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1 Introduction
This document discusses the requirements for the UE delay with LTE access. 
2 Background
An overview of the UE delay contribution to the mouth-to-ear transmission path for LTE access is depicted in Figure 1. 
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Figure 1: Mouth-to-ear transmission path.
The diagram follows definition of the UE delay reference points and the requirement structure in the current draft CR to 26.131 [Tdoc S4-140476]. The UE vendor specific implementation dependent delay equals the sum (T_UE_send_processing + T_UE_receive_processing) and the UE implementation independent delay equals the sum (T_frame_and_codec + T_send_min + T_receive_min + T_minimum_buffer_depth). 
The minimum jitter buffer depth, T_minimum_buffer_depth, is dependent on the stationary jitter condition, and is for the requirements set to allow for a buffer depth to completely cover the delay variations in the respective packet delay profile, as described in Table X in the draft CR to 26.131, see Table 1. Note that the jitter buffer management in the receiving UE has to handle the packet delay variations both from the sending and the receiving LTE radio transmission, hence the delay contribution of the end-to-end packet delay variations is attributed to the UE receive.
The transport delay, T_transport, includes the delay of the radio access network, core network, and backbone from the antenna input on the receiving RAN to the antenna output of the sending RAN.
Table 1: Requirement structure from draft CR to 26.131.

	Test Condition
	Delay and Loss Profile
	Requirements for Maximum Delay (Note 2)
	Speech Quality
Requirements 
(ΔMOS-LQO)

	0
	Error and jitter free condition
	[TBD1] + 27 ms
	REF (no requirement)

	1
	dly_profile_20msDRX_10pct_BLER_e2e.txt
	[TBD1] + 63 ms
	Δ1< REF - [TBD2]

	2
	dly_profile_40msDRX_10pct_BLER_e2e.txt
	[TBD1] + 103 ms
	Δ2< REF - [TBD2]

	NOTE 1:  Delay profiles 1 and 2 simulate a semi-persistent scheduling transmission scheme with DRX enabled and target BLER in sending and receiving directions of 10% ,with +/- 3ms of EPC jitter. Delay profiles are injected at the IP layer.

	NOTE 2: The implementation independent transmission delay for the AMR codec and LTE access is composed of: the speech frame buffering and codec look-ahead of 25 ms, the air interface transmission time of 1 ms on the receive and 1 ms on the send direction, the DRX cycle time (20ms or 40ms) and the time for 2 HARQ retransmissions (16ms). An extra 20ms delay for the 40 ms DRX cycle is added, due to the bundling of two speech frames. This equates to the minimum jitter buffer depth allowance for avoiding packet loss in the JBM. The term [TBD1] ms is attributed to the UE specific implementation dependent processing. 


3 Requirement structure

The status of the performance objective (“should”) in the UMTS requirement is considered unclear, and it should be known that the UE delay should be kept as low as possible as e.g. indicated by the text “It is in general desirable to minimize UE delays to ensure low enough end-to-end delays and hence a good conversational experience, guidance is found in ITU-T Recommendation G.114.” in TS 26.131.
For LTE access, we propose to only have a single requirement for the maximum UE delay for each of the respective test conditions, as outlined in the current structure of Table X in the draft CR to TS 26.131, see Table 1.
4 UE delay requirement
A suitable value for the UE vendor specific implementation dependent processing delay, TBD1, in Table X of the draft CR to TS 26.131, see Table 1, is proposed to be determined based on the requirement on the end-to-end transmission delay for the speech service and the UE vendor specific implementation delay that is considered needed in order to meet all the acoustic requirements as specified in TS 26.131.

The target values for the mouth-to-ear transmission delay for 3GPP conversational voice services are stated in TS 22.105 [Table 1: End-user Performance Expectations - Conversational / Real-time Services] as “< 150 msec preferred < 400 msec limit”. This is supported by ITU-T Recommendation G.114 (see Figure 2) which states that a delay below 150ms is in the range “Users very satisfied” and a delay above 400ms is in the range “Many users dissatisfied” according to the E-model. Although a delay of less than 150ms may not always be achievable, it is seen from Figure 2 that it is still important to keep the delay as low as possible. For example, the range  “Users satisfied” spans from about 200ms to 280ms while a mouth-to-ear delay in excess of about 280ms results in the range “Some users dissatisfied”,  according to the E-model.
The mouth-to-ear delay is composed of the UE delay and the transport delay. The transport delay will vary between different call cases. In TS 23.203 [Table 6.1.7: Standardized QCI characteristics] a typical delay of “[…] 20ms […] between a PCEF and a radio base station” is considered. Hence, a value of about 40ms to 50ms for the transport delay may be considered in a typical call. It should however be noted that a significantly longer transport delay may be obtained in live calls due to e.g. the location of the users and long distance routing.
[image: image2.wmf]G.114_F01

0

100

200

300

400

500

50

60

70

80

90

100

Nearly all

users

dissatisfied

Many users

dissatisfied

Some users

dissatisfied

Users

satisfied

Users

very satisfied

Mouth-to-ear-delay/ms

E-model rating R


Figure 2: Determination of the effects of absolute delay by the E-model [Source: ITU-T Recommendation G.114]
The vendor specific delay is addressed in several documents, and equals

· 30ms for GSM according to TS 43.050

· 60ms in the contribution S4-120403 presented as input to the UMTS delay requirements discussion, and considered by the source to be representative of a well systemized UE processing implementation for UMTS

· 120ms from the UMTS “should” requirements of TS 26.131
· 155ms from the UMTS “shall” requirements of TS 26.131
It is considered that the vendor specific processing delay of GSM devices as stated in TS 43.050 does not reflect the current systemization of e.g. smartphones. Hence, the delay budget presented in TS 43.050 was revised in contribution S4-120403 to show that a vendor specific processing of 60ms is feasible to meet the acoustic requirements of TS 26.131 for UMTS access. 
The UE delay corresponding to the UMTS “shall” requirements is discussed in S4-120325. From the text in S4-120325, this requirement seems mainly to have been derived from measurements of UE delay performed within GSMA: “We know that the HDVoice requirement of 220ms was chosen by measuring the delay of existing devices in the market and working backwards to find a delay number that would not exclude too many popular devices that had high voice quality despite the delay.”
It is not clear if the devices used in the GSMA test were systemized according to requirements of minimizing the delay, hence we are not in favour of transferring this uncertainty into the UE delay requirements for LTE. Particularly so since a UE vendor specific processing delay of 155ms will result in a UE delay requirement of 258ms in the typical 40ms DRX call case according to test condition 2. This UE delay will result in a mouth-to-ear delay of 298ms assuming a transport delay of 40ms. This mouth-to-ear delay is in the range “Some users dissatisfied” according to the E-model, see Figure 2.
5 Proposals
It is proposed to:

· Keep the structure of the requirements [UE vendor specific implementation delay] + [Implementation independent delay] when discussing the UE delay requirements and only possibly merge the numbers at the very last step once agreed on the respective numbers for all the test conditions. 

· Consider adding an extra 20ms allowance to the requirement in “Test condition 0” in Table X of draft CR to 26.131 to avoid the situation that implementers assume that a completely empty jitter buffer is the preferred implementation.

· Only have one single requirement for each respective test condition 0, 1, and 2 for the UE delay with LTE access, i.e. have no performance objective included in the requirement text.

· Define the UE delay based on the mouth-to-ear delay in typical call cases taking both the aspect of the end-user perception of the delay and the UE vendor specific time needed to process the signal according to the acoustic and transport related requirements of 3GPP. 
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