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Introduction
At RAN#73, a work item on Voice and Video enhancements for LTE has been approved [1]. The objectives of this work item are to specify the following features based on the outputs of the study item report [2]:
1. The codec mode/rate selection and adaptation solution details specification (RAN2)
2. VoLTE/ViLTE signalling optimization
3. VoLTE quality/coverage enhancements
With respect to the quality/coverage enhancements, one detailed 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 contribution we discuss RAN air interface delay in an end-to-end context.
[bookmark: _Ref178064866]Discussion
Figure 1 describes the effect of mouth-to-ear delay on the conversational quality [3].
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[bookmark: _Ref462604780]Figure 1: Effect of mouth-to-ear delay on conversational quality [3].

The mouth-to-ear delay is the sum of the delay in the UEs, the radio interface, the backhaul from the eNB to the EPC, and the backbone in the PLMN. 
Minimum performance requirements on the maximum UE delay for MTSI voice services are stated in [4]. This delay includes
· Speech frame buffer and codec look-ahead. This is 25 ms and 32 ms for the AMR-WB and EVS codecs used in VoLTE, respectively [5].
· UE vendor speech processing delay. This is vendor implementation dependent and the performance objective is below 85ms and a performance requirement of maximum 125ms. 
· Minimum jitter buffer delay. The delay variations used in the tests represents theoretical delay variations that may be expected from a fictive LTE RAN operating in connected mode DRX cycle of 20ms and 40ms, and a jitter buffer delay allowance of, respectively, 40ms and 80ms is attributed for the two test cases.
It is specified in [5] that the UE shall include a jitter buffer with operation according to the minimum performance requirements in [7] that adapts to the delay variations of the received packets and minimizes the playout delay while retaining a good speech quality.

[bookmark: _Toc462737479][bookmark: _Toc462737545][bookmark: _Toc463003778][bookmark: _Toc463003959][bookmark: _Toc463027389][bookmark: _Toc463028371]Packet delay variations introduced by RAN is manifested as a jitter buffer delay in the receive side of UEs. 

For VoLTE, the dedicated bearer for Conversational Voice must utilise the standardised QCI value of one, “1”, and have the associated characteristics as specified in [6] with a maximum packet delay budget (PDB) of 100ms and a maximum loss rate of 1%. A delay of 20 ms for the delay between a PCEF and the eNB should be subtracted from a given PDB to derive the packet delay budget that applies to the radio interface. The jitter buffer in the receive side of the UE does not operate based on the absolute delay of the packets but rather on the packet delay variations.

[bookmark: _Toc462737480][bookmark: _Toc462737546][bookmark: _Toc463003779][bookmark: _Toc463003960][bookmark: _Toc463027390][bookmark: _Toc463028372]The variable component (i.e. packet delay variations) within the PDB of the radio interface is in the mouth-to-ear delay budget attributed to the UE and the constant radio interface delay is attributed to the RAN.   

The transport network delay is dependent on the routing of the call and the physical location of the two parties. Example of packet delay for different call scenarios is presented in [7] and it is considered that at least 20ms delay is added by the transport network.
Adding the delay from the UE (assuming the performance objective), the effect of the radio interface, and the fixed transport, the one-way transmission delay will be above 200ms also with a very short transport delay and RAN delay contribution.

[bookmark: _Toc462737481][bookmark: _Toc462737547][bookmark: _Toc463003780][bookmark: _Toc463003961][bookmark: _Toc463027391][bookmark: _Toc463028373]The typical delay of a VoLTE call is at the limit were the mouth-to-ear delay is noticeable to the end-user and the packet delay should be kept to a minimum to improve the conversational quality.   

In [7] it is stated (8.2.3.1) 
“If the limit of jitter induced concealment operations cannot be met, it is always preferred to increase the buffering time in order to avoid growing jitter induced concealment operations going beyond the stated limit above. This guideline applies even if that means that end-to-end delay requirement given in 3GPP TS 22.105 [34] can no longer be met.”
Although this is not directly referencing the operation of RAN, it is however considered that it is equally applicable to RAN. Regarding Figure 2, it is thus concluded that in a situation where RAN has either of the two options (A) of extending the packet delay and keeping the packet loss at a low level or (B) of keeping the delay and delay variations within pre-defined level and introducing extra packet loss, it is always preferred to allow for an increased delay and keeping the loss rate low.
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[bookmark: _Ref462604769]Figure 2: One-way transmission delay vs packet loss for different RAN operation.
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Based on the observations above, it is concluded that the benefits for the eNB to know the end-to-end delay would be minor since if the alternative to increase the delay is to introduce loss then it is preferred to increase the delay. 
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Conclusion
In this contribution we discuss RAN air interface delay in an end-to-end context. In section 2 we made the following observations:
Observation 1	Packet delay variations introduced by RAN is manifested as a jitter buffer delay in the receive side of UEs.
Observation 2	The variable component (i.e. packet delay variations) within the PDB of the radio interface is in the mouth-to-ear delay budget attributed to the UE and the constant radio interface delay is attributed to the RAN.
Observation 3	The typical delay of a VoLTE call is at the limit were the mouth-to-ear delay is noticeable to the end-user and the packet delay should be kept to a minimum to improve the conversational quality.
Observation 4	For a VoLTE call it is preferred to increase the packet delay if the alternative is to introduce packet loss.

Based on the discussion in section 2 we propose the following:
Proposal 1	No new mechanism for eNB awareness of available delay in air interface is specified unless significant benefits are shown from an end-to-end perspective.
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