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1. Introduction

A new study item “DCH Enhancements for UMTS” was approved in TSG-RAN#58 [1]. This contribution provides a text proposal on CS Voice over HSPA to the Technical Report [2].

2. Text Proposal
[------------------------------------------------------------- TEXT START --------------------------------------------------------------]
8.   Voice over HSPA

8.1
General overview of CS Voice over HSPA

In CSoHSPA, a feature available as part of Rel-7, circuit switched voice services are made available on top of packet-switched HSPA. The ability to share the same resources with PS data traffic and the greater link efficiency of HSDPA compared to R99 then directly translates to increased voice user capacity in the downlink. 

While the CSoHSPA support only requires (in addition to HSDPA and HSUPA) a de-jitter buffer in the RNC and UE, there are a number of HSPA related improvements that can be directly applied with CSoHSPA for better system performance: 

· HARQ with 2 ms TTIs (2ms/10ms TTI on UL) (link efficiency),

· CPC (DTX, DRX) (reducing interference in the uplink, saving UE battery time),

· Enhanced F-DPCH (removal of code limitations),

· SRB over HS & E-UL (advantages of HSPA also for SRB).

· HS-SCCH less operation (control overhead for small packets),

Other HSPA features have been designed to further improve CSoHSPA user experience:

· Enhanced Serving Cell Change (eSCC), (faster and more robust HO)

· QoS Aware Scheduler, 

· Bi-Casting, (shorter voice interruption at times of serving cell change)

· RLC Duplicate Packet Detection for RLC UM (enabling the implementation of bi-casting in the UTRAN),

· Dynamic transition to 10ms TTI (enhancing coverage).

In addition, the UE receiver performance improvements specifically defined and implemented for HSDPA traffic end up benefiting voice services as well when voice is delivered with HSDPA radio.

All of these features are already standardized in past releases of 3GPP and many have been widely implemented in commercial networks, mainly directed towards data traffic. 

Voice services present very stringent requirements on end-to-end delay and on packet loss. While those requirements can be easily met in HSPA for stationary users, special care has to be taken during serving cell changes: There, the gap in user plane connectivity and obviously also the call drop rate must be minimized in order to achieve high user satisfaction. In the following we will give a more detailed view of the above mentioned features that are addressing those requirements of a robust and fast serving cell change (SCC). 

8.2    Voice over HSPA details
In this section, further aspects of voice over HSPA are detailed to ease the compression to proposed feature. 
8.2.1 Serving Cell Change, enhanced Serving Cell Change, and nodeB-terminated bicasting

Some worry has been expressed on CS over HSPA potentially presenting reliability problems for call maintenance during serving cell change (SCC) procedure. In [4], it is shown that robustness issues during SCC may arise in extreme mobility scenarios, such as urban canyon (Manhattan grid). This has been indicated as one motivation for the introduction of DCH enhancements for voice services to Rel-12 [3]. 

In extreme radio conditions where the serving link deteriorates very fast the user plane connectivity may be affected as the link adaptation may not react fast enough to maintain the target BLER, or because of the interruption in link connectivity that may occur during a SCC. In the worst case the link will deteriorate so fast that the RNC can no longer communicate to the UE a new target cell via RRC messages over the original link as part of the SCC. Thus, in the above described scenario there is a higher risk of voice interruptions or call drops.

One approach to tackle these two issues of call drop and user plane interruption is to fine-tune the parameters to accelerate the execution of the SCC procedure. In this case, a trade-off can be observed: If the network is parameterized to react to rapidly changing channel conditions, it will be able to cope with the degradation of the CPICH Ec/No of the serving cell in urban canyon environments. However, in macrocell environments, there will be an increased risk of a pingpong handover effect.

Alternatively, the network can perform an enhanced serving cell change (eSCC), which has been standardized in Rel-8 and is described in [5]. The eSCC procedure features the concept of target cell pre-configuration, which adds robustness to the HS-DSCH SCC procedure by allowing the network to send the HS-DSCH SCC command over the source cell as an RRC message and/or over the target cell as an HS-SCCH order.

Yet another technique to reduce the amount of lost packets is to bicast the voice packets from the RNC to the source and target cells during the SCC procedure. We note that the UE will receive the packets only from one cell at a time, but the availability of the data immediately prior to the switch in the source and immediately after the switch in the target cell is ensured.

As shown in [4], the above approaches and their combination lead to almost gapless and error-free voice connectivity during a serving cell change.

8.2.3 Mobility

WCDMA+ is intended to build on the well established Voice over DCH technology. The main advantage is an increased capacity whilst maintaining the robustness advantages of soft handover.

As mentioned earlier, for HSPA there already exists a number of ways to address the robustness in mobility, already to a near-error free performance

In addition to the established and well researched techniques, the introduction of Multiflow has opened the door to bringing even larger robustness for voice services [6]: 

Call drop: With Multiflow+SRB, the concept of the serving cell change involves only reconfiguring already established links. Hence, a call drop can be made very improbable, just as in R99 SHO. The existing methods, e.g., bicasting can be applied for SRBs with Multiflow as well.

User plane connectivity: in Multiflow, a large number of options exists to manage user plane connectivity during SCC,e.g.: 

· plain Multiflow RNC based selection of the better link, 

· techniques of active buffer management of the cells when one link becomes unavailable, 

· nodeB- or UE-terminated bicasting,

· hybrid versions of the above. 

For instance it is easy to bring about a “graceful handover” of an active voice connection. At first a Multiflow link is established to the target but data continues to be routed only over the source. Eventually, the voice data will be bicasted through both links, and finally only through the target. This simple example shows that with no effort at all both robustness as well as link efficiency can be easily balanced.

Namely, Multiflow and bicasting may present interesting gains and solve robustness and call break issues. To solve robustness issues for HSPA means ushering in added user capacity that only CS over HSPA can achieve. 

8.2.4 Capacity
Figure 1 shows the capacity achieved by different technologies, with different codec data rates. Considering results for WCDMA+ with a classic 12.2kbps AMR codec, it can be seen that the capacity is close to 15 users/cell/MHz whilst CSoHSPA offers a capacity in the order of 25 users/cell/MHz. This presents a considerable gain over WCDMA+. More detailed evaluation of voice over HSPA can be found in section 8.4.x.
On the other hand, Figure 2 shows the residual capacity for a fixed number of voice users. Considering R99 as the baseline, with 48 voice users and 10% residual HSDPA resources, it can be seen that CSoHSPA offers 3.2Mbps residual HSDPA throughput, a gain of close to 40% over WCDMA+.
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Figure 1 Voice capacity enhancements with HSPA and WCDMA+
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Figure 2 Residual HSDPA throughput versus number of voice users per cell

Thus, voice capacity can be enhanced by running voice on top of HSPA instead of using WCDMA+ dedicated channels. As discussed previously, the capacity benefits come from the fact that all HSPA performance enhancements can be applied also for voice, including advanced receivers, interference cancellation, fast retransmissions, adaptive modulation and coding and fast scheduling. These enhancements improve voice capacity by 30-50% over WCDMA+. Furthermore, the voice service on top of HSPA can also be used for Voice over IP (VoIP). The benefit of HSPA radio is that both voice options are supported and the transition from CS voice to VoIP (and thus VoLTE) can be introduced flexibly when needed.
8.3 Simulation assumptions for Voice over HSPA 

8.3.1
Link Simulation Assumptions for Voice over HSPA

[---------------------------------------------------------------- TEXT END --------------------------------------------------------------]
3. Conclusions
Proposal: It is proposed to agree to and capture this text proposal in the TR for “CS Voice over HSPA” SI.
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