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1 Introduction
DRX and DTX are important features to extend the battery life of the UE and to improve the spectral efficiency, which has also been shown in the work item for the Continuous Packet Connectivity. In this contribution, we discuss DRX and DTX for the UE in the context of VoIP reception. The suggested DTX/DRX operation is applicable to persistent scheduling and group scheduling of VoIP users.
2 Types of DRX and DTX for the UE
Data packets are transmitted quite regularly for VoIP. Depending on the choice of the codec, the nominal time-intervals for transmissions in the active voice period are 20 or 30 ms without packet bundling, and 40 or 60 ms with bundling of 2 packets. In a silent period, the nominal time-interval for transmission of SID frames is 160ms. We discuss the possibility of the UE to use DTX/DRX between the VoIP reception/transmission, while not taking into account other channel that the UE has to monitor/transmit, e.g. paging, non-data-associated control channels in the Uplink, etc. 
2.1 Microsleep per subframe

Assuming that the UE has to monitor a candidate control channel, it needs to decode up to 3 OFDM symbols per subframe. If the UE does not receive a scheduling grant for the PDSCH or PUSCH, the UE could employ microsleep until the next subframe. Assuming that the UE requires the two pilot symbols next to the control channel symbols for the decoding and decoding itself requires negligible amount of time, the UE can then employ microsleep for 9/14 of the time of a subframe with the current working assumption for the reference symbols in the downlink, or 10/14 of the time of a subframe with the proposal for DL reference symbols reducing the latency [1]. Since energy savings is most effective when transmit and receive path can be switched off jointly, it may be beneficial if the time for the beginning of PUSCH and PDSCH almost coincide, i.e. the PUSCH subframe is delayed by 3 OFDM symbols with respect to the PDSCH subframe. For deriving the relative UL/DL timing, other aspects such as minimum processing times in UE and NodeB need to be considered as well.
2.2 Monitoring Control and Data with larger time periods
For exploiting the long time intervals between transmissions of packets for VoIP, the UE may DRX/DTX over extended periods of time. In particular, the control channel candidates can be specified over predefined intervals only, such that the UE does not need to monitor the PDCCH or the shared channels in between these predefined intervals. In particular, for persistent scheduled UEs in the downlink, a useful timing interval for monitoring control channel candidates would either coincide or be a multiple of  the time interval for the persistent resource allocation, such that it is possible to overrule the persistent resource allocation with a dynamically scheduled resource grant.
When there is a silent period, only SID frames with a time-interval of 160 ms need to be transmitted, which also lends itself to longer DTX/DRX periods. However, (i) to avoid discarding the initial voice packets of a talk spurt and (ii) to avoid delay at the beginning of a talk spurt that exceeds the mouth-to-ear delay of less than 200 ms whereby users are still very satisfied [2], it is desirable to also provide for transmissions/ reception for the case that a talk spurt starts within a silence period. Typically, the delay caused by the air interface alone should be a rather small fraction of the mouth-to-ear delay that is perceived as satisfactory [2]. Therefore, it is suggested that DTX/DRX periods are at most double the time of a nominal time-interval for transmission during the talk spurt. Some methods to end the silence period and to continue with a regular VoIP transmission for a talk spurt are discussed in [3].
When DTX/DRX periods do not exceed double the time of a nominal time-interval for transmission during the talk spurt, voice packets are not necessarily lost at the beginning of a talk spurt. In particular, it would be possible to bundle two voice packets at the beginning of a talk spurt, which is shown in Fig.1. 
[image: image1.wmf] 

Persistent

scheduled

but

dynamically

adapted

ENB Buffer 

Status

SID 

or

unused

Voice

Packet  

(n+1)+(n+2)

ENB 

Buffer

TTI n

ENB Buffer

TTI n+40

SID 

or

unused

Voice

Packet n+1

Voice

Packet n+1

Voice

Packet n+2

Persistent

S.

Persistent

S.

Long DRX

Persistent

scheduled

but

dynamically

adapted

ENB Buffer 

Status

SID 

or

unused

Voice

Packet  

(n+1)+(n+2)

ENB 

Buffer

TTI n

ENB Buffer

TTI n+40

SID 

or

unused

Voice

Packet n+1

Voice

Packet n+1

Voice

Packet n+2

Persistent

S.

Persistent

S.

Long DRX


Figure 1: Example for the transmission of the initial voice packets after a silence period
3 Conclusions

In this contribution, we are suggesting

· to provide the possibility for microsleep per subframe

· to use the reference symbols with reduced latency proposed in [1]

· to consider the possibility for microsleep in deriving the relative UL/DL subframe timing

· to define a time-interval for the control channel candidates that the UE needs to monitor

· to allow DTX/DRX in between the time-interval for monitoring control channel candidates

· to use DTX/DRX within silence periods that does not exceed twice the transmission interval of regular VoIP packets
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