3GPP TSG RAN WG1 Meeting #87	R1-1611264
Reno, USA 14th - 18th November 2016


Agenda item:	6.2.8.4
Source: 	Sequans Communications
Title: 	VoLTE with Cat-M1 – overview 
Document for:	Discussion  
1. Introduction
Although Rel-13 Cat-M1 is limited in its coverage and complexity, it does support VoLTE service already. Still, since it is more limited than a normal UE, in order to be configured properly with VoLTE it is important to examine the parameters that affect the PHY layer. 
In addition, to further improve this service for Cat-M1 in Rel-14, the feMTC work item contains VoLTE enhancement as one of its objectives. 
In this contribution we describe what we believe would be the proper configuration so that VoLTE could operate efficiently both with Rel-13 and with Rel-14 enhancements. 
2. Codec Selection
Different voice codecs offer different levels of compression, quality, processing delay, complexity etc. Codec selection is outside of RAN1 functionality; however specifically for Cat-M1 which is low-complexity, it is better to compare requirements between different codecs to understand the limitations. 
The common codes used in 3GPP are AMR family, offering range of modes (bit-rates) between 4.75 to 12.2 kbps (AMR) and 6.6 to 23.85 kbps (AMR-WB). Another codec that was developed by 3GPP in Rel-12 is EVS with improved quality and good compression rates [4]. For low-complexity MTC and IoT applications our assumption is that we do not seek for codec with superior voice quality, but one that satisfies and can be used in a robust manner.  
A first criterion to consider is which bit-rate is supported. Higher encoded bit-rate is translated to a larger payload and reduction in coverage for UEs with limited channel bandwidth of 6 RB. In this sense it would be safe to assume that VoLTE will be robust with modes not beyond that are offered by AMR 6.7kbps, AMR-WB 6.6kbps or EVS 7.2kbps. More on this is described in Section 4. 
A second criterion is the implementation complexity. Here, we can see difference between EVS and AMR-WB where especially the memory footprint requirements for EVS are more demanding than what is required for AMR-WB [5][6]. This is described in Table 1. 
[bookmark: _Ref464652366]Table 1 – complexity/memory comparison between EVS and AMR
	 
	Complexity [wMOPS]
	RAM [KWords]

	EVS
	85.9
	175

	AMR-WB
	38
	5.3



Since scaling the memory of a low-complexity UE too much just to support a specific codec is unlikely, we tend to see AMR-WB 6.6kbps as a preferred codec choice for Cat-M1. 
Conclusion: between AMR and EVS, AMR-WB 6.6kbps is a preferred codec choice in terms of quality, coverage and implementation complexity. 
3. Packet Aggregation
 For the codecs mentioned previously, during voice activity the speech frames are generated @ 20ms (during silent periods @ 160ms). A standard approach by MAC layer would therefore be to schedule VoLTE transport block every 20ms.  For HD-FDD this would not be an ideal choice, especially in limited coverage.  One reason is because of guard-subframe overhead – this is shown in Figure 1 with 10% overhead (grey block to describe 1ms guard-subframe). 
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[bookmark: _Ref465327248]Figure 1 - scheduling VoLTE for HD-FDD every 20ms
Second reason to avoid 20ms scheduling is that UE would not be able to benefit fully from the delay budget to maximize its coverage. This is also shown in Figure 1 where we assume delay budget of ~50ms. The initial transmission is sent with R < 20 repetitions (UL#1 for example). If UL#1 is not detected correctly, the budget window is not large enough to send also UL#2 with R repetitions and to send UL#1 re-transmission. 
For full-duplex UE and with legacy TTI bundling this is not an issue, because the bundle size is only 4 and it is simple to interleave re-transmission with new-transmissions within the delay budget. If we adopt the same approach to HD-FDD (setting R=4), there will be unacceptable overhead of guard-subframe. This means we will not reach the same coverage level.   
The alternative is to aggregate more than one speech frame before each transmission. This will mean that payload is approximately doubled but switch overhead is reduced and for a given delay – a larger repetition number can be used. Under RAN2 SI on VoLTE enhancements, two types of packet aggregation were considered [1]: RAN aggregation and packet encapsulation. Packet encapsulation is more compact and efficient and is already supported as described in section 3.2.5 of [2] – 
“The UE and the entities in the IMS core network that terminates the user plane must request to receive one speech frame encapsulated in each RTP packet, but must accept any number of frames per RTP packet, up to the maximum limit of 12 speech frames per RTP packet.”

Which means the receiving end would ask for one but can expect/support up to limit of 12 frames per packet. Beyond aggregation of 2 speech frames, although more efficient in terms of headers overhead, it requires larger delay budget from the network and the payload per-transmission becomes quite large. For example, from [1] – if 3 speech frames are aggregated it requires delay budget of 3*20 = 60ms. Also, the resulted TBS will be larger than 600 bits which will result in too high coding rate. 
 Conclusion: application encapsulation of 2 speech frames (40ms aggregation) is preferred for Cat-M1. 
4. Transport block size calculation
Based on the conclusions in section 3 and Section 4, we can calculate the expected TBS for Cat-M VoLTE. In [1] RAN2 provided a calculation for the TBS when focusing on normal UE which is not limited in its TBS.  If we focus on Rel-13 eMTC and Rel-14 feMTC with TBS limited to 1000 bits, a more proper configuration could easily result in a smaller TBS. 
In this section we provide our view on what we think is the right way to go. In Table 2 we compare the transport block components from [1] between EVS 7.2kbps and AMR-WB 6.6kbps when a low-complexity UE in mind. For both we consider application encapsulation level of 2. 
[bookmark: _Ref464642459]Table 2 – calculation of expected TBS for EVS/AMR-WB transmission with aggregation of 2 speech frames
	Codec
	RAN aggregation 
	Application encapsulation 
	Payload (Note 1)
	RTP header (ROHC)
	PDCP
(Note 2)
	RLC
(Note 3)
	MAC
	BSR
(Note 4)
	PHR
	Inter tx time (ms)
	Total (bytes)
	TBS (bits) 

	EVS 7.2kbps
	1
	2
	19*2
	3
	2
	2
	1
	4
	2
	40
	52
	416

	AMR-WB 6.6kbps
	1
	2
	35
	3
	1
	1
	1
	2
	2
	40
	45
	360



Note 1:	AMR and EVS are encapsulated differently. AMR is described in section 4.3 of [3]: 
CMR (4 bits) + ToC (6 bits per AMR frame → 12 bits for two frames) + speech data (132 bits for AMR-WB 6.6kbps → 264 bits for two frames) = total 280 bits = total 35 bytes 

Note 2:	short PDCP header is more suitable for voice = 1 byte

Note 3: 	short SN is more suitable for voice, no need for long SN = 1 byte

Note 4: 	MTC or IoT devices are not expected to have many bearers. Short BSR is enough = 2 bytes   

Summing up the components of the table we see that TBS of 360 bits is needed to accurately carry 2 aggregated AMR-WB 6.6kbps frames at application level. This exact TBS value is currently not supported. With maximum 6 PRB allocations the nearest TBS values are 392 bits (3 or 4 PRB) and 408 bits (6 PRB). 
For DL, the TBS is smaller since no PHR or BHR are sent and therefore it is 328 bits (1 to 6 PRB).
 Conclusion: For evaluation of AMR-WB 6.6kbps with 2 speech frames aggregated - 
· UL TBS would be 392 or 408 bits.  
· DL TBS would be 328 bits. 
5. SPS vs non-SPS based
[bookmark: _GoBack]Since VoLTE data frames are generated periodically, it is natural to consider SPS for both DL and UL. SPS is efficient in terms of signaling and for the half-duplex UE it allows to benefit from more repetitions. This is exampled in the figure below where DL and UL SPS can be configured with 40ms period, with 8 repetitions for PDSCH and 32 repetitions for PUSCH (up to puncturing guard-subframe and ACK). 
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Figure 2 - scheduling VoLTE for HD-FDD every 40ms with SPS
With SPS configuration and no MPDCCH, there is no delay due to cross-subframe scheduling (which would reduce the PDSCH repetitions). Also all 6 PRB could be used for unicast transmission. 
On the other hand, compared to dynamic scheduling, SPS is not flexible for the following cases:
· Adjusting number of repetitions
· Adjusting MCS to transmit non-periodic data + VoLTE data in the same TB
· Adjusting MCS to transmit measurement reports, RRC signalling, etc. 
· Scheduling a re-transmission when delay budget is large enough
Both cases are relevant and therefore both should be considered. Since non-SPS case is more sensitive to scheduling constraints, it should be prioritized when considering enhancements. 
Conclusion: when considering enhancements for VoLTE, priority should be towards non-SPS 
6. ROHC 
ROHC is an efficient algorithm for compressing IP, UDP, RTP headers. It is in particular useful with VoLTE because the IP header size is comparable or larger than the data payload (e.g. with IPv4 header size is 40 bytes, while the payload according to Table 2 is 35 or 38 bytes). 
During VoLTE session, most of the time ROHC state will be in full compression and will compress IP/UDP/RTP header up to minimum of 1 byte. Occasionally ROHC compression rate will be lower and it is common to say that on average the compressed headers occupy ~3 bytes.  In some occasions (e.g. HO), ROHC may have to reset and will send a full header. When full header is sent, the challenge is to fit uncompressed IP/UDP/RTP along with the voice payload and keeping TBS below 1000 bits. We assume - 
· In case of IPv4 the uncompressed header size will be 40+8+12 bytes = 480 bits
· In case of IPv6 the uncompressed header size will be 60+8+12 bytes = 640 bits
As described above, total TB size is 360 bits for aggregation of 2 packets. When sent with non-compressed ROHC it will end in TBS of 840 bits for IPv4 or 1000 bits for IPv6. 
One solution that can be adopted in this case, since the TBS is quite large, is to segment the large packet at RLC level into 2. If small number of repetitions is used, both segments can be sent. Otherwise, this means that some of the speech samples are pushed out and there will be some quality loss but not connection loss. The impact of this loss is expected to be relatively minor with the events of ROHC reset are infrequent (<1% according to internal MDT). 
With Rel-11 “ROHC context continuation” feature, ROHC context is even not reset during HO and the events of sending full ROHC header are even rarer than that. 
Conclusion: the requirement for VoTLE are not dominated by the occasions of uncompressed RoHC
7. Conclusions
In this paper we mentioned several topics related for VoLTE, and described what is a proper configuration of these when VoLTE is used with Cat-M1. We drew the following conclusions: 
1) between AMR and EVS, AMR-WB 6.6kbps is a preferred codec choice in terms of quality, coverage and implementation complexity. 

2) application encapsulation of 2 speech frames (40ms aggregation) is preferred for Cat-M1. 

3) For evaluation of AMR-WB 6.6kbps with 2 speech frames aggregated - 
· UL TBS would be 392 or 408 bits.  
· DL TBS would be 328 bits. 
4) when considering enhancements for VoLTE, priority should be towards non-SPS 

5) the requirement for VoTLE are not dominated by the occasions of uncompressed ROHC
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