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1 Introduction

In 2005, operators such as Orange have provided their view on the support of VoIP in UTRAN over dedicated channels but also over HSPA channels [1]. Orange proposed some RAB combinations for VoIP over dedicated channels with multiplexed RTP / RTCP flows [2] whereas Samsung covered separate RTP / RTCP flows and Ericsson / Nortel / Nokia covered VoIP over HSPA channels. In addition, some ROHC performance tests were defined by RAN2 for ROHC compressor [5]. As a result, in 2006, operators were quite confident in the support of VoIP in UTRAN from Release 5 to Release 6 and beyond. 

Present paper aims at providing operators' view on the support of voice in E-UTRAN.
2 Positions
2.1 Voice call

In LTE / SAE system, the voice call service is considered as essential by operators. Since such system only interacts with a packet core network, voice call service is provided based on VoIP codecs and protocols suites. 
When voice call service is offered and controlled by the operator thanks to the IMS domain, it is referred to as "operator controlled Rx service" whereas when voice call service is offered and controlled by a third-party (i.e. without the IMS domain), it is referred to as "operator controlled Gx only service" in TR 23.882 [6].
Note: 
Orange considers that LTE / SAE's voice call service is controlled by the operator thanks to the IMS domain. It is for further study (FFS) whether voice call service may be controlled without the IMS domain.
Note:

In Release 7, the IMS domain entry points are the Gi interface (between the GGSN and the P-CSCF) for SIP signalling messages and the Gx interface (between the PCEF of the GGSN and the PCRF) for Policy and Charging Control (PCC). The PCRF is connected to the application function (AF) of the P-CSCF through the Rx interface. 

In LTE/SAE system, the IMS domain entry points are the SGi interface (between the Evolved Packet Core (EPC) and the P-CSCF) for SIP signalling messages and the S7 interface (between the PCEF of the EPC and the PCRF).
2.2 Codecs

Several codecs and codec modes where defined for CS voice support in UTRAN and were re-used in the scope of VoIP support in UTRAN. They are summarised in table below.
	Codec
	Mode
	Bit rate (kbps)
	Frame size
 (Bytes)
	Frame interval (ms)
	Voice activity detection (VAD)
	Unequal Error Protection (UEP)
	VoIP usage

	AMR
	0
	4.75
	14
	20
	Yes 
	Yes
	UL DCH / HS-DSCH + HSPA

	
	1
	5.15
	15
	
	
	
	None in TR 25.993 / TS 34.108

	
	2
	5.9
	16
	
	
	
	UL DCH / HS-DSCH + HSPA

	
	3
	6.7
	18
	
	
	
	None in TR 25.993 / TS 34.108

	
	4
	7.4
	20
	
	
	
	UL DCH / HS-DSCH + HSPA

	
	5
	7.95
	21
	
	
	
	None in TR 25.993 / TS 34.108

	
	6
	10.2
	27
	
	
	
	None in TR 25.993 / TS 34.108

	
	7
	12.2
	32
	
	
	
	UL DCH / DL DCH + UL DCH / HS-DSCH + HSPA

	
	8
	SID
	7
	160
	
	
	UL DCH / DL DCH + UL DCH / HS-DSCH + HSPA

	AMR-WB
	0
	6.60
	18
	20
	Yes
	Yes
	UL DCH / HS-DSCH + HSPA

	
	1
	8.85
	24
	
	
	
	UL DCH / HS-DSCH + HSPA

	
	2
	12.65
	33
	
	
	
	UL DCH / HS-DSCH + HSPA

	
	3
	14.25
	37
	
	
	
	None in TR 25.993 / TS 34.108

	
	4
	15.85
	41
	
	
	
	None in TR 25.993 / TS 34.108

	
	5
	18.25
	47
	
	
	
	None in TR 25.993 / TS 34.108

	
	6
	19.85
	51
	
	
	
	None in TR 25.993 / TS 34.108

	
	7
	23.05
	59
	
	
	
	None in TR 25.993 / TS 34.108

	
	8
	23.85
	61
	
	
	
	None in TR 25.993 / TS 34.108

	
	9
	SID
	7
	160
	
	
	UL DCH / HS-DSCH + HSPA


Table 1 AMR and AMR-WB codecs usage for VoIP over UTRAN

Position 1: we consider that LTE / SAE's voice call service shall interoperate without transcoding with UMTS voice call services. LTE / SAE's shall support voice coding format bitstream compatible with AMR and WB-AMR at all mandatory bit rates (AMR codec : SID, 4.75, 5.9, 7.4, 12.2 kbps and AMR-WB codec :SID, 6.6, 8.85, 12.65 kbps) for Evolved UE to Evolved UE calls as well as for Evolved UE to UMTS VoIP-able UE calls.
Note:
Previous bit rates for AMR and AMR-WB are considered as "default codec mode sets" by 3GPP SA4, within specification TS 26.114 "IMS multimedia telephony, handling and interaction (MTSI-HI)" [15].

Position 2 : we consider that possible enhancement of WB-AMR speech coding service should be investigated for Evolved UE to Evolved UE calls for improved voice call service (with for instance further enhancement of voice quality, support of superwideband or fullband voice, reduced delay etc…)

Position 3: we consider that the support of ITU-T G.729.1 codec should be investigated for both:

· narrowband interoperability, with "legacy" fixed G.729-based VoIP services, and;

· wideband interoperability, with fixed G.729.1-based VoIP services (in case AMR & WB-AMR are not supported). 

Position 4: we consider that the eNB is able to adapt to codec mode changes with limited MAC padding and RLC concatenation of SDUs for the same radio bearer without any interaction between rate adaptive codecs and the eNB scheduler.

2.3 Rate control

Position 5: we consider that a rate control solution is required in order to take account of the different codec modes. Several alternatives are under study within UMTS TEI7 [12] [13]. These alternatives should be investigated further in the scope of LTE / SAE system.
Note: 
Orange considers that the choice between rate control alternatives shall not restrict inter-operability between LTE and non-LTE terminals for the support of VoIP.
2.4 Unequal Error Protection (UEP)
Position 7: we consider that the support of UEP for LTE should be investigated.
2.5 Protocols
2.5.1 RTP, RTCP

Position 8: we consider that voice frames (speech and silent frames) are supported on top of:

· RTP. RTCP feedbacks are supported as well.

· UDP. UDP-Lite support is FFS;

· IPv6 and IPv4;

· PDCP including ROHC protocol.

2.5.2 ROHC

Position 9: we consider that ROHC protocol supports:

· Profile 1 to 4. Additional profiles (e.g. for UDP-Lite) are FFS.
Note:

Several profiles have been specified by IETF. They are summarised below.
	Solution
	Compressed header(s)
	Comments

	[RFC-3095]
	Depends on the ROHC profile:

· Profile 0: no compression

· Profile 1: IPv4-6/UDP/RTP

· Profile 2: IPv4-6/UDP

· Profile 3: IPv4-6/ESP

· Profile 4: IPv4-6
	ROHC basic profiles

	[RFC-4362]
	· Profile 5: LLA U/O for IP/UDP/RTP
	ROHC additional profiles

	[RFC-4019]
	· Profile 7: IP/UDP-Lite/RTP

· Profile 8: IP/UDP-Lite
	


Table 2 ROHC profiles

Note:

Ericsson and Siemens / Roke Manor have proposed Profile 6 "ROHC-TCP" within IETF. In addition, new profiles are being defined by IETF in the scope of "ROHCv2" [16].
2.5.3 SIP

Position 10: we consider that SIP signalling is supported on top of:

· UDP;

· IPv6 and IPv4;

· PDCP.
Position 11: we consider that compression mechanisms (e.g. SigComp) of SIP signalling should be investigated. However, RAN2 is not the most appropriate group to decide on such mechanisms.
2.6 VoIP flows
2.6.1 Number of SAE bearers (implicitly radio bearers)

TR 25.862 recommends that SIP signalling is supported on a separate RAB. In other words, one RAB is allocated to SIP signalling and one or two RABs are allocated to RTP / RTCP flows (multiplexed or not on the same RAB).
Position 12: we consider that LTE / SAE's voice call service will be based on two SAE bearers:

· One bearer for the codec on top of RTP, multiplexed with RTCP feedback;

· Another bearer for SIP signalling.
2.7 Transport bloc sizes

2.7.1 Limited number of transport blocks sizes
Position 13: we consider that the number of transport block sizes shall be limited and allows all codec types with compressed / uncompressed header to be supported (with padding and concatenation). The order of magnitude could be around 10 transport block sizes relevant of SID and three codec rates of AMR / WB-AMR codec formats.
2.7.2 Padding and concatenation

Position 14: we consider that RLC concatenation of SDUs for the same radio bearer is used so that RTP and RTCP may be multiplexed on the same SAE bearer.

Position 15: we consider that MAC padding is used so that all packet sizes may be supported by the limited set of transport blocks.
Note:

During RAN2#57 meeting, it was agreed that MAC padding was possible in principle [17] and the FFS was removed from TS 36.300 accordingly [9].

In addition, TS 36.300 specifies that the main services and functions of the RLC sub-layer includes "Concatenation of SDUs for the same radio bearer" [9].
2.8 QoS

2.8.1 Delays
During RAN2#53bis, SA4 has provided some requirements for real-time IP-based services support by E-UTRAN that are derived from the requirements over UTRAN [7]. The guidelines on supported end-user QoS are included in TS 22.105 [3]. 
For each typical application, more information may be found in dedicated specifications: for VoIP, see below.
	Application
	Specifications
	Residual BER
	SDU error ratio
	Transfer delay

	VoIMS (VoIP)
	TS 26.236 Annex B [4]
	10-5
	7*10-3
	100 ms


Table 3 SA4 requirements for VoIP
After RAN2#56bis, RAN2 has sent an LS to SA2 and SA4 w.r.t. optimized voice scheduling in LTE. Question 6 refers to the figure of 100 ms for VoIMS and RAN2 would like to understand what the one-way transport delay budget would be for voice traffic in E-UTRAN while still resulting in acceptable MOS.

During RAN2#57, SA4 has replied that nothing has been defined yet in the scope of LTE / SAE with regards to the delay requirements [15].

2.8.2 QoS parameters
Position 16: we propose a dedicated label for SIP signalling that operates in the same manner as UTRAN's "signalling indicator". 

Note:

During RAN2#54, Ericsson has proposed the following mapping of VoIP and SIP flows on SAE / LTE QoS parameters such as the bearer type, the label, the MBR, the GBR and the ARP [11]. 

In addition, an example of mapping on "eNB packet delay budget" and "loss tolerance" was proposed during the RAN2#57 joint meeting with RAN3 and SA2 [18].
	Bearer type
	QoS parameters
	Services

	
	Label
	MBR
	GBR
	ARP
	"eNB packet delay budget"
	"Loss tolerance" (non congestion-related packet loss rate)
	

	GBR
	
	Equal to GBR
	Equal to fixed source rate
	
	Low (<50ms) / medium (<100ms) / high (<1000ms)
	High (< 10^-3)
	Fixed low rate

VoIP / Video streaming (live)

	GBR
	
	> GBR
	> fixed source rate
	
	
	
	Multi-layer streaming (with I- and P-frames)

	GBR / Non-GBR
	
	< source rate

> GBR
	< source rate
	
	
	
	Unfriendly sources with denial of service that should be handled by rate policing

	Non-GBR
	High priority (0)
	
	N/A
	
	Low (<50ms)
	Low (< 10^-6)
	Very low rate

Non rate adaptive

SIP sig. / RRC sig.

	Non-GBR
	
	
	N/A
	
	
	
	High rate

Rate adaptive

Internet applications (Web, FTP…)


Table 4 Ericsson's examples of association between services and QoS parameters
Note: 
Orange is currently evaluating some QoS parameters for the SAE bearers allocated to SIP signalling and multiplexed RTP/RTCP. In first approach, Orange considers that:

- the SAE bearer allocated to SIP signalling is non-GBR type with lower priority (label) compared to NAS and RRC signalling and higher priority compared to any other traffic. Setting the MBR and ARP parameters is FFS;

- the SAE bearer allocated to VoIP (i.e. multiplexed RTP/RTCP flows) is GBR type with lower priority (label) compared to SIP signalling and higher priority compared to any other traffic. The MBR should be set to a range of magnitude corresponding to highest known codec mode (e.g. AMR-WB 23.85 kbps), on top of RTP/UDP/IPv6, uncompressed or when ROHC is in transient state (IR packet). Setting the GBR and ARP QoS parameters is FFS.

2.9 Scheduling, mobility, security
These topics are important for VoIP support in E-UTRAN and are still FFS.
3 Conclusion
Orange has presented an operator's vision on the voice support in E-UTRAN in order to help RAN2 to progress.

Orange would like RAN2 to evaluate the positions provided in the paper and decide which ones are acceptable for the whole group. The positions are summarised in Annex.
If RAN2 agrees on some positions, Orange will be happy to provide text proposal for section 23.1 "support of real time IMS services" of specification TS 36.300 [9].

4 Annex

	Position
	Description
	Accepted
	Not accepted

	1
	Voice service interoperate without transcoding with UMTS voice service (voice coding format bitstream compatible with AMR and WB-AMR at all mandatory bit rates )
	
	

	2
	Enhancement of WB-AMR speech coding service for improved voice call service should be investigated 
	
	

	3
	The support of G.729.1 should be investigated for both narrowband interoperability with "legacy" fixed G.729-based VoIP services and wideband interoperability with fixed G.729.1-based VoIP services (in case AMR & WB-AMR are not supported)
	
	

	4
	The eNB is able to adapt to codec mode changes with limited padding and concatenation without any interaction between rate adaptive codecs and the eNB scheduler
	
	

	5
	Rate control is required to account of different codec modes. The rate control solution is FFS
	
	

	7
	The support of UEP should be investigated
	
	

	8
	Voice frames are supported on top of RTP (+RTCP) / UDP (UDP-Lite FFS) / IPv6 and IPv4 / PDCP (including ROHC)
	
	

	9
	ROHC protocol supports profiles 1 to 4 (additional profiles e.g. for UDP-Lite are FFS)
	
	

	10
	SIP signalling is supported on top of UDP / IPv6 and IPv4 / PDCP
	
	

	11
	SIP signalling compression mechanisms should be investigated
	
	

	12
	One SAE bearer is allocated to multiplexed RTP / RTCP and another SAE bearer is allocated to SIP signalling
	
	

	13
	The number of transport block sizes shall be limited and allows all codec types to be supported (with MAC padding and RLC concatenation of SDUs for the same radio bearer)
	
	

	14
	RLC concatenation of SDUs for the same radio bearer is used so that RTP and RTCP may be multiplexed on the same SAE bearer
	
	

	15
	MAC padding is used so that all packet sizes may be supported by a limited set of transport blocks
	
	

	16
	One label is dedicated for SIP signalling and operates in the same manner as UTRAN's "Signalling indicator"
	
	


Table 5 Orange positions' summary
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