3GPP TSG RAN WG3#63bis                                                                        R3-090771
Seoul, South Korea, March 23-27, 2009
Agenda Item:
12.5
Source: 
Airvana
Title: 
CS Multiplexing on the Uplink 
Document for:


Discussion & Approval
1 Introduction 
Typical provisioned xDSL rates on the uplink are either 256 or 384 kbps. With allowance for other simultaneous services such as VPN for corporate access and call control signalling, the remaining sustained uplink bandwidth is in the order of 200kbps. 

The table below provides the packet size for a 12.2kbps AMR speech frame carried in RTP over an IPsec tunnel. In addition to the 5 octet header, the fixed ATM packet size may require padding to fill out the 48 octet payload.

	Protocol
	Length

	AMR 12.2 kbps
	31

	IuUP
	3

	RTP
	12

	UDP
	8

	IP
	20

	IPSEC ESP
	33

	UDP
	8

	IP
	20

	PPP + PPP on Ethernet
	8

	Ethernet
	18

	AAL#5
	8

	ATM
	43
	Pad included

	Total
	212
	 84.8 kbps


Without further optimisations, only two simultaneously active calls can be supported with 200 kbps backhaul bandwidth. Due to the delay-sensitive nature of voice, it is not meaningful to buffer and MUX multiple speech frames for the same terminal. This indirectly means we have to MUX speech frames from multiple terminals. 
2 Discussion

To address this limitation on the uplink, the HNB multiplexes the uplink speech frames from different terminals into a single IP packet containing multiple compressed RTP frames and is sent to the HNB-GW. The speech frames are de-multiplexed by the HNB-GW. The principle is shown in Figure below.
HNB buffers all frames until the frame from the last terminal has arrived and thereafter creates an IP packet where a compressed or un-compressed RTP header is added to each voice frame and they are concatenated one after the other according to the principles already defined in [3GPP TS 29.414]. 
The IP packet is thereafter sent over the IPsec tunnel set up between the HNB and the HNB-GW. Once the RTP packet arrives at the HNB-GW, it is decrypted and the speech frames are de-multiplexed. When sending the speech frames to the MSC over the Iu-CS interface, there is a single speech frame per ATM or RTP packet.
Since the bandwidth on the uplink and downlink are asymmetric by nature and since the band limits on the uplink normally forms the bottleneck, it is proposed to multiplex the RTP packets on the uplink alone. 
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The estimated packet size and bandwidth for the proposed voice bundling mechanism is shown in table below. Four simultaneous calls over PPPoE consume approximately 150 kbps DSL bandwidth for IPv4 / IPv6.

	Protocol
	Length
	Description

	AMR 12.2 kbps
	124
	(31 x 4)

	IuUP
	12
	(3 x 4)

	RTP header + MUX header
	32
	Per 29.414

	UDP
	8

	IP
	20

	IPSEC ESP
	33

	UDP
	8

	IP
	20

	PPP + PPP on Ethernet
	8

	Ethernet
	18

	AAL#5
	8

	ATM
	80
	Pad included

	Total
	371
	 148.4 kbps


2.1 Principles of Multiplexing

This section summarises the multiplexing principle as defined in TS 29.414.

2.1.1 Without RTP header compression
The packet format of the multiplexed data unit is shown below. In this sample, RTP header is not compressed. 

For the subsequent sections, the details of the parameters are exactly as defined in RFC_791 (IPv4), RFC_2460 (IPv6), RFC_768 (UDP) and TS 29.414 section 6.
The number of multiplexed RTP packets per IP packet is only limited by the maximum size of the IP datagram itself. 


[image: image2.emf]7 6 5 4 3 2 1 0

Source IP, Dest IP, ...

Source Port, Dest Port=<MUX port>, Length, ...

Mux Id = (Dest. UDP Port of MUX PDU) / 2

Length Indicator

Source Id = (Source UDP port of MUX PDU) / 2

RTP Packet

MUX Header

RTP Packet

….

….

IP

UDP

MUX 

header

RTP 

header

T=0

MUX 

header

MUX 

header

R

20/40

8

2

1

2

x

5

y

5

z

RTP 

payload

Bits  / 

                 Bytes


2.1.2 With RTP header compression
The packet format of the multiplexed data unit is as shown in figure below. In this sample scenario, the RTP header is compressed. 
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The differences between the two figures are indicated by the RED text. The advantage of using the RTP compressed header is that it results in a “marginal” savings of the backhaul bandwidth and may not be satisfactorily possible to justify or require its implementation if the number of multiplexed UEs remains small. 
However, if the HNB (in some use cases such as enterprise, super femto etc.) is expected to service a larger number of “connected” mode UEs, the benefits of using compressed RTP header may become apparent although it is difficult to quantify. 
2.2 Comparison to alternative proposals 

1. Single RTP stream with multiplexed voice frames per RFC 4867: 
a. Advantage: Less overhead
b. Disadvantage: The RTP stream cannot be associated with a particular UE and thus that control signalling also needs to be developed to associate a multiplexed frame with a particular UE.

2. ROHC in the IPsec layer: 
a. Advantage: Also applies to user data. 
b. Disadvantage: Computationally expensive. Does not scale very well. Doesn’t reduce the ATM overhead associated with separate IP packets for each UE.

3. DTX and Statistical Multiplexing: Since the HNB supports discontinuous transmission (DTX), there is a statistical multiplexing effect that reduces backhaul bandwidth. With DTX, the HNB doesn’t transmit voice frames every 20ms during silence periods in the conversation. DTX, in combination with some packet header compression, thus provides an alternative path for reducing backhaul bandwidth. 
a. Advantage: Can be combined with the proposed scheme to make average throughput lower and provide higher simultaneous non-real-time throughput. 

b. Disadvantage: Average duration of periods where all 4 calls are active is in the order of several hundred milliseconds, which is too long to support high quality voice.

3 Proposal

a. It is proposed that RAN3 adopts the mechanism defined in TS 29.414 for multiplexing of CS on the uplink from the HNB to HNB-GW. 
b. It is also proposed to approve the corresponding Change Request that captures the statement in (3.a) in TS 25.467

4 References

1) TS 25.467 REL-8 v8.0.0
2) TS 29.414 REL-8 v8.2.0
3) RFC 791 (IPv4) 

4) RFC 2460 (IPv6)

5) RFC 768 (UDP)
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