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Discussion and decision
1 Introduction
There are several drivers for introducing packet switched (PS) voice services (often referred to as Voice over IP (VoIP) services) in cellular networks. Such drivers are: 

· Adding an additional low cost/no cost packet switched (PS) voice service to drive data traffic growth possibly with enrichments meaning that the voice call easily can be expanded with for instance video and image sharing  

· Fixed and mobile convergence; having the same service layer for fixed telephony and mobile telephony services which in the end may drive the replacement of CS telephony with Multi-Media Telephony over IP (MM ToIP).  

Regardless if an operator plans to offer VoIP as a complement to CS telephony or a replacement of CS telephony, it is very likely that the service offer will include more ways to communicate than just plain voice communication. 

Therefore, from a business perspective it is important that the standardized Radio Access Bearer (RAB) realization intended to be used with future VoIP services addresses the need to convey several media streams with similar characteristics.   
The preferred solution is to use one RAB for many media streams. Using one RAB to convey many media streams reduces the number of needed RAB combinations for MM ToIP and thus simplifies implementation in RAN and UEs and reduces the number of PDP context that the UE and the core network needs to keep.  

The introduction of the HS-DSCH and E-DCH transport channels in 3GPP Release 5 and 6 promises to provide a greater flexibility than Release 99 DCH when it comes to specifying radio bearers suitable to carry not only one type of media streams. However, the HS-DSCH channel is limited to only utilize a limited set (maximum 8) of MAC-d PDU sizes.

This paper proposes that RAN2 should study suitable RLC sizes for radio bearers utilizing the E-DCH and HS-DSCH transport channels in order to define a Conversational RAB aimed to be used for the IMS multimedia telephony service being defined in 3GPP WG SA1.   
2 Discussion
As earlier stated it is foreseen that a Conversational RAB utilizing E-DCH and HS-DSCH should be used for a set of different media flows rather than using several RABs to convey the set of media flows. 
A sub-set of possible media that is likely to use a Conversational RAB are:  

· Voice streams, 

· Video streams, 

· Communication between game clients or game clients and game servers in delay sensitive games like First Person Shooter games  (i.e. Quake, Doom, Unreal)

In 3GPP specifications the preferred service layer realization for the MM ToIP service is IMS. Given IMS based VoIP, additional to the Conversational RAB there should be one Interactive RAB to convey SIP signalling between the UE and IMS (see Figure 1). 
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Figure 1: Mapping of VoIP application layer flows to the UMTS bearer service

It should be noted that SIP messages in general are generous in size (uncompressed: 200-1500 bytes) and it is hard (impossible) to predict SIP message sizes. Therefore, it is not practical to optimize the RLC PDU sizes for the radio bearer associated with the Interactive RAB intended to carry SIP signalling (or needed since segmentation is to be used in the majority of cases). Therefore, as for the radio bearers associated with Interactive RABs in 3GPP TR25.993 the recommended RLC payload size is 320 bits or 640 bits (equals a RLC PDU sizes of 336 bits and 656 bits since RLC AM is used).

2.1 RLC sizes for the radio bearer associated with the Conversational RAB 

The radio bearers associated with the Conversational RAB is to use RLC UM and utilize the alternative E-bit interpretation reducing RLC OH to 8 bits in the cases Length Indicators can be excluded. 

The E-DCH and the HS-DSCH can only handle a limited number of MAC-d PDU sizes. The DL is limited to 8 MAC-d PDU sizes (which then limits the number of possible RLC PDU sizes to 8) while the UL may handle more depending on the number of RABs in the RAB combination and the mapping of the SRB (i.e. limited by the DDI field).

Analysis of the different media streams should be performed in order to determine the 8 most suitable RLC PDU sizes as previously has been done for voice only radio bearers in R2-051848 and R2-052618. 

The following sub-clauses discuss header compression and the different media types that arguable are to be sent over the Conversational RAB.

2.1.1 ROHC

When considering ROHC it should be noted that the size of the compressed header depends on a number of unpredictable factors: the behaviour of the flow, the feedback (type of, and occurrence of) received by the de-compressor, feedback to piggyback from compressor to de-compressor, and many implementation factors. Compressed headers are normally designed to convey the minimal information possible for the most commonly expected cases, and are thus based on the expected behaviour of the protocol fields being compressed. ROHC has been designed to compress so that most of the time, the smallest header can be used. Here, it may be suitable to estimate that "most of the time" encompasses close to 99% of the packets in the flow.

Using the following assumptions: no overhead for multiplexing of compressed flows (small CID space, and CID == 0), no dynamically and unpredictable changing fields are present in the compressed header.  Then the smallest header in U/O-mode is 3 octets (including UDP checksum). However, in R-mode it is most of the time 3 octets but the compressed header is periodically expanded to 4 octets for context updates.

However, when larger packets are needed, because of e.g. unpredictable changes in the headers, context repair mechanisms or implementation robustness strategies, the resulting compressed header size is very difficult to predict (if possible at all). Changes to for instance the Hop Limit and Traffic Class fields would require minimally sending a UOR-2 packet (5 octets, with UDP checksum) with an Extension 3 with at least 1 octet for flags, and the corresponding overhead for the field(s) to update. More would be required to update some RTP fields and extension header(s) at the same time, if any. It is noted that sending IR-DYN or IR is also compliant to the ROHC specification in this case, and while it is not expected it cannot be ruled out as an implementation choice either.

The conclusion of this is that besides the smallest header (3-4 octets) and the largest header (corresponding to the IR packet), there is too much dynamicity to make good an assumption on the most suitable intermediate compressed header size in between. Furthermore, these sizes are expected to be much less frequent than the smallest sizes, so an alternative may be to define a larger PDU size to correspond to the IR-DYN packet to cover a wider range of header sizes.

The size of the IR-DYN, for RTP/UDP/IP with Small CIDS, CID == 0, without extension headers and without piggybacked feedback, is minimally 20 octets and up to 30 octets in some cases. 
2.1.2 Voice 

In 3GPP the use of the AMR-NB and the AMR-WB speech codecs are mandated. Previous discussions in RAN2 has lead to a preferred set of codec modes to be used for VoIP services, these codec modes are: AMR-NB 4.75, 5.90, 7.40 and 12.2 kbps, and AMR-WB 6.60, 8.85 and 12.65 kbps.

It should also be noted that according to 3GPP TS26.235 only one speech frame shall be conveyed in each IP packet, using the bandwidth efficient AMR payload format.

R2-052618 proposes MAC-d PDU sizes of 88, 144, 160, 176, 192, 224, 288, 296 bits, however since the smallest MAC-hs TB size is 137 bits the use of an 88 bits MAC-d PDU can be debated. One solution is to use a 112 bits MAC-d PDU (nearest byte-aligned PDU size that fits in a 137 bits MAC-hs PDU) for SID frames.  Another solution is to use the 144 bits MAC-d PDU for both SID frames and the AMR4.75 mode. 

Optimizing 8 MAC-d PDU sizes for voice in a multimedia context may be wasteful. The question is then what MAC-d PDU size should be spared for other media?  Optimizing MAC-d PDU sizes for AMR-WB 6.60 seems to be a bit unnecessary since it is expected that operators probably will use the higher modes in their service offerings to provide good voice quality. The AMR-WB 6.60 mode could of course be considered for a high-capacity AMR-WB service. But it is probably sufficient then to use the 176 bits MAC-d PDU. Another possibility is remove the 288 bits MAC-d PDU. But since it is foreseen that AMR12.2 most probably will be one of the most commonly used codec modes it makes sense to have an optimized MAC-d PDU for it. 

In a voice only service the recommendation by SA4 is to turn off RTCP but this is not mandated. It should be noted that it is a negotiation between the client, the service layer and the mobile core network that ends up giving the mapping of which RAB to carry RTCP. Since RAN is not directly part of this negotiation it is important that in case RTCP is sent, it shall be possible to send RTCP over the Conversational RAB (as well as over the Interactive RAB which also has been proposed in earlier work).

In the coming SA4 meeting (TSG SA4 #37, 14-17 November) Ericsson will present a contribution (S4-05xxxx) that discusses the removal of the requirement that voice services must pack only one AMR frame per IP packet. The rationale for this is a possibility to optimizing the service for GSM/GPRS access (frame bundling reduces LLC and SNDCP overhead). The same contribution will also discuss the possibility to allow the use of octet-aligned AMR Payload Format mode.

If the SA4 contribution is accepted, the radio bearer based on HS-DSCH and E-DCH should not prevent inter-working with GSM/GPRS terminals. This may then call for the need of sending/receiving IP packets with multiple AMR frames bundled together. 

2.1.2.1 Conclusion Voice
Optimized RLC PDU sizes for voice media are essential for good performance of the radio bearer realization. The tables presented in R2-051848 and R2-052618 can be used to derive suitable RLC PDU sizes. The radio bearer realization should not have explicitly optimized RLC PDU sizes for bundled AMR frames in one IP packet. 

2.1.3 Video

Video telephony adds a video stream to the voice media stream.

Depending on the desired average bit-rate and the frame rate of the video stream the IP packets containing video are of different sizes, but typically quite large, around 250-1000 bytes (much larger individual packets can be expected in some cases). 

The video codec tries to keep a bit rate that follows negotiated bit-rate as closely as possible, even though the packet sizes may vary some. Hence, if larger packets are produced the packet rate therefore goes down and vice versa. However, when the video is used to capture fast moving objects the video coding quality may be reduced to keep the media bit rate less than or equal to the negotiated bit-rate.

In case of MM ToIP over E-DCH and HS-DSCH the video codec could be made aware that higher peak rates can be supported by the radio. Thus, it is possible to maintain the video quality for fast events by increasing the coding and consequently making some packets larger (when required). 

To reduce overhead but still allow good coverage, the RLC PDU size used for video should be in the same order as the RLC PDU size used for SIP traffic over the Interactive RAB, i.e. 336 bits (or in some possible cases 656 bits).  

What should be discussed mainly for the uplink is whether a larger PDU should be defined for enhancing performance when not being coverage limited. Maybe a MAC-d PDU size of 656 bits could be considered (size used for dome radio bearer realizations associated to Interactive RABs in 3GPP TR25.993). 

The speech packets are equally small as in the VoIP service since in case of video telephony the voice and the video are sent as individual data streams.

But in case of simultaneous video and voice communication RTCP has to be sent for synchronization purposes and it shall be possible to send RTCP over the Conversational RAB. 

2.1.3.1 Conclusion video 

The video encoder produces quite large packets of varying sizes. Therefore there is no need to have explicitly optimized RLC PDU sizes for video. However, since video in general produces media streams with much larger packets than in the voice stream, it is beneficial to have one RLC PDU size that gives a good compromise between overhead and coverage for high bit-rate flows. Maybe also one RLC PDU size should be reserved for efficient transfer of high bit-rate flows when not coverage limited. 

2.1.4 Gaming

The characteristics of the media stream associated to a game differ substantially between different games.  Therefore it is not recommended to optimize RLC PDU sizes for gaming. Rather the gaming industry targeting wireless devices could benefit from optimizing the game data format against the specified RABs.  

3 Conclusion and Proposal
RLC PDU sizes suitable for a radio bearer that uses E-DCH and HS-DSCH as transport channels and is to be used for multi-media telephony over IP needs to be studied. 

The conclusions are: 

· A great majority of the ROHC packets will use the smallest compressed header available. This means 3 bytes in U/O mode and R-mode (R-mode will periodically send 4 bytes headers also). The MAC-d PDU sizes should be optimized for the case when having the 3 bytes ROHC header. 

· As proposed by Nortel in R2-052618 The speech codec modes to consider for optimized MAC-d PDU sizes are: AMR-NB 4.75, 5.9, 7.4, 12.2 and AMR-WB 6.60, 8.85, 12.65 and the SID frames. 
· In a multi-media context it still makes sense to optimize the majority of MAC-d PDUs for the speech codec modes. But at least one slightly larger PDU size should be reserved for e.g. video transfer.
· The larger MAC-d PDU size should be equal to the MAC-d PDU size of the Interactive RAB used for SIP signalling to get equal coverage for media and signalling

From these conclusions this is the preferred set of MAC-d PDU sizes:
	MAC-d PDU size
	Comment

	112
	To be used for SID frames

	144
	Optimized for AMR-NB 4.75+3 bytes ROHC

	160
	Optimized for AMR-NB 5.90+3 bytes ROHC

	192
	Optimized for AMR-NB 7.40+3 bytes ROHC

	224
	Optimized for AMR-WB 8.85+3 bytes ROHC

	288
	Optimized for AMR-NB 12.2+3 bytes ROHC

	296
	Optimized for AMR-WB 12.65+3 bytes ROHC

	336
	Similar size as for the Interactive RAB, to be used to convey larger packets (video, ROHC IR-DYN packets etc)


Alternative MAC-d PDU sizes that could be considered are

· 656 bits: 
Maybe part of the UL set of MAC-d PDU sizes to enable high peak bit rate and thus reduce implications due to large video update packets and RTCP packets when not being coverage limited.

· 176 bits: 
To optimize for AMR-WB 6.60+3 bytes ROHC
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