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1. Introduction

At the last 3GPP-SA4#60 meeting, our contribution S4-100629 [1] provided a proposal to adopt a two delay operation modes for the EVS codec. It was requested that the design constraints on delay take into account these two operation modes, at least one of the delay modes should be consistent with delay figures of existing 3GPP speech codecs, i.e. (in the order of the delays of AMR-NB and AMR-WB). 

There was strong support for such two delay operation modes and questions were raised as to what constraint these two delay modes should be subjected. In this contribution, a a proposal for design constraints for the two delay mode is given.
2. Delay analysis in Voice over LTE
2.1 Voice over LTE

The GSMA VoLTE (Voice over LTE) initiative was formally announced on 15th February 2010.  In establishing the VoLTE initiative, GSMA has adopted the work of the One Voice Initiative [2] as the basis of the work to lead the global mobile industry towards a standard way of delivering voice and messaging services for Long-Term Evolution (LTE).  Using IP Multimedia Subsystem specifications developed by 3GPP as its basis, GSMA have expanded upon the original scope of One Voice work to address the entire end-to-end voice and SMS ecosystem by also focussing on Roaming and Interconnect interfaces, in addition the interface between customer and network.
2.2 Sources of delay
The One Voice Initiative specifies a voice over IMS profile by listing a number of E-UTRAN, EPC, IMS core and UE features which are considered as a minimal and essential set to launch an interoperable IMS based voice while being compliant to the 3GPP specifications. 

In clause 7.4.2, EPS bearer considerations clearly mandate the use of a dedicated EPS bearer with a standardized QCI value of 1 for transporting the voice media. The scope of this QCI characteristics is related to the connection between the UE and the PCEF as depicted in Figure 1.
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Figure 1 Scope of the Standardized QCI characteristics for UE to UE communication
For this QCI value, the following characteristics are required: 
	QCI
	Resource Type
	Priority
	Packet Delay Budget (PDB)
	Packet Error Loss

Rate

	1
	GBR
	2
	100 ms
	10-2


The PDB defines an upper bound. Actual packet delays for GBR traffic should typically be lower than the PDB specified for a QCI as long as the UE has sufficient radio channel quality. The goal of standardizing a QCI with corresponding characteristics is to ensure that applications and services mapped to that QCI receive the same minimum level of QoS in a multi-vendor network deployments and in case of roaming. Thus, for VoIP, these values have to be taken into account in order to design for a minimum QoE VoIP service. 

In case of an end-to-end call, as shown in Figure 1, the overall delay from UE to UE (at packet level) for a QCI of 1 is [image: image3.png]D....; = 200ms + D oriome



 and the total mouth to ear delay should therefore at most be: 
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Where 

· [image: image6.png]D, eceiver




jitter buffer related delay
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It should be noted that the delay constraint for conversational services as specified in TS 22.105 are below 150 msec (preferred) and 400ms as an absolute limit. This is based on the ITUT G.114 recommendation where 400ms is an absolute maximum for end to end delay on international calls with up to 150ms in the national legs.
2.3 Impact of delay on quality
The E-Model [3] expresses customer perceived quality as an [image: image12.png]


 factor. [image: image14.png]


 is generally expressed as a figure between 50 and 100, if [image: image16.png]


 exceeds or equals 80; all customers are deemed to be satisfied. [image: image18.png]


is the combination of the impairments present in the call and is expressed as follows:-
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 represents the basic signal-to-noise ratio. The factor [image: image23.png]Is



 is a combination of all impairments which occur more or less simultaneously with the voice signal. Factor[image: image25.png]


 represents the impairments caused by delay and the equipment impairment factor [image: image27.png]le



 represents impairments caused by low bit rate codecs. The advantage factor [image: image29.png]


 allows for compensation of impairment factors when there are other advantages of access to the user. The term [image: image31.png]Ro
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 values are subdivided into further specific impairment values.
For delay consideration, assuming a certain operating point for the mouth-to-ear delay, a 1ms, 5ms resp., delay increase in the codec delay, while maintaining average constant values for the other delay sources would lead to a variation of the [image: image37.png]


 factor as depicted in Figure 2.
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Figure 2: R factor degradation for increasing the delay by 1ms, 5 ms resp., over an operating point of mouth-to-ear delay
From Figure 2, one can notice that for typical average delay figures of 250ms which are encountered in mobile networks the degradation of the [image: image40.png]


 factor is the most prominent, the maximum is found to be equal to 234ms. Because the degradation on the [image: image42.png]


 factor is a relative value, the above figure is what is predicted in terms of [image: image44.png]


 factor degradation according to the E-model and does not make any assumptions about the other sources of impairment.

The ITU-T E-model further provides means to convert the rating factor [image: image46.png]


 to more traditional subjective Mean Opinion Scores (MOS) scores, this is provided by Annex B of ITU-T G.107.
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Figure 3: Degradation of [image: image49.png]MOS o



 corresponding to an R factor maximum degradation
In order to anchor these values (corresponding to Figure 3) to more tangible values, Figure 4, provide the MOS scores for AMR-WB clean speech quality.
[image: image50.emf]6 8 10 12 14 16 18 20 22 24

3

3.5

4

4.5

AMR-WB rate

MOS


Figure 4: AMR-WB quality

Assuming that a mobile voice quality call is performed today around an R factor of 80, i.e. between users satisfied and some users dissatisfied, the cost of increasing the codec delay by 1ms or 5ms leads to a quite substantial quality decrease (0.005 and 0.02 MOS) as predicted by the E-model and in relation to AMR-WB characterized quality scores and their cost in bitrates. 

2.4 Impact of delay on capacity
The previous analysis focuses mainly on the predicted user satisfaction as provided by the E-model and does not take into account another important factor of VoIP outage. User satisfaction in this context is defined as, see  [4]:

“A VoIP user is in outage (not satisfied) if 98% radio interface tail latency of this user is greater than 50 ms. This assumes an end-to-end delay below 200 ms for mobile-to-mobile communications.”
Operators expect that the radio interface delay should be below 50ms and that the end to end delay should be below 200ms. These assumptions are for a typical voice call which is close to what is achievable with CS telephony. It is therefore an important aspect of codec delay to not further increase the delay and use the available delay budget to maximize throughput and capacity on the radio link layer. VoIP capacity is in fact defined as the maximum number of satisfied users supported per cell. 
As an example, increasing the delay of the codec to 50ms would be almost doubling the coding delay of AMR or AMR-WB. This would leave little to the radio link layer in order to fulfill the above assumption of 200ms end-to-end delay. For an equal capacity to what is achievable today with AMR-WB, the delay budget left for the core network and the jitter buffer is 50 ms, which is too small to maintain the same quality of experience.
2. Constraints for delay 

The main objectives of the 3GPP EVS codec activity to increase user experience and optimize capacity for a VoIP service in LTE. As discussed above, both user experience, as predicted by the E-model as well as capacity as defined in [4], and agreed in 3GPP, suffer from an increased codec delay. It is therefore very important to not further increase the coding delay in 3GPP networks and capitalize on the improved LTE radio interface to both increase the QoE and capacity in order to make VoLTE a successful service from both an economical point of view and from a user expectation point of view. Hence, the source proposes that for the EVS codec the current delay of 3GPP codecs is maintained, i.e. the EVS codec delay should be exactly that of AMR-WB.
The source acknowledges that an increase coding delay may improve the intrinsic performance of a codec and has proposed [1] a two delay codec option as a way forward for the codec design constraint in EVS. A low delay figure supported by the following contribution maintain the delay of current 3GPP voice codecs for the EVS codec and a potential higher delay mode for flexibility and as means to optimize the tradeoffs between transmission constraints and intrinsic codec quality. 
The separation of the two delay figures has to be such that it is consistent with HARQ retransmission times (multiples of 8ms) and large enough to allow a measurable intrinsic quality increase for the codec.

As such, given that the low delay figure is proposed to be equal to 26ms (AMR-WB delay of 25.9375ms rounded to the closest integer), the upper delay figure should be given by:
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 is an integer. A suitable choice for [image: image56.png]


, given past contributions from other sources seem to point in the direction of  [image: image58.png]


. The source therefore proposes a higher delay EVS coding mode of
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If a two delay modes for EVS is not agreed in SA4, the source would like to see a delay figure for the EVS codec to be exactly that of the delay of AMR-WB (26ms) in order to fully benefit from LTE access as both a capacity enhancement access technology and an overall end user QoE improvement.

2. Conclusion 

It is propose that the following design constraints on delay for the EVS codec are adopted:
	Parameter
	Design Constraint

	Algorithmic Delay
	The EVS codec shall support two algorithmic delay operating points.
· A low delay EVS codec (incl. AMR-WB interoperable operation) shall operate at a maximum algorithmic delay of 26 ms.

· A high delay EVS codec (shall operate at a maximum algorithmic delay of 50 ms.
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