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1 Introduction

VoLTE packets are with jitter, hence [2] defines VoLTE jitter buffer management (JBM) functionality that buffers received packets for some time so that they can be played out smoothly. The jitter buffering causes extra delay. To avoid degraded user experience due to excessive jitter buffer delay, compliance test criteria in Section 8.2.3.2.2 of [2] mandates that UE jitter buffer time shall be less than 60 ms for at least 90% of the speech frames. When packets arrive with excessive jitter, they are subject to being discarded, e.g., compliance test criteria in Section 8.2.3.2.3 of [2] uses 1% maximum discarding rate for the specified test profiles. When VoLTE UE1 is in bad radio condition, there are many HARQ retransmissions which increase jitter, hence, the packets with retransmissions are more likely to be discarded by the receiver UE. If the peer VoLTE UE2 is in good radio condition and sees high packet discarding rate at its jitter buffer, the UE2 can suggest eNB to shorten CDRX cycle, which reduces jitter, so that the bad-radio side UE1’s retransmissions may not be discarded. In this way retransmissions are effective, hence, coverage is enhanced. In addition, the E2E delay is also reduced, hence overall user experience is improved.
2 Retransmissions and CDRX cause longer delay and jitter

In this section, we show our simulation results on the impact of HARQ retransmissions and CDRX to VoLTE E2E delay and jitter. The detailed simulation assumptions are in the Appendix A of this document. 
We use 10% HARQ BLER to represent good radio condition and 70% BLER to represent bad radio condition. Tables 1-2 show the VoLTE jitter and delay results. By comparing Case A1 with Case A2, or by comparing Case B1 with Case B2, we have the following observation.

Observation 1 CDRX causes longer E2E VoLTE jitter and delay. 
By comparing Case A1 with Case B1 in Tables 1-2, or by comparing Case A2 with Case B2, we have the following observation. Here higher BLER causes more retransmissions.
Observation 2 Retransmissions (higher BLER) cause longer E2E VoLTE jitter and delay.
Table 1: Impact of HARQ retransmission and CDRX cycle to VoLTE Jitter 
	99% percentile 

VoLTE relative jitter Results (ms)
	Receiver:

No CDRX
(good ch., 10% BLER)
	Receiver:
40 ms CDRX 

(good ch., 10% BLER)

	
	Sender: No CDRX (bad ch. 70% BLER) 
	Case A1:  43.95
	Case A2:  70.65

	
	Sender: No CDRX (good ch. 10% BLER)
	Case B1:  22.6
	Case B2:  28.5


Table 2: Impact of HARQ retransmission and CDRX cycle to VoLTE Delay 
	95% percentile / 99% percentile 
VoLTE E2E delay Results (ms) 
	Receiver:

No CDRX

(good ch., 10% BLER)
	Receiver:

40 ms CDRX 

(good ch., 10% BLER)

	
	Sender: No CDRX (bad ch. 70% BLER) 
	Case A1:  250.6/258.8
	Case A2:  267.95/282.15

	
	Sender: No CDRX (good ch. 10% BLER)
	Case B1:  211/218.1
	Case B2:  228.3/239.45


3 Excessive jitter causes packet discarding
VoLTE traffic uses RTP, IP and RLC UM protocols, none of which provides lossless or in-order delivery service. To play out audio smoothly, the receiver UE’s VoLTE application layer has to buffer and reorder the audio packets before playing them out, as defined by [2] as jitter buffer management (JBM) functionality. The jitter buffering causes extra delay. To avoid degraded user experience due to excessive jitter buffer delay, compliance test criteria in Section 8.2.3.2.2 of [2] mandates that UE jitter buffer time shall be less than 60 ms for at least 90% of the speech frames. We have copy-pasted the whole related subsections from [2] in Appendix B and highlighted (in yellow color) the related mandatory compliance test criteria, from which we have the following observation.
Observation 3 UE buffers VoLTE packets before playing out, which creates extra jitter buffer delay. 
Observation 4 Mandatory compliance test in TS 26.114 mandates limited jitter buffer delay. 
When packets arrive with excessive jitter, they are subject to being discarded by the receiver UE, e.g., compliance test criteria in Section 8.2.3.2.3 of [2] uses 1% as the maximum discarding rate for the specified test profiles. The related spec text from [2] is copy-pasted in [2] and highlighted in green color.
Observation 5 Packets with excessive jitter are subject to being discarded. 

It is obvious that longer jitter buffer results in shorter jitter and longer delay. So we cannot get both “shorter jitter” and “shorter delay” simultaneously for a given packet jitter and delay condition. We have to balance the jitter and delay metrics when determining a proper jitter buffer delay and packet discarding rate at jitter buffer. The [2] provides the minimum mandatory compliance test criteria with explicit values for jitter delay and packet discarding rate, and optional guidelines without explicit values for jitter delay and packet discarding rate. Hence, we have the following observation.
Observation 6 UE determines VoLTE jitter buffer time value and packet discarding rate at jitter buffer, as long as it meets minimum mandatory compliance test criteria in TS 26.114. 
4 Shorten CDRX cycle for degraded VoLTE calls

Based on the observations 1-6, when a VoLTE UE1 is in good coverage (usually configured with CDRX), if the far-end UE2 is in bad radio condition and has many retransmissions, the retransmissions can be discarded at receiver UE1’s jitter buffer due to high jitter. However, if the UE1 suggests the eNB to remove CDRX, jitter will be shortened, hence retransmitted packets may not be discarded by the receiver UE1, and coverage is enhanced. This is explained by Example 1 below.

Example 1: In Figure 1, UE1 is in good radio condition and configured with 40ms CDRX. UE2 is in bad radio condition and configured with no CDRX. The scenario in Figure 1 happens in the following sequence.

1. UE2 detects bad-radio condition (e.g., high BLER), it does many HARQ retransmissions, which cause high jitter at the receiver UE1. The retransmitted packets can be discarded at receiver UE1’s jitter buffer due to high jitter.
2. UE1 detects that VoLTE packet discarding rate or jitter buffer time is too large, hence it suggests eNB1 to de-configure CDRX. As a result, fewer retransmitted packets are discarded, hence coverage is enhanced at UE2. In addition, the packet discarding rate, E2E delay and jitter are all reduced.
3. UE2 detects that VoLTE packet discarding rate/jitter has dropped. UE2 may applies more HARQ retransmissions or eMTC techniques.
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Figure 1: Example 1 - UE1 shortening CDRX cycle for a degraded VoLTE call
Based on the analysis above, we have the following proposal.

Proposal 1 When configured with CDRX, the UE may indicate to the eNB a CDRX cycle value that is different than the configured CDRX cycle value. The eNB decides which C-DRX cycle to use. A prohibit timer is configured by the eNB to prevent the UE from sending the indication too often. 

To reduce signaling latency, we further propose below. This is because MAC layer signaling latency is shorter than RRC signaling and C-DRX operates at the MAC layer. So we think MAC layer signaling is better than RRC signaling in implementing Proposal 1. 

Proposal 2 The UE indicates C-DRX cycle length via a new MAC layer control element.

5 Shortening CDRX cycle creates delay/jitter budget
The WID objective 3 in [1] requires that the VoLTE E2E delay budget is available for degraded VoLTE calls due to bad radio coverage. This is not always the case. In fact, Section 3 shows that when a VoLTE UE suffers from bad radio coverage, more HARQ retransmissions are generally required, which results in longer delay and jitter. In Table 3 below, we analyze all possible scenarios where VoLTE calls are degraded by bad radio coverage. 

Table 3: A summary of VoLTE scenarios degraded by bad radio coverage
	
	Radio condition at UE1
	Radio condition at UE2
	Is VoLTE packet discarding rate (at jitter buffer) low enough to allow more retransmissions?

	Case 1
	Bad (no CDRX)
	Bad (no CDRX)
	No

	Case 2
	Bad (no CDRX)
	Bad (no CDRX)
	Yes

	Case 3
	Bad (no CDRX)
	Good (CDRX configured)
	No

	Case 4
	Bad (no CDRX)
	Good (CDRX configured)
	Yes

	Case 5
	Good (CDRX configured)
	Bad (no CDRX)
	No

	Case 6
	Good (CDRX configured)
	Bad (no CDRX)
	Yes


In Table 3 and in this paper, we assume that the eNB configures CDRX in good radio condition and no CDRX in bad radio condition. Although such an approach works in many cases, it is not good for Cases 3 and 5 in Table 3, where CDRX should not be configured for the UE with good radio condition. This is explained by Example 1 in Section 4.
Similarly, for Cases 4 and 6 in Table 3, E2E delay and jitter can be reduced if the UE in good coverage can suggest the eNB to shorten or remove CDRX, which can enable more retransmissions and eMTC repetitions in the far-end UE.

Based on the analysis above, we have the following observation.
Observation 7 Within 6 cases where VoLTE call quality is degraded due to bad radio coverage, 
· In 2 out of the 6 cases (Cases 3 and 5 in Table 3), delay budget can be enabled if the UE suggests the eNB to shorten CDRX cycle; 
· In 2 out of the 6 cases (Cases 4 and 6 in Table 3), more retransmissions and eMTC repetitions can be enabled if the UE suggests the eNB to shorten CDRX cycle. 

6 Conclusion 

Based on the Observations in this paper, we propose the following proposals: 

Proposal 3 When configured with CDRX, the UE may indicate to the eNB a CDRX cycle value that is different than the configured CDRX cycle value. The eNB decides which C-DRX cycle to use. A prohibit timer is configured by the eNB to prevent the UE from sending the indication too often. 

Proposal 4 The UE indicates C-DRX cycle length via a new MAC layer control element.
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8 Appendix A: Assumptions used in the simulations in Section 3

1. The UE always generates audio packet every 20ms.

2. The UE always gets enough DL and UL grants to carry any queued VoLTE Tx/Rx.
3. Overall audio frame processing (audio encoding/decoding) delay, including both sender and receiver, is 100ms.

4. The size of IP PDU containing one audio fame = 328bits.

5. C-DRX Configuration 

a) onDurationTimer: 4ms.

b) drx-InactivityTimer: 4ms.

c) drx-RetransmissionTimer: 4ms. 

d) longDRX-CycleStartOffset is modeled as a random variable with uniform distribution in the range between 0 and (DRX_Cycle - 1), which is configured by eNB at the beginning of the simulation and not changed afterwards.

6. The network topology is UE1 <--> eNB1 <--> core network <--> eNB2 <--> UE2. 
7. The core network backhaul delay is modelled as a random variable with uniform distribution in the range [15, 35]ms.

8. The time offset between the first audio packet generation time and the first CDRX active TTI is modeled as a random variable with uniform distribution between 0 and (DRX_Cycle - 1), which is determined at the beginning of the simulation and not changed afterwards in the same run of simulation. It changes in different runs of the simulation.

9. The audio replay delay (due to de-jitter processing) is 60ms for 40ms DRX cycle. 

10.  Each scenarios of the simulation are run 10 times with different random seeds.

9 Appendix B: VoLTE jitter buffer management compliance test requirement from TS 26.114 V8.2.0
8.2.3.2
Objective performance requirements

8.2.3.2.1
General

The objective performance requirements consist of criteria for delay, time scaling and jitter-induced concealment operations.

The objective minimum performance requirements are divided into three parts:

1.
Limiting the jitter buffering time to provide as low end-to-end delay as possible.

2.
Limiting the jitter induced concealment operations, i.e. setting limits on the allowed induced losses in the jitter buffer due to late losses, re-bufferings, and buffer overflows.

3.
Limiting the use of time scaling to adapt the buffering depth in order to avoid introducing time scaling artefacts on the speech media.

In order to fulfil the objective performance requirements, the JBM under test needs to pass the respective criteria using the six channels as defined in clause 8.2.3.3. Note that in order to pass the criteria for a specific channel, all three requirements must be fulfilled.

8.2.3.2.2
Jitter buffer delay criteria

The reference delay computation algorithm in Annex D defines the performance requirements for the set of delay and error profiles described in clause 8.2.3.3. The JBM algorithm under test shall meet these performance requirements. The performance requirements shall be a threshold for the Cumulative Distribution Function (CDF) of the speech-frame delay introduced by the reference delay computation algorithm. A CDF threshold is set by shifting the reference delay computation algorithm CDF 60 ms. The speech-frame delay CDF is defined as:


P(x) = Probability (delay_compensation_by_JBM ≤ x)

The relation between the reference delay computation algorithm and the CDF threshold is outlined in figure 8.2.
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Figure 8.2: Example showing the relation between the reference delay algorithm
and the CDF threshold - the delay and error profile 4 in table 8.1 has been used

The JBM algorithm under test shall achieve lower or same delay than that set by the CDF threshold for at least 90 % of the speech frames. The values for the CDF shall be collected for the full length of each delay and error profile. The delay measure in the criteria is measured as the time each speech frame spends in the JBM; i.e. the difference between the decoder consumption time and the arrival time of the speech frame to the JBM.

The parameter settings for the reference delay computation algorithm are:

-
adaptation_lookback = 200;

-
delay_delta_max = 20;

-
target_loss= 0.5.

8.2.3.2.3
Jitter induced concealment operations

The jitter induced concealment operations include:

-
JBM induced removal of a speech frame, i.e. buffer overflow or intentional frame dropping when reducing the buffer depth during adaptation.

-
Deletion of a speech frame because it arrived at the JBM too late.

-
Modification of the output timeline due to link loss.

-
Jitter-induced insertion of a speech frame controlled by the JBM (e.g. buffer underflow).

Link losses handled as error concealment and not changing the output timeline shall not be counted in the jitter induced concealment operations.

Jitter loss rate = JBM triggered concealed frames / Number of transmitted frames

The jitter loss rate shall be calculated for active speech frames only.

NOTE:
SID_FIRST and SID_UPDATE frames belong to the non-active speech period, hence concealment for losses of such frames should not be included in the statistics.

The jitter loss rate shall be below 1% for every channel measured over the full length of the respective channel. The value of 1 % was chosen because such a loss rate will usually not significantly reduce the speech quality.

8.2.3.3
Delay and error profiles

Six different delay and error profiles are used to check the tested JBM for compliance with the minimum performance requirements. The profiles span a large range of operating conditions in which the JBM shall provide sufficient performance for the MTSI service. All profiles are 7 500 IP packets long.

Table 8.1: Delay and error profile overview - The channels are attached electronically

	Profile
	Characteristics
	Packet loss rate (%)
	Filename

	1
	Low-amplitude, static jitter characteristics, 1 frame/packet
	0
	dly_error_profile_1.dat

	2
	Hi-amplitude, semi-static jitter characteristics, 1 frame/packet
	0.24
	dly_error_profile_2.dat

	3
	Low/high/low amplitude, changing jitter, 1 frame/packet
	0.51
	dly_error_profile_3.dat

	4
	Low/high/low/high, changing jitter, 1 frame/packet
	2.4
	dly_error_profile_4.dat

	5
	Moderate jitter with occasional delay spikes, 2 frames/packet (7 500 IP packets, 15 000 speech frames)
	5.9
	dly_error_profile_5.dat

	6
	Moderate jitter with severe delay spikes, 1 frame/packet
	0.1
	dly_error_profile_6.dat


The attached profiles in the zip-archive "delay_and_error_profiles.zip" are formatted as raw text files with one delay entry per line. The delay entries are written in milliseconds and packet losses are entered as "-1". Note that when testing for compliance, the starting point in the delay and error profile shall be randomized.

8.2.3.4
Speech material for JBM minimum performance evaluation

The files described in table 8.2 and attached to the present document in the zip-archive "JBM_evaluation_files.zip" shall be used for evaluation of a JBM against the minimum performance requirements. The data is stored as RTP packets, formatted according to "RTP dump" format [41]. The input to these files is AMR or AMR-WB encoded frames, encapsulated into RTP packets using the octet-aligned mode of the AMR RTP payload format [28].

Table 8.2: Input files for JBM performance evaluation - The files are attached electronically

	Codec
	Frames per RTP packet
	Filename

	AMR (12.2 kbps)
	1
	test_amr122_fpp1.rtp

	AMR (12.2 kbps)
	2
	test_amr122_fpp2.rtp

	AMR-WB (12.65 kbps)
	1
	test_amrwb1265_fpp1.rtp

	AMR-WB (12.65 kbps)
	2
	test_amrwb1265_fpp2.rtp
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UE2 (Bad radio condition)
May apply more retransmissions or repetitions. The eNB originally configured no CDRX due to bad radio quality.



