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1
Introduction
This document describes a method to reduce uplink bandwidth requirements for the HNB Iuh interface. The principle is based on the RTP frame bundling and RTP header compression principles in 29.414 (Nb). 
2
Discussion
2.1 Background

A majority of HNB suppliers and potential operators believe that 4 simultaneous calls per Femtocell is a minimum capacity requirement. Operators intend to use this number in marketing material and must thus support this in a majority of their deployed households.
Typical provisioned ADSL rates are 256/1500 or 384/15000 kbps. With some allowance for other simultaneous services, such as VPN for corporate access, and call control signalling, the available sustained uplink bandwidth is in the order of 200kbps. Since each IP packet is mapped into a sequence of ATM frames, there is per-packet overhead due to ATM headers and padding to fill out the final 48 octet ATM payload. In order to support the target of 4 simultaneous calls, bandwidth-reducing functionality is required,

The below analysis assumes voice frames are carried within an IPsec tunnel over Iu with RTP transport option. Numerical examples are provided based on PPP over Ethernet over ATM, a common ADSL protocol stack in North America, as well as for PPPoA. Performance is also improved if IP header compression [RFC3544] or ROHC [RFC5225] is supported on the DSL link, but this cannot be assumed to be generally available.

The below table provides the packet size for a 12.2kbps AMR speech frame carried in RTP over an IPsec tunnel. Note that in addition to the 5 octet header, the fixed ATM packet size may require padding to fill out the 48 octet payload. IPsec tunnel mode is used to provide voice confidentiality both when traversing the in-home network and when traversing public broadband access network and potentially the Internet.
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Table 1. Packet overhead for AMR-NB voice call for PPPoE

Without further optimisations, only two simultaneously active calls can be supported with 200kbps backhaul bandwidth. Due to the delay-sensitive nature of voice service, it is not recommended to buffer and bundle multiple speech frames for the same terminal. 

2.2 Voice Frame Bundling

In order to overcome the uplink bandwidth limitation, the HNB bundles the uplink speech frames from different terminals into a single IP packet, containing multiple compressed RTP frames, and it is sent to the HNB Gateway. The speech frames are de-multiplexed by the HNB-GW to ensure backward compatibility with legacy core network MSC. The principle is shown in Figure 1. 
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Figure 1. Principle of uplink bundling for Iu-to-Iu based Femtocell Solution

Speech frames arrive at the HNB from multiple terminals. It buffers all frames until that from the last terminal has arrived, and thereafter creates an IP packet where a (compressed) RTP header is added to each voice frame and they are concatenated one after the other according to the principles already defined for the Nb-interface [3GPP 29.414]. The IP packet is thereafter sent over the IPsec tunnel set up between the HNB and the HNB Gateway to provide voice confidentiality. 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.

Speech frame bundling is not performed for downlink, since the available bandwidth is sufficient and this would introduce significant complexity to the HNB-GW due to need for per-HNB queues. 

The protocol fields when utilizing compressed RTP headers is shown in figure 2.
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Figure 2: UDP/IP Packet with multiplexed RTP/IuUP payload PDUs with RTP header compression
The estimated packet size and bandwidth for the proposed voice bundling mechanism is shown in table 2. Four simultaneous calls over PPPoE consume approximately 150kbps DSL bandwidth for IPv4 and IPv6.. (Note that if 8 octet could be removed, as is the case when using frame format according to 29.414 SIP-I-based Nc profile, each IPv4 packet requires one less ATM frame and the peak rate drops to 130 kbps. ) We also note that RTCP can be sent in parallel without exceeding the 256kbps uplink as long as two RTCP packets aren’t sent within 20ms of each other.

Four simultaneous calls over PPPoA consume approximately 130kbps DSL bandwidth for IPv4.

If the time alignment of the 4 calls are uncoordinated, the voice bundling adds up to 12-13ms delay to the uplink bearer stream.
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Figure 3. Packet overhead for 4 bundled calls over PPPoE and PPPoA

The advantage of retaining IuUP over the HNB backhaul is transparency for functions such as TrFo and time alignment. The use of Iu rate control to further reduce bandwidth by trading off voice quality in situations with many users, is for further study. As mentioned above, IP header compression negotiated for PPP or inside IPsec could further reduce the required bandwidth. 
Comparison to alternative proposals 
1. Single RTP stream with multiplexed voice frames per RFC4867: Advantage is that the overhead is slightly less. Disadvantage: The RTP stream can not 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: Advantage: Also applies to user data. Disadvantage: Doesn’t reduce the ATM overhead associated with separate IP packets for each UE and is computationally expensive.

3. DTX and Statistical Multiplexing: Since the Femtocell supports discontinuous transmission (DTX), there is a statistical multiplexing effect that reduces backhaul bandwidth. With DTX, the Femto Access Point doesn’t transmit voice frames every 20ms during silence periods in the conversation. Discontinuous Transmission, in combination with some packet header compression, thus provides an alternative path for reducing backhaul bandwidth, Assuming a simple on-off voice activity model with exponential distributions, 50% activity level, and average of 1.5s talkspurt duration, 4 simultaneous calls are active only 6% of the time. Advantage: Can be combined with the proposed scheme to make average throughput lower and provide higher simultaneous non-real-time throughput.
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.

4. Tunneling Multiplexed Compressed RTP (TCRTP) [RFC4170]: Disadvantage: The L2TP tunnel adds additional overhead when the number of voice calls is low. CRTP doesn’t perform as well as ROHC when subject to packet loss and reordering.
3
Conclusion

This concept reduces the peak Iuh bandwidth, when serving four simultaneous voice calls, to below 150kbps for DSL backhaul. It leverages principles for bandwidth reduction already embraced in 29.414 (Nb) section 6.4.
4
Proposal
It is proposed to agree on the principles of the uplink voice bundling proposal outlined in chapter 2 and that this is recorded in TR 25.820 and other relevant TRs together with associated modifications.
Input is solicited whether further detailed specification work on voice bandwidth reduction according to the above principles should be added to

a) 25.414, mainly  as a new section 5.1.4

b) In a new data transport specification for Iuh interface
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		Protocol		Packet length

		AMR 12.2kbps		31

		IuUP		3

		RTP		12

		UDP		8

		IP		20

		Ipsec ESP		33		ESP=8, IV=8, ESPtrail=4, ICV=12, pad=1

		UDP		8

		IP		20

		PPP+PPPoE		8

		Ethernet		18

		AAL5		8

		ATM		43		Incl padding

		Total		212

		Peak rate		84.8		kbps
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		Protocol		PPPoE [octets]		PPPoA [octets]

		AMR 12.2kbps		124		124		each call

		IuUP		12		12		3 for each call

		Comp RTP + MUX header		32		32		for each call RTP=3, MUX=5

		UDP		8		8

		IP		20		20

		Ipsec ESP		33		33		ESP=8, IV=8, ESPtrail=4, ICV=12, pad=1

		UDP		8		8

		IP		20		20

		PPP+PPPoE		8		1

		Ethernet		18		0

		AAL5		8		8

		ATM		80		52		Incl padding

		Total		371		318		[octets]

		Peak rate		148.4		127.2		kbps

		Calls		4
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