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1 Introduction
As mentioned in [1], RAN1 proposes that VoLTE coverage can be effectively enhanced by relaxing the air interface delay budget. For example, the relaxed delay budget can be used to extend the maximum packet transmission time,  which can further improve the coverage. 
In RAN#73, the WID on Voice and Video Enhancement for LTE has been approved in [2]. One objective is: 
a. Specify, if useful, the mechanism to enable the air interface delay budget relaxation, by e.g. the eNB awareness of available delay in air interface budget (RAN2)
In this paper, we discuss the details on delay budget reporting.
2 Discussion
In the current LTE mechanism, a corresponding Packet Delay Budget (PDB) is defined for each standardized QCI value. According to the PDB, the eNB can derive the packet delay budget in the air interface. Taking QCI1 as an example, the corresponding PDB is 100ms, but subtracting a delay of 20ms for the delay between a PCEF and eNB, the delay budget in the radio interface is 80ms. However, the derived delay budget in the radio interface is only an upper bound, so the eNB has no idea whether the actual delay budget could be relaxed or not in the air interface. 
Besides, due to the variation of network condition, the delay of each hop in the path may change, so it is quite difficult for the operator to configure the fixed delay budget by OAM. Based on the above analysis, we observe that:
Observation 1: In the current mechanism, the eNB is unable to know what actual delay budget can be used in the radio interface.
Differently from the eNB, the UE can know the accurate end-to-end delay, for instance by monitoring the received sender report (SR) RTCP packet. As defined in [2], the SR RTCP packet format is shown as below:
· LSR, the middle 32 bits out of 64 in the NTP timestamp received as part of the most recent RTCP SR packet from a certain SSRC.

· DLSR, the delay, expressed in unites of 1/65536 seconds, between receiving the last SR packet from the certain SSRC and sending this reception report block. 


[image: image1.emf]V=2 P RC PT=SR=200 Length

SSRC of sender

NTP timestamp, most significant word

NTP timestamp, least significant word

RTP timestamp

Sender's packet count

Sender's octet count

SSRC_1 (SSRC of first source)

fraction lost cumulative number of packets lost

extended highest sequence number received

interarrival jitter

last SR (LSR)

delay since last SR (DLSR)

SSRC_2 (SSRC of second source)

……

profile-specific extensions

header

sender 

info

report

block

1

report

block

2

0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1


Figure 1 SR RTCP packet format
As shown in the following figure, the sender sends a SRi RTCP packet at the time LSR to the receiver. After a delay DLSR, the sender receives a SRj RTCP packet from the receiver at the time A. Therefore, the round-trip time can be calculated as below:

RTT= (time A-time LSR-DLSR)
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Based on the above existing mechanism, the actual E2E packet transmission delay can be derived as below:

E2E delay = (time A-time LSR-DLSR)/2. 
Observation 2: The UE can derive the actual E2E packet transmission delay based on SR RTCP packet. 

Generally, the E2E delay will impact the VoLTE quality, for example, 150~250ms E2E delay can be regarded as good for VoLTE. Therefore, the delay budget headroom can be calculated by the E2E delay requirement minus the actual E2E delay.  
There are two options to help eNB to know the delay budget headroom.

Option 1: The UE reports the actual E2E delay.
In option1, the UE reports the actual E2E delay to eNB. The value range of reported E2E delay can be 0~400ms. In order to help the eNB to know the real delay budget headroom, the finer granularity of the report, the better. For example, based on the TTIB RTT in Rel-12, the granularity can be 12, i.e. the reported value can be {0, 12, 24, 36, 48…396}. 
Option 2: The UE reports the delay budget headroom directly. 

Compared with option1, in option 2 the UE needs to know the accepted E2E delay in the network before calculating the delay budget headroom. 
In option 2, UE reports the delay budget headroom. In the last RAN1 meeting, as an example, it was mentioned that the delay budget can be extended to 100ms, but in our opinion, we suggest that the delay budget can be further extended to 200ms. As analyzed in option 1, the granularity of the reported delay budget headroom should be 12ms, i.e. the reported value could be {0, 12, 24, 36, 48…192}.

Based on the analysis above, we could see that the network can get the actual delay budget headroom based on the UE reporting. Therefore, we propose that:
Proposal 1: The eNB can be aware of the delay budget headroom by the reporting from the UE. 
Proposal 2: In order to improve the coverage, the value range of reported E2E delay can be up to 400ms, and the value range of reported delay budget headroom can be 200ms, with 12ms granularity. 
3 Conclusion
This paper discusses the details on the delay budget reporting. Based on the above analysis, we have following observations and proposals:

Observation 1: In the current mechanism, the eNB is unable to know what  actual delay budget can be used in the radio interface.
Observation 2: The UE can derive the actual E2E packet transmission delay based on SR RTCP packet. 

Proposal 1: The eNB can be aware of the delay budget headroom by the reporting from the UE. 
Proposal 2: In order to improve the coverage, the value range of reported E2E delay can be up to 400ms, and the value range of reported delay budget headroom can be 200ms, with 12ms granularity. 
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