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1 Introduction
TS 26.114 [1] specifies terminal behaviour for MTSI terminals in voice services. The 3GPP transports  considered are EDGE and HSPA. In addition, WLAN and public Internet have also been considered as possible access types with which MTSI terminals need to inter-work. 

2 Inter-working between HSPA and GAN
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Figure 1: VoIP call between MTSI terminals in HSPA and GAN networks
Figure 1 shows the network elements and airlinks involved in a VoIP call between two MTSI terminals located in HSPA and GAN networks, respectively. The HSPA airlink is marked as “1” and the GAN airlink is marked as “2”. The MTSI HSPA terminal communicates with the Node B over the HSPA airlink. The speech data is carried over the core network which interacts with the Generic Access Network Controller (GANC) to communicate with the MTSI GAN terminal over the GAN airlink marked as “2”.
TDoc S4-AHM007 mentions that the packets errors can be high on the GAN airlink “2” and hence for reliable voice quality speech redundancy needs to be used. It is obvious that the problem lies in the GAN network and not in the HSPA network. Hence, mandating the use of speech redundancy on the HSPA MTSI terminal will unnecessarily burden the HSPA network resulting in voice capacity reductions in the 3GPP HSPA network. This is further elaborated in the following sections. Section 3 provides details on the voice quality and capacity impacts on the HSPA network due to the use of speech redundancy. Section 4 provides one possible solution to alleviate this problem. 
3 3GPP service considerations

RAN2 has defined optimized RABs for Config-NB-Code=1 (AMR NB) and Config-WB-Code=0 (AMR WB) in HSPA. These optimized RABs enable the best possible speech quality while efficiently using the radio resources of the HSPA airlink. Deviating from the use of these optimized RAB configurations, will obviously result in both radio link and system inefficiencies, and thus should be avoided.
3.1  Speech redundancy 
The options proposed in SA-AHM007 for using speech redundancy are shown in Tables 1 and 2 for AMR and AMR-WB, respectively. The payload sizes and MOS scores under clean conditions are also shown. 
	Option
	AMR mode
	Percentage redundancy
	Vocoder payload
	Bandwidth overhead 
	MOS


	1
	12.2
	0
	31
	-
	4.01

	2
	5.9
	100
	30
	-
	3.72

	3
	4.75
	200
	36
	16%
	3.50


Table 1: Redundancy options for AMR 
	Option
	AMR-WB mode
	Percentage redundancy
	Vocoder payload
	Bandwidth overhead
	MOS


	
	
	
	
	
	Finnish
	English

	4
	12.65
	0
	32
	-
	3.8
	3.9

	5
	6.6
	100
	34
	6.3%
	3.4
	3.0


Table 2: Redundancy options for AMR-WB 

For AMR-NB, from Table 1, we can observe that option 1 will result in efficient use of the HSPA airlink resources. Use of option 2 will result in voice quality degradation, a 0.3 drop in MOS and  the use of option 3 will result in both voice quality degradation, a 0.5 drop in MOS, and inefficient use of the HSPA airlink resources, a 16% increase in bandwidth.

Similarly, For AMR-WB, from Table 2, we can observe that option 4 will result in efficient use of the HSPA airlink resources. Use of option 5 will result in both voice quality degradation, a 0.9 drop in MOS for English and a 0.4 drop in MOS for Finnish and also inefficient use of the HSPA airlink resources, a 6.3% increase in bandwidth.

Hence, the preferred solution should be: use option 1 for AMR-NB and option 4 for AMR-WB. It has been pointed in S4-AHM007 that the unreliable airlink on the GAN network might not enable reliable voice quality. If this is true, the right place to solve this problem is in the GAN network and not in the HSPA network.
4 Potential solutions

4.1 Transcoding in the core network

The main impact of the added redundancy are the bandwidth expansion due to speech redundancy is on the HSPA airlink as well as additional voice delay and processing power requirements on the terminal. The other links, do not have as stringent a bandwidth requirement as the HSPA airlink. Hence one potential solution to alleviate this issue is to move the point at which redundancy is added/removed from the HSPA terminal to a media gateway (MGw) in the core network. In this setup, the MTSI HSPA terminal generates packets with one speech frame per packet, the MGw receives these packets and reencodes/repacketizes these with speech redundancy added. Similarly, in the other direction, the MTSI GAN terminal transmits packets with speech redundancy which is received by the MGw. The MGw removes the speech redundancy and transmits to the MTSI HSPA terminal packets with one speech frame per packet
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4.2 Core network and GANC interaction
Add multiple options, core network, rate adaptation, GANC. Don’t attack GANC
TS 43.318 [2] states that the core network interacts with the Generic Access Network Controller (GANC) as though it was an A/Gb mode BSS. The generic IP access network provides connectivity between the GANC and the MS. The GANC entity inter-works between the A/Gb interfaces and a generic IP access network, using the following functionality:

-
User plane circuit switched services: 

- 
Reframing of AMR/RTP to AMR/(A-interface framing)

-
If non-TrFO, transcoding voice to/from the MS to PCM voice from/to the MSC.

-
If TrFO, transcoding maybe required if a common codec cannot be negotiated.

The presence of GANC provides the following benefits:


· The GANC can perform speech redundancy, if required 

· It can introduce speech redundancy on the downlink to the GAN terminal

· It can remove speech redundancy introduced by the GAN terminal
· Addressing this at the GANC has the potential advantage that this solution can also be used for speech calls between MTSI GAN terminals and GSM CS terminals. 

· The GANC can potentially be aware of the GAN airlink status

· Speech redundancy could be adaptively turned on or off
· The HSPA terminal does not need to use speech redundancy

· There is no impact on HSPA voice capacity due to the unreliability on the GAN airlink 

4.3 WLAN improvements for VoIP
The problem mentioned in [2] may be best addressed in one of the WLAN related standard bodies such as the IEEE 802.11 or the Wi-Fi Alliance since it is specific to these devices. So far no standard or test plan exists to check the performance of commercial VoWLAN devices. A few potential improvements to lower the VoIP PER on WLAN are mentioned below.
Rate adaptation in typical WLAN access points is not tuned for VoIP..To achieve good performance for VoIP services, the rate adaptation has to select more conservative rates than that for data services in order to deal with the fades associated with mobility..If the rate adaptation were tuned for VoIP services then the packet loss on the WLAN airlink can be better controlled. Hence, there will be no necessity to use speech redundancy in MTSI services, as the AP can control the packet errors experienced by the WLAN device.
Using the Wi-Fi Multimedia (WMM) extensions may help ensure that the appropriate priority and bandwidth are available to the VoIP call.
The gains provided by MIMO techniques can improve coverage and performance.

When the quality of the call on WLAN is not acceptable, a handoff to another radio technology should be performed. When the quality of the call on WLAN is not acceptable, it is anyway expected that a handoff to another radio technology (GSM or UMTS) is performed[3]. This is already supported by the GAN specification. 
5 Conclusions
For the above mentioned reasons, it is not necessary to support speech redundancy for HSPA MTSI terminals. Hence it is recommended that HSPA terminals are only mandated to encapsulate one speech frame per RTP packet.  Furthermore, it should not be mandated for HSPA MTSI terminals to support reception of upto 12 speech frames in a single RTP packet.
6 Reference

[1] S4-AHM022 TS 26.114, “IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction”.
[2] TS 44.318, “Generic Access (GA) to the A/Gb interface; Mobile GA interface layer 3 specification”.
[3] TS 23.206, “Voice Call Continuity between CS and IMS; Stage 2 (Release 7)”

� MOS values are from Figure 5.2 of TR 26.975


� MOS values are from Figures 8.1 and 8.2 of TR 26.976
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