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Aspects of latency improvements and support of conversational services over GERAN
1 Introduction
During the last TSG GERAN meetings, latency improvements have been studied, including Reduced Transmission Time Interval (R-TTI), techniques to provide fast ack/nack reports and high speed hybrid ARQ (HS-HARQ). The goal of this paper is to discuss the complexity and merits of these improvements, in particular in relationship with the support of conversational services over GERAN (with VoIP as a target).
2 Complexity of the proposed improvements
Without getting into details, it is obvious that the proposed latency improvements techniques will be complex to specify and implement.
R-TTI modifies one of the basic principles of GSM/(E)GPRS, i.e., interleaving over 20 ms, with possible impact on quality due to the reduced or suppressed frequency diversity effect. 
Multiplexing of mobile stations operating with R-TTI and legacy mobile stations, although presumably feasible, will be complex (cf. Ref. [2] and [3] presented in TSG GERAN#29).
HS-HARQ techniques are heavy changes to the existing (E)GPRS protocols that have been stabilized only after years of specification and testing work. Fast ack/nacks and HS-HARQ also mandate a permanent return channel for the transmission of the ack/nack, which can be power consuming (potentially inducing more drain on the terminal battery) and interference generating (reducing the network spectral efficiency).

Finally, it is still unclear at this stage whether the tight requirements on MS reaction times that are implied by R-TTI can be met in the terminals with reasonable cost and complexity impacts.

3 Use of the proposed latency improvements for services other than conversational
Ref. [1] shows that the improvements brought by reduction of latency for services other than conversational are only modest. We believe that those improvements will not be sufficient to change significantly the user's perception of the corresponding services. An end user will not perceive any difference if, say, an e-mail is downloaded or transferred in 3.5 seconds instead of 4 seconds. Likewise, reducing a Web page download time from, say, 16 seconds to 15 seconds is not a perceptible improvement.

As far as system gains are concerned, due to improved L2 performance and better usage of radio resources, these will likely be very small and anyway only achieved when the penetration rate of terminals supporting R-TTI will be sufficiently high.
In view of the complexity of the proposed changes, as highlighted in section 2, we consider that introducing them for improving services other than conversational is not appropriate.
4 Use of the proposed latency improvements for conversational services 

Conversational services are well-known to require a short end-to-end transmission delay and hence R-TTI and the other proposed latency reduction techniques look promising, if not necessary, in order to enable the support of those services.
However, the most prominent conversational service is VoIP, and it is believed that most of the interest shown for latency reduction is driven by the need to support VoIP over GERAN. Hence support of VoIP over GERAN should be discussed within TSG GERAN, and not only the latency reduction techniques. However, so far no system view of how VoIP would be supported over GERAN has been discussed within TSG GERAN (at least since work started on the Feasibility Study on GERAN evolutions), and it remains unclear what would be the performances of such a VoIP solution.

The following aspects should be addressed:
1) Resource sharing issues: How will several mobile stations engaged in VoIP calls be multiplexed on the same radio resources (timeslots)? How will the resources be shared? How will it be ensured that sufficient resources are made available for all the calls, if trunking effects based on Link Adaptation and DTX are to be used? 
2) Fast ack/nack technique issues: How will DTX be supported with VoIP? The fast ack/nack techniques mandate that, even if voice is only to be conveyed in a particular direction, ack/nacks are to be sent continuously in the reverse direction. This will require power (leading to a potential reduction of handset talk time) and will generate additional interference in the network (leading to a reduction in spectral efficiency as compared to CS voice). We believe there are solutions to these problems, and that some reduction in spectral efficiency as compared to CS voice is probably acceptable, but these items should however be studied in order to ensure feasibility.

3) Combination of techniques to be used to ensure adequate support of VoIP: So far, many techniques have been proposed to decrease latency: R-TTI (with 10 and 5 ms TTIs), fast ack/nacks, event-based ack/nacks, VSRB, HS-HARQ… It remains to a large extent unclear which combination of these techniques is to be used in the end in order to adequately support VoIP and hence needs to be included in the specifications. In addition, interactions with existing features like e.g. Incremental Redundancy also remain unclear at this stage. Although we certainly acknowledge that some of these techniques look promising, we also believe that the different meaningful combinations need to be identified and then compared in terms of system performance before one is selected.
4) Performance of R-TTI and fast ack/nack techniques under realistic radio conditions: It has been highlihted in Ref. [4] that the performance of those techniques in terms of reduction in latency are dependent on the radio conditions; the effective contribution of the air interface in the overall end-to-end delay budget in a VoIP call when such techniques are used will be influenced by a variety of factors such as: reduced latency thanks to R-TTI but increased number of retransmissions due to loss of frequency diversity, number of needed retransmissions depending on radio conditions and consequent ARQ delay etc. So far, the link level performance of the R-TTI and associated techniques has been simulated (Ref. [5] and [6]) on a number of use cases that cover only a small percentage of the possible scenarios. This study needs to be completed before it can be claimed that R-TTI and fast ack/nack techniques ensure a low enough end-to-end delay for VoIP calls and provide significant benefits as compared to legacy procedures.
5) Relation between codec and number of RTSs: What types of AMR codecs will it be possible to use in association with VoIP, and what will be the number of timeslots needed to support a VoIP call using such codecs? This will have a direct influence on voice quality.

6) Robust Header Compression issues: What will be the performance of a VoIP call during PS handover? PS handover in itself is believed to be fast enough, but other aspects need to be analysed, such as RoHC reinitialization after a handover: full RTP/UDP/IP headers will have to be sent just after a PS handover, what will be the amount of additional radio resources needed to convey this excess traffic?
7) Spectral efficiency issues: What will be the overall spectral efficiency of the VoIP solution? Whilst it is believed, as stated above, that some reduction in spectral efficiency as compared to CS voice is probably acceptable, it is also likely that operators will not accept poor spectral efficiencies and hence it is of crucial importance that the spectral efficiency is evaluated.

8) Comparison with FLO and dedicated-channel based solutions: How do methods to support VoIP based on latency reduction techniques compare with the other solutions studied by TSG GERAN about four years ago (based on FLO and dedicated channels)? Comparison should be made in terms of voice quality and spectral efficiency if possible. Dedicated channels can be a reasonable assumption when VoIP is considered.
9) Multiplexing between R-TTI and legacy mobile stations: If latency improvements techniques are necessary for adequate support of VoIP, and if VoIP is indeed the main driver, then is it really necessary to specify multiplexing of mobile stations using R-TTI with legacy mobile stations on the same timeslots? Not specifying this multiplexing would significantly reduce the complexity, and again for VoIP dedicated channels can be a reasonable assumption.

We consider that the latency reduction techniques proposed so far in the Feasibility Study on GERAN evolutions look promising for the support of conversational services and VoIP over GERAN, but that some analysis should be made on how those services will be supported systemwise and with what degree of performances, in order to ensure that those latency improvements techniques, complex as they may be, are indeed the best way forward. Comparison with previously proposed techniques, which also have their complexity, needs to be performed.
4 Conclusions
R-TTI and the other techniques proposed for the reduction of latency are believed to be complex and will drastically impact such specifications as TS 44.060. We consider that those techniques can be useful to enable the support of conversational services over GERAN, but that they have little interest for other types of applications. If standardization of conversational services (with VoIP as a clear target) is the primary objective, we would recommend that a system view of operation of VoIP over GERAN is elaborated first (this can be done under the already open work item for support of conversational services over GERAN) in order to ensure that R-TTI and the other techniques proposed so far in the Feasibility Study on GERAN evolutions for the reduction of latency are indeed necessary and sufficient to provide support of VoIP with an adequate level of performances (in terms of spectral efficiency, voice quality and interruption during PS handover). In that perspective, it seems necessary to compare R-TTI and the associated techniques with the other proposals which had been considered four years ago by TSG GERAN for the support of conversational services (based on the Flexible Layer One concept). Other arguments in favour of this approach can also be found in Ref. [7].
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