of users requiring L1/L2 control signalling per TTI

	Number of FD multiplexed users per TTI
	≤ 12
	Number of frequency domain multiplexed users per TTI 

	Number of PRBs per scheduled user per TTI
	2 [DISCLAIMER: ≤ 2 for SID transmissions with talk-spurt PS];
	Number of allocated PRBs per scheduled user 

	Bundling options
	no bundling;
	Bundling of packets is not used at L1


3
Simulation Results
System performance comparison between the simulated schemes in terms of capacity is presented in the following figure where VoIP capacity is defined as the number of users that could be supported in a sector without exceeding 5 % outage. A user is considered to be in outage, if during the call at least 2 % of the packets are lost (i.e. either erroneous or discarded).

Figure 1: Capacity comparison
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4
Conclusions

In this contribution, results of downling VoIP capacity in Case 1 for semi-persistent scheduling (with blind decoding at the UE) and talk spurt based persistent scheduling scheme (without blind decoding at the UE) are presented. According to the results talk spurt based persistent scheduling scheme provides approximately 7 % smaller capacity than semi-persistent scheduling scheme. This performance degradation is mainly due to the absence of diversity for the first transmission of each talk spurt but can be justified with the achievable savings in terminal memory requirements and complexity (no blind detection needed).
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