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1. Introduction
France Telecom has evaluated the impacts of real-time IMS services such as Voice over IP (VoIP) in UTRAN for a long time. 
In 2003, France Telecom has suggested in 3GPP SA4 a test methodology for the support of narrowband AMR over the PS domain of the core network [12]. More recently, Orange has supported the Work Item for testing the IMS call control in 3GPP RAN [14]. On July 2005, Orange has positioned on the VoIP open issues on the 3GPP RAN2 reflector [13]. Besides, France Telecom is currently leading some studies in the scope of a French governmental project called COSINUS. 
The first conclusions of theses studies, correlated with the follow-up of 3GPP RAN2 open issues (and other 3GPP working groups open issues), have led France Telecom to the following conclusion: the current VoIP RAB combinations defined within TS 34.108 are not optimal. 
Consequently, Orange has listed some assumptions in present document that allow the submission of a more optimised VoIP RAB combination. Indeed, an optimised support of VoIP over UTRAN is crucial for Operators.
2. Discussion
1.1 Working assumptions to support VoIP in UTRAN
Transport channel for VoIP in UTRAN:
The candidate transport channel for VoIP in UTRAN is the UL/DL DCH for the moment. Orange will also consider E-DCH/HS-DSCH later on, through the Release 7 work item.

	Transport channel for VOIP
	Priority of standardisation

	UL / DL DCH
	First candidate

	E-DCH / HS-DSCH
	Second candidate


Table 1
Protocol header sizes:

Consequently, we assume 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.

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 is above 1 Byte (we assume up to 5 Bytes with length indicators and concatenation), the additional RLC UM header extensions are considered as a payload (assumption).
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 we assume that PDCP is used in "PDCP No-Header" mode i.e. PDCP header is null.
Orange assumes several kinds of ROHC header formats. ROHC header formats are detailed in Annex 3.

	Protocol header
	Size (Bytes)
	Size (bits)

	MAC-d
	0
	0

	RLC UM
	1 (up to 5 with LI extensions and concatenation)
	8

	PDCP
	0
	0

	ROHC
	Transient state
	66 (IR)

22 (IR-DYN)
	528
176

	
	Steady-state
	4 (UO-0, R-0 with UDP checksum)

6 (UOR-2 without extension & with UDP checksum)
	32

48


Table 2
Protocol payload size:

For RTP payload, Orange assumes the use of:

· AMR narrowband mono-mode at 12.2 kbps as the VoIP codec. We also envisage AMR narrowband multi-mode and AMR wideband mono/multi-mode 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 correlated information from 3 [1], Roke Manor [2] and section 7.2.2 from TS 24.228 [3]. We obtain 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:

· SIP session establishment: 9000 Bytes (instead of 7445 in the original proposal [1]);
· SIP session release: 1200 Bytes;
The exact number of Bytes is not important; the order of value allows the dimensioning of the RAB supporting SIP messages.

For RTCP payload, Orange has used information from Samsung [4] and from RFC 1889 (RTP) 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 as quickly as possible.

· The transmission delay + RLC buffering delay (called "total delay" in this paper) of the RTCP packet, shall be below or equal to the channel coherence time so that RTCP feedback does not arrive too late to the RTP sender (i.e. when radio conditions and radio bit rate have changed). Orange assumes that this total delay shall be strictly below 90 ms. We recommend a total delay, largely below 90ms in order to account of the different channel coherence times due to the variety of ITU channel models (Pedestrian 3 km/h…);
· Orange assumes, for the moment, 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;
· RFC 1889 says that active data transmitters (i.e. transmitters of RTP flows) send Sender Reports whereas passive data receivers (i.e. receivers of RTP flows) send Receiver Reports. Since the UE is an active data transmitter, Orange assumes that the UE only sends Sender Reports;
· When RTCP has to be transmitted simultaneously with an RTP packet, Orange assumes the worst case i.e. the RTP packet is an IR packet (see Annex 2 for details);
· The RTCP/UDP/IPv6 packet size is estimated to 130 Bytes (1040 bits) instead of 136 Bytes as proposed by [4]. Moreover, Orange adds the assumption that the "user and domain name" of the CNAME is composed of a 20 Bytes ASCII address. The details of each field of this packet are provided in Annex 1.
	Protocol
	Size (Bytes)

	RTP payload
	32 Bytes (for AMR 12.2 kbps codec)

	SIP/UDP/IPv6 data volume
	Exchanged during session establishment
	Around 9000 Bytes

	
	Exchanged during session release
	Around 1200 Bytes

	RTCP/UDP/IPv6 packet size
	130 Bytes


Table 3
RTP/RTCP separate RABs or common RABs:
Orange has compared two options suggested in TR 25.862 [5]:

· Separate RTP PS RAB and RTCP PS RAB;

· A multiplexed RTP/RTCP PS RAB.

Separate RTP/RTCP option:

In the case of separate RABs, the operator 3 has specified two RAB combinations for the DPCH within TS 34.108 [6]:
	Current RAB combinations for VoIP
	RAB combination number
	Specification / recommendation
	Release

	Conversational UL:42.8kbps DL:42.8kbps PS RAB (for RTP)

Interactive UL:16kbps DL:16kbps PS RAB (for RTCP)

Interactive UL:16kbps DL:16kbps PS RAB (for SIP)

UL:3.4kbps DL:3.4kbps SRB for DCCH
	#59 (proposal from 3)
	TS 34.108
	Release 5

	Conversational UL:42.8kbps DL:42.8kbps PS RAB (for RTP)

Interactive UL:16kbps DL:16kbps PS RAB (for SIP alone or multiplexed RTCP/SIP)

UL:3.4kbps DL:3.4kbps SRB for DCCH
	#60 (proposal from 3)
	TS 34.108
	Release 5


Table 4
In the first RAB combination, a minimum SF 16 is reserved in UL and SF 32 is reserved in DL. Moreover 16 kbps are reserved for RTCP feedback. In the RAB description, 8 bits are added for RLC header and 4 bits are added due to the multiplexing of two 16 kbps PS RABs onto the same DCH transport channel. Then, if we assume RTCP/UDP/IP packet size is 130 Bytes (1040 bits), then the RTCP/UDP/IP/RLC/MAC packet size is 1052 bits. The maximum transport format is TF2 (2 * 340 bits per 40ms TTI). Consequently, the RTCP information will not arrive before two TTIs, i.e. 80ms that is too close to the 90ms boundary of the "total delay" (if radio conditions have changed, RTCP feedback will likely be obsolete when arriving to the RTP sender) and RTCP transport is not optimal.
In the second RAB combination, a minimum SF 16 is reserved in UL and SF 32 is reserved in DL. Moreover, 16 kbps are reserved for:
· SIP alone without RTCP: in this case, there are two possibilities:

· RTCP is not used: according to 3GPP CT1, removing RTCP is not recommended, because it is too complex distinguishing the use of RTCP for point-to-point or point-to-multipoint services;
· RTCP is multiplexed with RTP: this case was not mentioned by 3 when suggesting the RAB [11]. Consequently, the support of RTCP was not considered.
· SIP multiplexed with RTCP: this option is not recommended by TR 25.862 that recommends using a dedicated RAB for SIP signalling. Consequently multiplexed SIP/RTCP is obsolete.
In this RAB combination, RTCP transport was not considered.
Multiplexed RTP/RTCP option:
Orange has made the assumption that RTCP packet has to be flown as quickly as possible (largely below the 90 ms boundary of the "total delay") and may arrive before or after an RTP packet. Using or not the same RAB for RTP and RTCP flows has an impact on this "total delay" that has been analysed by Orange in Annex 4. Orange has chosen to multiplex RTP and RTCP on the same RAB. 
Frequency of arrivals of RTCP packets:

According to the Appendix of RFC 1889 [9], the RTCP transmission interval may be computed as follows:

[RTCP transmission interval] = max {5 seconds; [RTCP packet size including UDP/IP header] * [Number of participants] / [RTCP bandwidth including uncompressed RTP/UDP/IP header]}

With:

· The RTCP packet size is 130 Bytes;
· The number of participants is 2;
· The RTCP bandwidth is 5% of the RTP bandwidth = 5% * (60 Bytes + 32 Bytes) / 20ms = 1.84 kbps.
So the RTCP transmission interval is 5 seconds and this corresponds, for a 20ms TTI, to 1 RTCP packet for 250 RTP packets. The probability that an RTCP packet arrives in the transmission buffer is low compared to the frequency of arrivals of RTP packets within the same transmission buffer.
Transport blocks sizes:

The transport block size for RTP packets depends on ROHC packet format:

· IR packet: 66 Bytes header (ROHC) + 32 Bytes payload (AMR) = 98 Bytes (784 bits);
· UOR-2 packet: 6 Bytes header with UDP checksum (ROHC) + 32 Bytes payload (AMR) = 38 Bytes (304 bits);
· UO-0 or R-0 packet: 4 Bytes header with UDP checksum (ROHC) + 32 Bytes payload (AMR) = 36 Bytes (288 bits).

A basic 1 Byte RLC header is added and some RLC header extensions (for e.g. length indicators and concatenation) may be added to form the transport block. Some ROHC packets may be concatenated if the RLC transmission buffer is not empty; else padding bits may be added. An 8 bit LI is added:

· for each terminating packet;

· each time padding is applied;

· each time an RLC PDU contains one full packet only.
Example for RTP compressed with ROHC IR: 

8 bits (RLC header) + 8 bits (LI for full packet only) + 8 bits (LI for terminating packet) + 784 bits (IR packet) = 8 bits + 800 bits
Two transport block sizes have been defined, including the basic 8 bits RLC header (sequence number + extension flag):
· 8 + 320 bits (TF1)
· 8 + 800 bits (TF2)
The different transport combinations of RTP full packets or partial packets depend on the ROHC compression format, as detailed in Annex 2. 
Maximum bit rate of the RTP RAB:

Since the TTI is 20ms and the maximum RLC payload size is 800, this leads to a radio bearer bit rate of 800 / 20 = 40 kbps.

Summary of previous assumptions:

	Orange has chosen the multiplexed RTP/RTCP PS RAB option. The maximum bit rate of this RAB combination is 40 kbps. SIP is conveyed on a dedicated 16 kbps RAB. The advantages of this RAB combination are to provide an optimised:

· "Total delay" (RLC buffering + transmission) over the radio interface:

· In steady state, there is no buffering delay for RTP packets when no RTCP packet is sent and the RTP packet is sent within a maximum "total delay" of 20ms;

· In steady state, there is a 20 ms buffering delay for RTP UO-0 and RTCP packets when RTCP packet is sent leading to a maximum "total delay" of 40 ms for RTP and RTCP packets;

· In transient state, a 40 ms buffering delay may occur for RTP IR and RTCP packets when RTCP packet is sent; leading to a maximum "total delay" of 60 ms for RTP and RTCP packets.

From the user point of view, the transmission of the RTCP packet will delay the transmission of some consecutive RTP packets from 20 ms to 40 ms (RLC buffering delay) every 5 seconds. This will likely not impact the user perception. Note that the simultaneous transmission of RTP IR packet and RTCP is a very rare case.
· User bit rate of 40 kbps for multiplexed RTP/RTCP instead of 42.8 kbps for RTP alone (and additional 16 kbps for RTCP);
· Use of the radio resources since for this RAB combination, a minimum SF 16 is reserved in UL and SF 64 is reserved in DL.
Moreover, multiplexing RTP and RTCP on the same RAB allows "turning off RTCP". Indeed, since RTCP may be removed for point-to-point VoIP service, the required signalling for turning off RTCP uses the SDP bandwidth modifier (RFC 3556 as suggested by 3GPP CT1). The SDP bandwidth modifier is set to zero and may be understood by non-3GPP end-point [5].


Consequently, Orange suggests the following RAB combination:

	Orange proposal
	RAB combination number
	Specification / recommendation
	Release

	Conversational UL:40kbps DL:40kbps PS RAB (for multiplexed RTP/RTCP)

Interactive UL:16kbps DL:16kbps PS RAB (for SIP)

UL:3.4kbps DL:3.4kbps SRB for DCCH
	#109

	TR 25.993


	Release 6


Table 5
3. Conclusion

Following previous assumptions, Orange suggests including a new RAB combination to TR 25.993 [8] for Release 6 following RAN2 discussion and decision. The RAB combination is defined by;

· Conversational UL:40kbps DL:40kbps PS RAB (for multiplexed RTP/RTCP)

· Interactive UL:16kbps DL:16kbps PS RAB (for SIP)

· UL:3.4kbps DL:3.4kbps SRB for DCCH

A draft CR to TR 25.993 [10] based on the suggested working assumptions is attached.
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Annex 1 – RTCP/UDP/IPv6 packet format
Samsung proposal [4] concerning the RTCP packet size in case of 12.2 kbps AMR VoIP has been modified by France Telecom as follows, thanks to RFC 1889 [9].

	Components
	Size
	Note

	IP header
	40 byte
	IPv6 without any option field

	UDP header
	8 byte
	

	RTCP header
	8 byte
	Version, Length, Packet Type, SSRC etc

	Sender Report

Basic fields
	24 20 byte
	NTP timestamp, RTP timestamp, packet count etc

	Receiver Report

Feedback fields
	24 byte
	SSRC, number of packet lost, jitter etc

	SDES header
	6 4 byte
	Version, Packet Type, Length etc

	CNAME
	26 6 + x byte
	ASCII coded RAN2@3GPP.ORG. Fully qualified user@host is recommended. Samsung assumes x = 20

	Total Size
	136 130 byte
	


Table 6
The details of each field are provided below:
IPv6:








40 Bytes
UDP:








8 Bytes
RTCP basic header (SR):

· V=2






2 bits

· P






1 bit

· RC






5 bits

· PT=SR=200





1 Byte

· Length






2 Bytes

· SSRC of sender





4 Bytes

8 Bytes

SR basic fields:

· NTP timestamp, most significant word
4 Bytes

· NTP timestamp, least significant word
4 Bytes

· RTP timestamp





4 Bytes

· sender's packet count




4 Bytes

· sender's octet count





4 Bytes

20 Bytes

SR feedback from Source 1:

· SSRC_1 (SSRC of first source)



4 Bytes

· fraction lost





1 Byte

· cumulative number of packets lost



3 Bytes

· extended highest sequence number received


4 Bytes

· interarrival jitter





4 Bytes

· last SR (LSR)





4 Bytes

· delay since last SR (DLSR)




4 Bytes










24 Bytes

RTCP basic header (SDES):

· V=2






2 bits

· P






1 bit

· RC






5 bits

· PT=SDES=202





1 Byte

· Length






2 Bytes

4 Bytes

SDES basic fields (only one mandatory SDES item CNAME):

· SSRC/CSRC_1





4 Bytes

· CNAME:

· CNAME=1





1 Byte

· Length





1 Byte

· user and domain name



x Bytes

6 + x Bytes

Samsung assumption: the user and domain name size is x = 20 Bytes.

Other possible SDES items (not considered here): NAME / EMAIL / PHONE / LOC / TOOL / NOTE / PRIV

Annex 2 – Impacts of RTCP on RTP
Steady state with RTP packets compressed with UO-0 or R-0 ROHC format; without RTCP:
This is the best and normal case where only UO-0 or R-0 packets are sent. Let's consider RTP UO-0 packets only with 36 Bytes (288 bits) size.
We consider the transport formats below:

· TF1 = 328 bits with 8 bits RLC header;

· TF2 = 808 bits with 8 bits RLC header.
	Time (n * TTI with TTI=20ms)
	RLC transmission buffer occupation
	Transmission
	TF used
	TF content (bits)
	RTP (n) buffering delay (ms)
	RTCP (n) buffering delay (ms)

	N-2
	UO-O (N-2)
	UO-O (N-2)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N-2) + 8 bits padding

Note 1
	0
	N/A

	N-1
	UO-O (N-1)
	UO-O (N-1)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N-1) + 8 bits padding
	0
	N/A

	N
	UO-O (N)
	UO-O (N)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N) + 8 bits padding
	0
	N/A

	N+1
	UO-O (N+1)
	UO-O (N+1)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+1) + 8 bits padding
	0
	N/A

	N+2
	UO-O (N+2)
	UO-O (N+2)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+2) + 8 bits padding
	0
	N/A

	N+3
	UO-O (N+3)
	UO-O (N+3)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+3) + 8 bits padding
	0
	N/A

	N+4
	UO-O (N+4)
	UO-O (N+4)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+4) + 8 bits padding
	0
	N/A

	N+5
	UO-O (N+5)
	UO-O (N+5)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+5) + 8 bits padding
	0
	N/A

	N+6
	UO-O (N+6)
	UO-O (N+6)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+6) + 8 bits padding
	0
	N/A


Table 7
Note1: 

· first LI indicates that the first data Byte of the RLC PDU corresponds to the first Byte of the RLC SDU;
· second LI indicates the end of RTP UO-O (N-2);
· third LI indicates the presence of padding.
Steady state with RTP packets compressed with UO-0 or R-0 ROHC format; with RTCP:

This is the case where only UO-0 or R-0 packets are sent and one RTCP packet arrives. Let's consider RTP UO-0 packets only with 36 Bytes (288 bits) size and an RTCP packet with 130 Bytes (1040 bits) size. Two cases are considered:

1) RTCP packet arrives first in the RLC transmission buffer:
	Time (n * TTI with TTI=20ms)
	RLC transmission buffer occupation
	Transmission
	TF used
	TF content (bits)
	RTP (n) buffering delay (ms)
	RTCP (n) buffering delay (ms)

	N-2
	UO-O (N-2)
	UO-O (N-2)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N-2) + 8 bits padding
	0
	N/A

	N-1
	UO-O (N-1)
	UO-O (N-1)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N-1) + 8 bits padding
	0
	N/A

	N
	RTCP (N)

UO-O (N)
	½ RTCP (N)
	TF2
	8 bits RLC header + 8 bits LI + 792 bits ½ RTCP (N)
Note 2
	20
	20

	N+1
	UO-O (N+1)
	2/2 RTCP (N)

UO-0 (N)

½ UO-O (N+1)
	TF2
	8 bits RLC header + 16 bits LI + 248 bits 2/2 RTCP (N) + 288 UO (N) + 248 bits ½ UO-0 (N+1)
Note 3
	20
	N/A

	N+2
	UO-O (N+2)
	2/2 UO-O (N+1)
UO-O (N+2)
	TF2
	8 bits RLC header + 24 bits LI + 40 bits 2/2 UO-O (N+1) + 288 bits UO-0 (N+2) + 448 bits padding

Note 4
	0
	N/A

	N+3
	UO-O (N+3)
	UO-O (N+3)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+3) + 8 bits padding
	0
	N/A

	N+4
	UO-O (N+4)
	UO-O (N+4)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+4) + 8 bits padding
	0
	N/A

	N+5
	UO-O (N+5)
	UO-O (N+5)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+5) + 8 bits padding
	0
	N/A

	N+6
	UO-O (N+6)
	UO-O (N+6)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+6) + 8 bits padding
	0
	N/A


Table 8
Note 2:

· first LI indicates that the first data Byte of the RLC PDU corresponds to the first Byte of the RLC SDU.

Note 3:

· first LI indicates the end of RTCP (N);
· second LI indicates the end of RTP UO-0 (N).
Note 4:

· first LI indicates the end of RTP UO-O (N+1);
· second LI indicates the end of RTP UO-O (N+2);
· third LI indicates the presence of padding.
2) RTP UO-0 packet arrives first in the RLC transmission buffer:
	Time (n * TTI with TTI=20ms)
	RLC transmission buffer occupation
	Transmission
	TF used
	TF content (bits)
	RTP (n) buffering delay (ms)
	RTCP (n) buffering delay (ms)

	N-2
	UO-O (N-2)
	UO-O (N-2)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N-2) + 8 bits padding
	0
	N/A

	N-1
	UO-O (N-1)
	UO-O (N-1)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N-1) + 8 bits padding
	0
	N/A

	N
	UO-O (N)
RTCP (N)


	UO-O (N)
½ RTCP (N)
	TF2
	8 bits RLC header + 8 bits LI + 288 bits UO-0 (N) + 504 bits ½ RTCP (N)
Note 5
	0
	20

	N+1
	UO-O (N+1)
	2/2 RTCP (N)

½ UO-0 (N+1)


	TF2
	8 bits RLC header + 8 bits LI + 536 bits 2/2 RTCP (N) + 256 bits ½ UO (N+1)

Note 6
	20
	N/A

	N+2
	UO-O (N+2)
	2/2 UO-O (N+1)
UO-O (N+2)
	TF2
	8 bits RLC header + 24 bits LI + 32 bits 2/2 UO-O (N+1) + 288 bits UO-0 (N+2) + 456 bits padding

Note 7
	0
	N/A

	N+3
	UO-O (N+3)
	UO-O (N+3)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+3) + 8 bits padding
	0
	N/A

	N+4
	UO-O (N+4)
	UO-O (N+4)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+4) + 8 bits padding
	0
	N/A

	N+5
	UO-O (N+5)
	UO-O (N+5)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+5) + 8 bits padding
	0
	N/A

	N+6
	UO-O (N+6)
	UO-O (N+6)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+6) + 8 bits padding
	0
	N/A


Table 9
Note 5:
· first LI indicates the end of RTP UO-O (N).
Note 6:

· first LI indicates the end of RTCP (N).
Note 7:

· first LI indicates the end of RTP UO-O (N+1);
· second LI indicates the end of RTP UO-O (N+2);
· third LI indicates the presence of padding.
Transient state with RTP packets compressed with several ROHC format; with RTCP:

This is the transient state, we assume that two IR packets are sent and then one UOR-2 packet is sent before coming back to the steady state. Let's consider RTP UO-0 packets only with 36 Bytes (288 bits) size, RTP IR packets with 98 Bytes (784 bits), RTP UOR-2 packets with 38 Bytes (304 bits). Since this is the worst case, we also assume that the RTCP packet arrives before the first IR packet in the RLC transmission buffer. The steady state is green and the transient state is blue in next table:

	Time (n * TTI with TTI=20ms)
	RLC transmission buffer occupation
	Transmission
	TF used
	TF content (bits)
	RTP (n) buffering delay (ms)
	RTCP (n) buffering delay (ms)

	N-2
	UO-O (N-2)
	UO-O (N-2)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N-2) + 8 bits padding
	0
	N/A

	N-1
	UO-O (N-1)
	UO-O (N-1)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N-1) + 8 bits padding
	0
	N/A

	N
	RTCP (N)

IR (N)
	½ RTCP (N)
	TF2
	8 bits RLC header + 8 bits LI + 792 bits ½ RTCP (N)
	40
	20

	N+1
	IR (N+1)
	2/2 RTCP (N)

½ IR (N)
	TF2
	8 bits RLC header + 8 bits LI + 248 bits 2/2 RTCP (N) + 544 bits 1/2 IR (N)

Note 8
	40
	N/A

	N+2
	UOR-2 (N+2)
	2/2 IR (N)

½ IR (N+1) 
	TF2
	8 bits RLC header + 8 bits LI + 240 bits 2/2 IR (N) + 552 bits ½ IR (N+1)

Note 9
	20
	N/A

	N+3
	UO-O (N+3)
	2/2 IR (N+1)

UOR-2 (N+2)
½ UO-0 (N+3)
	TF2
	8 bits RLC header + 16 bits LI + 232 bits 2/2 IR (N+1) + 304 bits UOR-2 (N+2) + 248 bits ½ UO-0 (N+3)
Note 10
	20
	N/A

	N+4
	UO-O (N+4)
	2/2 UO-0 (N+3)

UO-O (N+4)
	TF2
	8 bits RLC header + 24 bits LI + 40 bits 2/2 UO-0 (N+3) + 288 bits UO-O (N+4) + 448 bits padding
	0
	N/A

	N+5
	UO-O (N+5)
	UO-O (N+5)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+5) + 8 bits padding
	0
	N/A

	N+6
	UO-O (N+6)
	UO-O (N+6)
	TF1
	8 bits RLC header + 24 bits LI + 288 bits UO-O (N+6) + 8 bits padding
	0
	N/A


Table 10
Note 8:
· first LI indicates the end of RTCP (N);
Note 9:

· first LI indicates the end of IR (N);
Note 10:

· first LI indicates the end of IR (N+1);
· second LI indicates the end of UOR-2 (N+2).
Synthesis:

	Packet type
	RLC buffering delay

ms
	Transmission delay (TTI)

ms
	"Total delay"
ms

	RTP only
	0
	20
	20

	1- RTP UO-0

2- RTCP
	20

20
	20

20
	40

40

	1- RTCP

2- RTP UO-0
	20

20
	20

20
	40

40

	1- RTP IR

2- RTCP
	40

40
	20

20
	60

60

	1- RTCP

2- RTP IR
	20

40
	20

20
	40

60


Table 11
Annex 3 – ROHC header formats
Steady state header formats:

· UO-0 format header = 4 Bytes (with UDP checksum: other ROHC profiles than profile 4)

· 8 bits (CID) + 1 bit (packet format: 0) + 4 bits (SN) + 3 bits (CRC) + optional 16 bits (UDP checksum)

· R-0 format header = 4 Bytes (with UDP checksum: other ROHC profiles than profile 4)
· 8 bits (CID) + 2 bits (packet format: 00) + 6 bits (SN) + optional 16 bits (UDP checksum)

· UOR-2 format header (without extension) = 6 Bytes (with UDP checksum: other ROHC profiles than profile 4)

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

Transient state header formats:
· IR format header = 66 Bytes (530 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) + 13 * 8 bits (RTP dynamic parameters with cc=0 and without csrc list)

· IR-DYN format header = 22 Bytes (176 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)
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Figure 1
Annex 4 – Multiplexing RTP and RTCP flows on the same RAB

Two options have been analysed by Orange.
1) RTCP uses a different RAB than RTP: next table compares different values of TTI (10, 20 and 40ms) and several values of transport block sizes. 8 bits for RLC header (no length indicator according to [7] in the case the payload exactly fits with the transport block size) is considered as well as an 1040 bits (130 Bytes) RTCP packet.

	TTI
	Transport Format (TF)
	Number of TTIs
	Transmission delay (no RLC buffering delay)
	Associated user bit rate

	10ms
	1*1048 (i.e. 1040+8)
	1
	10ms
	1040 / (1 * 10) = 104 kbps

	20ms
	1*1048
	1
	20ms
	1040 / (1 * 20) = 52 kbps

	40ms
	1*1048
	1
	40ms
	1040 / (1 * 40) = 26 kbps

	10ms
	1*528 (i.e. 1040/2+8)
	2
	20ms
	1040 / (2 * 10) = 52 kbps

	20ms
	1*528
	2
	40ms
	1040 / (2 * 20) = 26 kbps

	40ms
	1*528
	2
	80ms
	1040 / (2 * 20) = 13 kbps

	10ms
	1*355 (i.e. 1040/3+8)
	3
	30ms
	1040 / (3 * 10) = 34.7 kbps

	20ms
	1*355
	3
	60ms
	1040 / (3 * 20) = 17.3 kbps

	40ms
	1*355
	3
	120ms
	1040 / (3 * 40) = 8.7 kbps


Table 12
In order to transmit RTCP packets within the 90ms boundary of the "total delay" with a bit rate below 16 kbps, none of previous combinations is satisfying:

· Above 80ms, the RTCP packet will likely arrive too late to the RTP sender in the case radio conditions have changed. Indeed, 80ms are too close to the 90ms boundary of the "total delay" and 120ms exceed this boundary;

· Above 16 kbps, the combination will be less optimised than current combinations in TS 34.108.
This option is not optimal. The only advantage is that RTP flow is not impacted by RTCP flow.
2) RTCP uses the same RAB as RTP: RTP RAB is based on a 20ms TTI. Optimising the user bit rate and the "total delay" means that RTCP packet shall be transmitted in a maximum of three consecutive TTIs (after its arrival into the RLC transmission buffer) and with one transport block per TTI. 
Several cases are possible as detailed in Annex 2. If we consider the worst case for RTCP when an RTP packet compressed with ROHC IR format arrives first in the RLC transmission buffer and then an RTCP packet arrives. If we consider that the RTP IR packet is also followed by another RTP IR packet, this means that the RTCP packet will be transmitted within 3 TTIs after its arrival in the transmission buffer i.e. within 60ms (this is also true for RTP IR packet). This option is optimal since the "total delay" constraint is respected. 
Annex 2 has analysed the impact of RTCP flow on RTP and showed that in the steady state one or two consecutive RTP packets could be delayed by 20ms in the RLC transmission buffer. This impact may be neglected compared to the gain on the 16kbps RAB (indeed, a 16 kbps RAB is spent thanks to this option).
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