3GPP TSG GERAN
                                                                                GP-071808







Meeting no 36

Vancouver, Canada

12-16 November, 2007 

Source: Alcatel-Lucent

Intented for: Discussion on AoIP
Agenda items: 6.3 and 7.2.3.5.3

Title: Negotiation of multiplexing and compression options with AoIP
For the introduction of AoIP in  3GPP Release 8, it has been suggested to base the AoIP interface on the Nb interface between the MGW being defined in the scope of the SIP-I based Nc, and re-use the RTP bearer multiplexing and RTP header compression schemes that is under definition for SIP-I based Nc in 3GPP Rel-8 and that will rely on the same principles (see 3GPP TR 29.802 and TR 29.814) as what was defined in 3GPP TS 29.414 for BICC based Nc.

A motivation to reuse this specification is its bandwidth efficiency due to two features, the IP multiplexing, allowing the grouping of several voice channels in a single IP packet, and the RTP header compression, allowing the reduction of the RTP header size.

These two features are negotiated by the two endpoints, thanks to RTCP.

In practice, the sequence is the following:

1. the two endpoints are configured via external signalling;

2. the two endpoints start transmitting the speech information, with the RTP/UDP/IP protocol, without multiplexing and RTP header compression;

3. the end-points send an RTCP command to negotiate multiplexing and RTP header compression;

4. after a successful negotiation, the end points can multiplex the voice packets with other packets sent to the same IP address.

Compared to the existing call set-up in TDM mode, this procedure has two drawbacks:

· it requires more message exchanges than with a full-fledged call set-up including the negotiation of compression;

· it requires significantly more bandwidth during the whole negotiation phase, making the Call Acceptance Control more difficult, due to the varying bandwidth requirement over time.

To avoid these drawbacks, it is proposed to negotiate these options during call set up. A simple way to implement this is to enrich the “AoIP Container IE” which is exchanged between the MSC and the BSC,  in the BSSMAP Assignment Request and BSSMAP Assignment Complete exchanged, as described in the description of the solution 2 in the AoIP TR.

The current scenario for call set-up, as proposed in G2-070359_Ericsson.doc, is the following:
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With the proposed improvement, the scenario is unchanged, but the AoIP container is enriched to contain the application dependent data of the RTCP multiplexing packet defined in TS 29.414:

[image: image1.wmf]MSC

BSS

MGW

ADD.Request

(T$)

ADD.Reply

(T1, Container (IP Transport Layer Information 

MGW

))

CBC Procedure

Prepare_IP_Transport

(adapted)

+

Change_Through_Connection

(adapted)

Assignment Request 

( Container IE (IP Transport Layer Information 

MGW

))

Assignment Complete 

( Container IE (IP Transport Layer Information 

BSS

))

MOD.Request

(T1, Container (IP Transport Layer Information 

BSS

))

MOD.Reply

(T1)

CBC Procedure

Modify_IP_Transport_Adress

(adapted)

Note: the term 

‘

adapted

’

above means that existing GCP procedures can be modified and re

used.

User Plane is available for traffic, RTP and RTCP signaling can 

start


With

-
multiplexing bit (MUX), 1 bit


Indicates whether multiplexing without RTP header compression is supported or not  by the sender of the RTCP packet : set to 0 if not supported, set to 1 if supported.

-
multiplexing with RTP header compression bit (CP), 1 bit


Indicates whether multiplexing with RTP header compression is supported or not by the sender of the RTCP packet : set to 0 if not supported, set to 1 if supported.

-
Selection bits, 2 bits


Indicates whether the sender of the RTCP packet has selected to apply multiplexing with or without header compression for the user plane packets that it sends on this connection. The following values are defined:


00: no multiplexing is applied


01: multiplexing is applied without RTP header compression


10: multiplexing is applied with RTP header compression


11: reserved

-
Local MUX UDP port, 15 bits : 


Local UDP port where the sender demands to receive multiplexed data streams. The value shall be the same as the local MUX UDP port divided by two. This parameter shall be ignored by the receiver of the RTCP Multiplexing packet if the MUX and CP bits indicate that multiplexing is not supported.

Notes: This corresponds to the application content of the negotiation with RTCP in the 3GPP TS 29.414

Conclusion

With a simple improvement of the AoIP container, it is possible to avoid the negotiation of compression options, with three advantages:

· simpler procedure for call set-ups and handovers;

· lower bandwidth requirements;

· constant bandwidth usage during the complete call duration.

Appendix: evaluation of the impact of compression negotiation performed as in 3GPP TS 29.414

Comparisons of bandwidth efficiency made in 3GPP TR29.814 for Nb show a gain of 58% when the compression is in use. This means that the one uncompressed voice packet requires as much bandwidth as 2.4 compressed voice packets (=1/(1-0.58) 

Nevertheless, one ca note that this computation does not take into account the variation of bandwidth, as every new call or handover will require more bandwidth during the whole negotiation.

Let’s consider a practical case:

· a BTS with 12 TRX at busy hour when all the channels are at about 100% load, with 84 TCH used for speech.

· A TCH duration of 30 seconds (e.g. average call duration of 60 seconds and one handover per call)

· A negotiation time of 1 second

· An allowed packet loss ratio on the BTS transmission link of maximum 0.2% (i.e. 10% of the allowed Frame Erasure Rate on the radio interface)

Average loss of bandwidth

With these figures, one voice channel counts for 1 compressed packet during 29 seconds and 2.4 compressed packet during one second: on average the overhead is of 4.6%.

Effect of random distribution on packet loss

To take into account the Poisson Law behaviour of call arrival, we must take into account the peak overhead which can induce packet loss, do to excessive bandwidth.

Assuming a Poisson Law for the call arrival, with the above assumptions, the probability of getting 9 calls set up in one second is 0.24%, very close to the limit of 0.2% mentioned above This corresponds to an overhead of 11.6%

Note: this overhead decreases as the capacity increases, due to statistical effects. This means that the problem is much more important for a BTS than for an MGW.

This simple computation shows that the procedure requires significantly more bandwidth to avoid losing packets due to additional transmission resources during the negotiation phase.

