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1 Introduction
In last RAN plenary, UL MUX as an objective of WI “Support of Home NB and Home eNB enhancements RAN3 aspects” is agreed.

“ For 3G Home NB Consider the benefits and techniques to support UL muxing and compression and the possible benefits to using similar techniques on DL. The scheme(s) selected would be able to operate optionally, and allow interoperation between HNB-GW and pre-Rel-9 HNBs.”
This contribution gives the analysis and possible solutions on this issue.
2 Requirement and Problems
It’s the common understanding among operators and vendors that 4 simultaneous calls per HNB is a minimum capacity requirement. Regarding the provisioned xDSL rate, it varies according to each operator and the typical rate on upload is only 200~240 kbps [4]. So the requirement for deploying HNB network is supporting 4 simultaneous calls per HNB less than uplink 200 kbps; otherwise, the HNB user can’t use ADSL as the backhaul to deploy HNB, which is not acceptable for the user and the operator. 
The packet overhead for one 12.2kbs voice call carried in RTP over IPsec tunnel over the ADSL – DSLAM link is given in Figure1, which uses the same numeration method as in [1] and [2]. The typical ADSL-DSLAM link is the bottleneck of the transport network, and its typical transport network protocol stack is Ethernet over ATM.
The Iu UP PDU Type 0 Format that defined to transfer user data over Iu UP in support mode for pre-defined SDU sized is used; with the one byte payload CRC, error detection scheme is provided to optimize the user’s feeling. And the IPSEC ESP is 32 bytes, details as in the Figure1. 
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Figure 1: Packet overhead for one 12.2kbs voice
With current protocol, only two active calls can be supported with 200kbps backhaul bandwidth; of course it can not meet the requirement. Solutions to solve the problem are discussed below.
There are four possible ways to resolve this issue over Iuh by different layer multiplexing or compress, which is comparing in the following table:
	Possible Solutions
	Pros and Cons

	RTP MUX
	Not standardized currently (
Only for CS 

	UDP MUX (
	Based on extensions to 29.414

Potential to multiplex CS & PS packets within same UDP packet
Optionally use RTP header compression(Potential reduce ~127 kbps)

	IP MUX
	Uses existing TMux protocol (RFC1692)
support CS & PS services
Not all router supporting this(

	ROHC
	Applies to all CS- and PS-domain traffic

Heavy processing load on HNB and HNB-GW (


Proposal 1: It is preferred to select UDP based multiplexing as the way forward.
3 Preferred Solution (UDP MUX)
The UDP MUX is based on current TS 29.414, which includes UDP multiplexing and RTP header compression and the negotiation if multiplexing and compress are used or not.
3.1 UDP Multiplexing and RTP header compression
There are two options for UDP multiplexing and RTP header compression.
Solution 1：

One possible solution is to use the UDP frame bundling and RTP header compression principles as defined in 29.414 (Nb), which is also the proposal of [1] and [2].
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 Figure 2: Multiplexed UDP packet with RTP header compression
As shown in the following Figure 3, 4 simultaneous voices needs about 150kbps, and can be supported within uplink 200 kbps bandwidth. 
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Figure 3: Packet overhead for 4 bundled calls
Solution 2：

Solution 2 is proposed to do optimization in order to reduce the bandwidth cost further: deleting the source ID from Multiplex Header as in Figure 4. 

The Source ID is defined in TS29.414:

“For identification of the different connections. The value shall be the source UDP port of the corresponding non-multiplexed NbFP/codec PDU packet divided by two (only even numbered ports are used for RTP sessions). This information is transferred to permit the receiving node to optionally detect and filter illegitimate packets (e.g. packets received from the peer termination precedingly associated to the receiving termination).”

From TS25.415: 

- “For identification of different connections”:

“Iu UP Initialisation procedure is mandatory for RABs using the support mode for predefined SDU size. The purpose of the Initialisation procedure is to configure both termination points of the Iu UP with RAB Subflows Combinations, RFCIs, and associated RAB Sub Flows SDU sizes necessary to be supported during the transfer of user data phase.” 

The HNB and HNB GW termination points are configured via the Iu UP Initialisation procedure, and the HNB GW can record the <Source : Destination> mapping information. When receiving the multiplexed packets with only MUX ID as defined in Figure 4, HNB GW can find the Source ID according to the mapping information, and insert this Source ID into the packets sent to the MGW. 
- “This information is transferred to permit the receiving node to optionally detect and filter illegitimate packets (e.g. packets received from the peer termination precedingly associated to the receiving termination)”:

IPSec guarantees that only the legitimate HNB can connect and send packets to the HNBGW; and the first Iu UP initialization procedure will do this filtering and HNB only send the legitimate packets to the HNB GW. In this way, this optional function will be implemented equally if it’s needed. Moreover, the MGW can also do the filtering from the P-T-P point of view.
From the two points above, deleting the Source ID has no impact on the function and performance.
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 Figure 4: Multiplexed UDP Packets with RTP header compression and with optimized Multiplex Header

- With solution 2, 4 simultaneous voices can be supported within uplink 128kbps bandwidth shown as below.
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Figure 5: Packet overhead for 4 bundled calls 
Solution 2 make use of the UDP frame bundling and RTP header compression principle defined in TS29.414; and it makes further optimization to reduce the uplink bandwidth usage to support 4 simultaneous calls with 128kbps. 
Proposal 2: UDP multiplexing and RTP header compression in TS 29.414 can meet current requirement to support 4 simultaneous within 150kbps. And deleting the source ID from Multiplex Header can reduce the uplink bandwidth cost further to support 4 simultaneous calls with 128kbps.
3.2 Negotiation Mechanism
UDP multiplexing and RTP header compress are optional supported by HNB and HNB-GW. This section gives two solutions to provide possible negotiation mechanism for HNB and HNB-GW to use the two features to reduce uplink bandwidth cost for CS transferring.
Solution 1:
As defined in TS29.414, the RTCP shall be used to negotiate the use of multiplexing. The RTCP shall be used separately for each user plane connection to negotiate.
“A new 3GPP-specific RTCP Multiplexing packet is specified for this purpose. The Multiplexing RTCP packet indicates:

-
if multiplexing without RTP header compression is supported ;

-
if multiplexing with RTP header compression is supported ;

-
the local UDP port where to receive multiplexed data streams,

-    if multiplexing is selected.
This negotiation per connection will decrease the transport efficiency. What’s more, as HNB GW connection to a large amount of HNBs, the RTCP negotiation per connection would be a big burden for the HNB GW.
Solution 2:
HNB and HNB GW can negotiate if multiplexing and RTP header compression are supported, and the MUX Port during HNB registration procedure instead of negotiation per call connection. If both HNB and HNB-GW support the multiplexing and header compression functions, HNB-GW should notice HNB to enable the two functions in HNB Register Response, which can reduce the negotiation burden and implement the two functions without RTCP.
Proposal 3: HNB and HNB GW can negotiate if multiplexing and RTP header compression are supported, and the MUX Port during HNB registration procedure instead of negotiation per call connection. The HNB-GW should notice HNB to enable the two functions in HNB Register Response.
4 Proposal
It is proposed to agree on three proposals as the way forward to resolve the uplink bandwidth cost, and record the new data format in the new User Plane TS for Iuh and update other impacted specifications. 
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		IuUP		4		Iu UP PDU Type 0 Format

		RTP		12
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