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1. Introduction

The Rel. 6 HSDPA operations efficiency can be simplified, particularly the voice services which are characterized by the small packet size and real time features such as low delay and jitter. The VoIP have potential benefit for the seamless mobility due to the all-IP network architecture. Moreover, the packetized voice can also improve the voice capacity. This contribution proposes to study the traffic characteristics and possible enhancements.
2. VoIP Payload and Traffic Characteristics 
Supporting both the AMR-NB and AMR-WB is favorable in 3GPP RAN2. Based on the simple payload analysis, most of the time the dynamic range of the payload is 541 bits to 99 bits (in rare case, the payload can go up to 1021 bits with full header transmission, AMR-WB_23.85). It is seen that for the VoIP, the normal payload is much shorter than for the background data service like web browsing. 

The bit rate of the voice service is semi-constant during the on-stage. Compared to background data services, the voice service is bursty and tolerates a certain amount of delay. Considering that the HARQ retransmission cycle is in the order of 10ms, we would suggest that the maximum number of retransmissions for the VoIP is set to 1.
3.  Possible Enhancement
3.1. Channel-Based Adaptive MCS vs. HARQ   

We ran simulations to compare the channel-based adaptive MCS versus the HARQ. It has shown that most of the gain is obtained by the HARQ process. The additional gain achieved by the AMC is limited to the high-end of the geometry.  
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Figure 1:  Link Level Simulation Results (VehA).

The AMC requires the fast CQI feedback on the uplink, and also requires additional notification overhead on the downlink. In the case that large number of users is supported, reducing the uplink overhead and the downlink notification overhead is important. 

Hence we propose to disable the fast CQI feedback on the uplink for the VoIP. The link adaptive MCS should also be disabled. The modulation is fixed to QPSK. 

3.2. Variable transport block size

From the analysis of the VoIP payload, multiple transport block size may still be supported. But the number of transport block sizes required for the VoIP is much reduced. 

It is observed from Annex A of [2] that single SF=16 code is enough for the normal VoIP payload with QPSK. This can also reduce the notification overhead. In Rel 6 HSDPA, the channelization-code set information uses 7 bits out of total 37 bits notification. The used channelization code can be notified to the UE during call setup stage. 
To further optimize the VoIP, the following may be considered:

1) The largest TB size adopted should be not less than 541 bits in order to reduce the segmentation effect for the normal operations. 

2) For the very small size VoIP payload (99 bits SID), higher layer padding may apply, and then fit for the index 1 TB size. The smallest TB size adopted should try to match 99 bits as close as possible.  

In summary, variable TB sizes should be supported in the VoIP. The scheme is not for the link adaptation but for the optimized segmentation effect. 

3.3. HARQ Process and Redundancy Version

For the VoIP, single SAW HARQ process is normally enough due to its 20ms gap for each AMR frame. Note that the HSDPA TTI is 2ms only. Since the suggested maximum retransmission times is set to 1, single HARQ process is enough (retransmission cycle is 10ms order). Implicit or pre-configured RV version can be used to further reduce the notification overhead. 
4. Enhanced Notification 

Currently there are total 37 bits needed to notify the users in the packet data operation for the HS-SCCH. This means 12% overhead in the full AMR-NB case. It has been shown that the AMC is not suitable for packetized voice since the gain is small and the incurred UL overhead is high (CQI feedback) in 3.1. In 3.2, in order to optimize the segmentation effect, variable TB size should be supported in the VoIP. We also need 1 bit NDI since the retransmissions and the original transmissions share the same resource.  

The VoIP notification should include two portions: semi-static portion and dynamic portion. The semi-static information for the VoIP calls is: modulation scheme, channelization code (allocated during the call setup stage), implicit redundancy version, and the single HARQ process. Further, the used subset of the transport block sizes is also signaled to the UE.  The fast-adaptive information payload needed over the HS-SCCH is: the NDI, shortened TB size and UE CRC sequence (calculated by the payload length and the H-RNTI). By using the proposed notification, the overhead is significantly reduced. 
We propose the following notification sub-field for the HS-SCCH for the VoIP shown in Figure 3.


[image: image2.emf] 

UE  CRC  Sequence  

NDI  

TB size  


Figure 2. The format of the sub-field.

5. NACK based stop-and-wait ARQ
The HSDPA retransmission mechanism employs an ACK/NACK based feedback system which is expected to cause large amounts of feedback for the VoFP system. In order to reduce feedback we propose a NACK-only based feedback mechanism such that the UE transmits NACKs when a received packet is in error and transmits nothing when the received packet is decoded correctly. This reduces uplink interference significantly when compared with the ACK/NACK based system. The simple On-Off keying scheme can be utilized for this purpose. 
6. Summary 
Traffic characteristic and possible enhancements for the VoIP were studied in this document.

It is proposed to:

· Fix the maximum number of retransmission for VoIP to 1

· Disable fast CQI feedback on UL for VoIP

· Link adaptation should also be disabled

· Modulation scheme is fixed 

· Variables TB sizes should be supported in VoIP

· NACK only HARQ process to reduce Uplink overhead

· Adopt a new notification subfield for HS-SCCH in order to reduce the overhead.

· Notification should be split for VoIP into 2 parts: one is semi-static portion and another one is dynamic portion. The semi-static portion is signaled to the UE via high layer signaling and can be slowly changed. The dynamic portion is changed on the TTI basis.
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