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1 Introduction
During RAN2#48, Orange has introduced a VoIP RAB combination for multiplexed RTP and RTCP flows. In RAN2#49, the VoIP RAB combination was modified in order to be relevant with the different modes of operation of Release 5 and Release 6 RLC w.r.t. the handling of Length Indicators in RLC UM. 
The Release 6 VoIP RAB combination is characterised by 39.2 kbps PS RAB for multiplexed RTP/RTCP, 8 kbps PS RAB for SIP and 3.4 kbps SRB. The downlink physical channel is characterised by the use of the fixed position (of DTX bits) algorithm of rate matching.
This contribution aims at showing that a further optimised VoIP RAB combination may be obtained thanks to the use of the flexible position algorithm of rate matching and the sharing of physical channel resources by the transport channels associated to RTP/RTCP, SIP and SRB flows.

2 Discussion
2.1 Working assumptions

2.1.1 RTP, RTCP, SIP payload sizes
During RAN2#48 meeting (August 2005), Orange has introduced a VoIP RAB combination for multiplexed RTP and RTCP flows. The following assumptions were taken w.r.t. RTP, RTCP and SIP payload [1].

For RTP payload, Orange assumes the use of:

· AMR narrowband mono-mode at 12.2 kbps as the VoIP codec. AMR narrowband multi-mode and AMR wideband mono/multi-mode are also considered for further RAB combinations;

· AMR payload is conveyed by RTP/UDP/IPv6;

· AMR flow is conveyed by RLC UMD PDUs;

· This leads to an RTP payload of 32 Bytes (256 bits), generated every 20ms.

For SIP payload, Orange has provided information on the average data volume exchanged during a SIP session establishment and a SIP session release:

· For SIP session establishment, 12 SIP messages are exchanged between the UE and the SIP server (located in the IMS domain of the core network);

· For SIP session release, 2 messages are exchanged between the UE and the SIP server;

· SIP messages are conveyed by UDP/ IPv6;

· SIP flow is conveyed by RLC AMD PDUs i.e. retransmissions are performed at RLC level;

· Orange assumes no ROHC compression is applied to the UDP/IPv6 header;

· The total data volume including all SIP messages and UDP/IPv6 headers is in the order of magnitude of 9000 Bytes (SIP session establishment) and 1200 Bytes (SIP session release). 
The exact number of Bytes is not important; the order of value allows a first dimensioning of the RAB supporting SIP messages.

For RTCP payload, Orange has used information from Samsung [4] that leads to an estimation of the RTCP packet size:

· RTCP packet is conveyed by UDP/IPv6;

· RTCP flow is conveyed by RLC UMD PDUs i.e. no retransmission is performed at RLC level since the objective is to transmit RTCP in one transport block as quick as possible so that RTCP flow impacts as less as possible the transmission of RTP packets and RTCP feedback does not arrive to late to the RTP sender (i.e. when radio conditions have changed);

· Orange assumes no ROHC compression is applied to the UDP/IPv6 header;

· Orange assumes that the recommended RTCP bandwidth defined as 5% of RTP bandwidth including RTP/UDP/IP overhead is not applicable for the definition of RAB combinations;

· The resulting RTCP/UDP/IPv6 packet size is estimated to 130 Bytes (1040 bits).

2.1.2 ROHC header sizes

During RAN2#51 meeting (February 2006), Orange has recommended the use of ROHC O-Mode for VoIP support in UTRAN after the initialization phase (also called the transient state) i.e. during the steady state [2]. As a result, for ROHC compression, ROHC O-Mode is considered in this discussion. 
For ROHC headers, Orange assumes that several kinds of ROHC header formats are used:

· For transient state:

· IR format header = 67 Bytes (536 bits)

· 8 bits (CID) + 8 bits (packet format: 11111101) + 8 bits (ROHC profile: Profile 1) + 8 bits (CRC) + 36 * 8 bits (IPv6 static parameters) + 4 * 8 bits (UDP static parameters) + 4 * 8 bits (RTP static parameters) + 3 * 8 bits (IPv6 dynamic parameters) + 2 * 8 bits (UDP dynamic parameters) + 14 * 8 bits (RTP dynamic parameters with csrc list)

· IR-DYN format header = 23 Bytes (184 bits)

· Equal to IR format header minus static parameters

· 8 bits (CID) + 8 bits (packet format: 11111000) + 8 bits (ROHC profile: Profile 1) + 8 bits (CRC) + 3 * 8 bits (IPv6 dynamic parameters) + 2 * 8 bits (UDP dynamic parameters) + 14 * 8 bits (RTP dynamic parameters)

· For steady state:

· UO-0 format header = 4 Bytes

· 8 bits (CID) + 1 bit (packet format: 0) + 4 bits (SN) + 3 bits (CRC) + 16 bits (UDP Checksum)
· R-0 format header = 4 Bytes

· 8 bits (CID) + 2 bits (packet format: 00) + 6 bits (SN) + 16 bits (UDP Checksum)
· UOR-2 format header (without extension) = 6 Bytes 

· 8 bits (CID) + 3 bits (packet format: 110) + 6 bits (timestamp) + 7 bits (RTP SN) + 1 bit (extension bit: 0 without extension) + 7 bits (CRC) + 16 bits (UDP checksum)

Consequently, Orange assumes two kinds of ROHC headers for the RAB combinations:

· For transient state: 67 Bytes for IR header (with csrc list);

· For steady state: 6 Bytes for UOR-2 header (with UDP checksum) and 4 bytes for UO-0 packet (with UDP checksum).
2.1.3 MAC, RLC, PDCP header sizes
For protocol header sizes, Orange assumes the use of the MAC-d layer alone (i.e. without MAC-e/es or MAC-hs for the moment) and without multiplex of dedicated channels. Consequently, the MAC-d header is null [1].
RLC unacknowledged mode (UM) is considered with an RLC UM header of 1 Byte. Length indicator (LI)-based concatenation is assumed. In the case the RLC UM header was above 1 Byte (we assume up to 5 Bytes with length indicators and concatenation), the additional RLC UM header extensions would be considered as a payload.

Note that in Release 6, length indicators (LIs) are not required anymore when the RLC payload size fits exactly with a full RLC SDU (e.g. a single AMR Voice frame or AMR SID frame). Orange considers the Release 6 version of RLC in this contribution.

ROHC (RFC 3095) is assumed to be the only header compression mechanism (RFC 2507 is not used) and the PDCP header's PID is associated to the ROHC header's CID. Consequently, it is assumed that PDCP is used in "PDCP No-Header" mode i.e. PDCP header is null.

2.1.4 Summary of packet sizes
Consequently, hereafter are synthesized the packet sizes considered in this contribution for RTP flow.
	
	Size (Bytes)

	MAC-d
	0

	RLC UM
	1 (up to 5 with LI extensions and concatenation)

	PDCP
	0

	ROHC
	Transient state
	67 (IR with csrc list)

	
	Steady-state
	6 (UOR-2 with UDP checksum)

4 (UO-0 with UDP checksum)

	AMR-NB 12.2 kbps payload
AMR SID payload
	32

7

	MAC / RLC / PDCP / ROHC packet (header + AMR-NB 12.2 kbps payload including LIs)
	100 (IR)
39 (UOR-2)

37 (UO-0)


Table 1 Summary of packet sizes
2.2 Current VoIP RAB combinations
During RAN2#49 meeting (November 2005), Orange has introduced two VoIP RAB combinations in TR 25.993 with multiplexed RTP and RTCP flows. The first combination refers to Release 5 RLC [3] and the second one to the Release 6 version of RLC [4] (since the use of LIs is different between these two Releases).
The solution to multiplex RTP and RTCP flows on the same RAB is considered in this contribution as recommended by Orange. Then, it limits the number of allocated RAB (and then of PDP Context) per VoIP call and, if RTP is configured with or without RTCP, no modification is necessary concerning the RAB combination to be used.
As specified in TR 25.862, SIP flow is mapped onto a dedicated RAB. In fact, as all SIP messages for one UE are mapped on this RAB, the latter must be able to deal with SIP messages for the establishment of a SIP session while a VoIP call is active. 

The RAB currently proposed for SIP is an UL/DL 8kbps PS RAB. Orange now believes that this RAB is really small and its use could be critical in term of call establishment delay. A solution to this problem is to configure a RAB with higher throughput for SIP.

In order to reduce the complexity of the support of proposed VoIP RAB combinations Orange believes that it is necessary to reduce as much as possible the number of Transport Formats configured for each RAB. Indeed, the number of TFs highly impacts UTRAN implementations. Then, a choice must be done on the possible configurable Transport Formats (TFs) to limit the Transport Format Set (TFS) of each RB down to a value ranging from 2 to 5 Transport Formats.

3 Proposal

3.1 Overview of proposed optimisations

A VoIP RAB combination is already specified in order to support multiplexed RTP and RTCP on one RAB and SIP mapped on another RAB. 
However the bit rate allocated for SIP is believed to be critical. Indeed, it must be increased to reduce the call establishment duration. But, at the opposite, this increase shall not imply an additional consumption of radio resources. As the SIP signalling must be transmitted in priority and the majority of SIP messages are conveyed principally before and at the end of the transmission of RTP packets, a way of improvement is to offer the radio resource (i.e. the physical channel) to the SIP flow (i.e. to the transport channel allocated to SIP) when it is not used by the RTP/RTCP flow (i.e. the transport channel allocated to RTP/RTCP) or to decrease momentarily the radio resource allocated to the RTP/RTCP flow in order to convey the SIP flow.
For this Orange proposes a new VoIP RAB combination in order to further optimise the reservation of the radio resources (i.e. the physical channel) so that  the Spreading Factor (SF) obtained for the proposed optimized VoIP RAB combination is equal to 64 on one physical channel or 128 on two physical channels. 
In order to deal with all these requirements, it is assumed that the system is compliant with the Rate Matching algorithm "flexible Position" and an adapted algorithm of TFS selection in RLC/MAC layer.
3.2 Principe of Rate Matching Flexible Position algorithm usage
The main interest of the flexible position algorithm of Rate Matching (compared to the fixed position algorithm) comes from its resources reservation method when specific combinations of Transport Formats are forbidden for a combination of Radio Bearers multiplexed on the same Physical Channel.
In fact, for fixed position transport channels, when the output of each transport channel are multiplexed in the same radio frame, the position and the separation of the different transport channel is the same in the frame. The limit in the frame between the different transport channels is computed for the maximum bit rate in the Transport Format Set.

Then, for flexible position transport channels, the bounds between the transport channels may vary. It has the advantage to provide more flexibility in case of limitation in the combination of transport format in the TFCS.

This is illustrated on an example in the following figure, where higher layers have put the restriction that two transport blocks from TrCH 1 can only be transmitted when the smaller transport block size is used on TrCH 2. Code resources can then be saved if the positions of the TrCHs in the radio frame are flexible.

Both the case with flexible and fixed positions are illustrated in this figure.
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Figure 1 Fixed vs. Flexible position algorithms
On this basis, Orange believes that it is very interesting to use this flexible position algorithm to deal with SIP and RTP/RTCP flows which have distinct characteristics (bursty or regular traffics) and needs in term of throughputs and delays.
3.3 Throughputs and transport formats needed for SIP and RTP/RTCP

Several throughputs are needed for SIP:

· A high throughput at call establishment: 24kbps proposed in this contribution;
· A minimum throughput during the call to deal with update of SIP session or establishment of other SIP sessions: 12kbps proposed in this contribution;
· No resources needed for most of the call duration: 0kbps proposed in this contribution.
Intermediate throughputs at 8 and 16 kbps are also proposed for SIP.

Several throughputs are needed for RTP/RTCP:

· A high throughput for the beginning of the call to deal with ROHC compression initiation (also referred to as transient state): 27.6kbps proposed in this contribution. This value is set in order to avoid switching to less efficient spreading factor (in terms of radio resource consumption) and to offer a reasonable bit rate to SIP signaling when the radio resource is used by the SIP flow (see below);
· A medium throughput when RTCP packets are sent in parallel with RTP packets: 18.8kbps proposed in this contribution;
· A minimum throughput when compressed RTP packets (from AMR payloads) are sent: 14.8kbps proposed in this contribution. This throughput is compliant with AMR WB 12.65 kbps and AMR NB 12.2 kbps;
· A minimum throughput when compressed RTP packets (from G.729 payloads) are sent: 10.8kbps proposed in this contribution. This throughput is compliant with G.729, which operates at 8 kbps;
· No resources needed when no RTP/RTCP packet is sent: 0kbps proposed in this contribution.

As a result, the following transport formats are proposed for the RTP/RTCP RAB and the SIP RAB:
	TF
	TB size (bits)
	Payload size (with 16 bits RLC AM header) (bits)
	Associated bit rate (with 40 ms TTI) (kbps)

	TF0        (1x)
	0
	0
	0

	TF1        (1x)
	336
	320
	8

	TF2        (1x)
	496
	480
	12

	TF3        (1x)
	656
	540
	16

	TF4        (1x)
	976
	960
	24


Table 2 Transport block sizes for SIP RAB
	TF
	TB size (bits)
	Payload size (with 8 bits RLC UM header) (bits)
	Associated bit rate (with 20 ms TTI) (kbps)

	TF0        (1x)
	0
	0
	0

	TF1        (1x)
	224
	216
	10.8

	TF2        (1x)
	304
	296
	14.8

	TF3        (1x)
	384
	376
	18.8

	TF4        (1x)
	560
	552
	27.6


Table 3 Transport block sizes for RTP/RTCP RAB
Some transport formats are also specified for the signaling radio bearers (SRBs).

In order to limit the reservation of resources (i.e. the total throughput) below or equal to 27.6 kbps (corresponding to SF = 64), some combinations of throughputs (also seen as Transport Formats) are forbidden:
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Figure 2 Forbidden combinations of throughputs

The benefit in term of reservation of resource for relatively high throughputs is achieved with this solution as the spreading factor obtained in downlink for the proposed RAB combination is 64 on one physical channel or 128 on two physical channels. 

3.4 Scenarios of application

Some scenarios of application are described in this section to show the benefit in term of throughput and use of resources of this solution. Hereafter is shown the set of allowed Transport Formats Combinations.
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Figure 3 Allowed transport format combinations
Based on this TFCS, an illustration of the behaviour of the proposed RAB combination is done for several cases of SIP and RTP/RTCP flows needs.
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Figure 4 Illustrated behaviour
From previous illustrated behaviour, we can see that the total throughput from SIP and RTP/RTCP flows does not exceed 27.6 kbps. When a SIP flow has to be conveyed, the throughput allocated to RTP/RTCP flow is decreased. Then, when there is no more SIP flow to convey, the throughput allocated to RTP/RTCP flow is increased at a value higher than needed in order to release the potential delay on RTP packets (due to previously decreased throughput) during the following TTIs.
4 Conclusion

This contribution has shown that a further optimised VoIP RAB combination could be obtained thanks to the use of the flexible position algorithm of rate matching and the sharing of physical channel resources by the transport channels associated to RTP/RTCP, SIP and SRB flows.

Thus, it allows offering higher bit rate for SIP signalling by taking advantage of e.g. idle transmissions of RTP/RTCP flows and leading to improved session setup delays, lower spreading factors (64 with one physical channel and 128 with two physical channels) and this, without introducing too significant delays on RTP flow.
If discussed and agreed by RAN2, Orange suggests including the further optimised VoIP RAB combination described in present contribution to TR 25.993. The change request is proposed for Release 6 onward in R2-062250.
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