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1. Introduction

Contribution [2] argued that the HS-SCCH added a significant overhead to each HS-DSCH transmission. Although this overhead is relatively small for transmission of large packets of data, such as in the presence of full-buffer type of traffic, it was shown that it is considerable for IMS real-time services such as VoIP.

The contribution proposed to alleviate this overhead by allowing for each UE 2 HS-DSCH formats to be transmitted without HS-SCCH. Furthermore it presented how this new subframe format can be used in conjunction with gating for improved UE battery life.
Contribution [1] presented at the last RAN1 meeting provided details on the operation of HSDPA without HS-SCCH for VoIP traffic. This contribution presents additional performance results on HS-SCCH-less HS-PDSCH operation. The resource savings associated with this approach are captured in terms of the increase in the throughput for background best effort (BE) users and hence, increase in over all system throughputs. 
2. HS-SCCH-less Subframe Format
Recall that Contribution [1] proposed to define a new subframe format for the HS-DSCH. The new subframe format is the same as the current HS-DSCH subframe format, except that:

· The HS-SCCH is not transmitted.

· Only pre-defined 2 TB sizes are allowed. (semi-static, configurable per UE)

· Only QPSK is allowed.

· Only one pre-defined HS-PDSCH code can be used per UE. (semi-static, configured per UE)

· Each UE is told via signaling to only listen to one particular OVSF code for transmissions using the new subframe formats. The UE must therefore monitor that code for a transmission in addition to monitoring the HS-SCCH as in Release 5/6.

· HARQ is limited to:

· 2 retransmissions.

· Synchronous IR.

· The redundancy version is pre-defined. (static, non configurable)
· The CRC on the MAC-hs PDU is 16-bits, and is UE specific.

· Its generation follows the same procedure as the CRC currently on the HS-SCCH.

· The UE does not transmit negative acknowledgements (NAK)

2.1. UE Complexity Discussion
When an HS-SCCH-less transmission occurs the UE does not know the payload size, or the HARQ information for combining. The UE must therefore blindly decode for both of the possible payload sizes. Furthermore, since SIR with 3 transmissions is used, the UE must decode for all 3 possibilities: TTI is a 1st transmission, TTI is a 2st transmission, and TTI is a 3rd transmission. The UE must therefore perform a total of 2*3 = 6 blind decodes.
The first 3 blind decodes are based on the assumption that a somewhat small payload was transmitted, of at most N1 bits. This would correspond, for example, to an AMR-NB full-rate frame. The next 3 blind decodes are based on the assumption that a very small payload was transmitted, of at most N2 bits. Both N1 and N2 are semi-static values.
In order to minimize complexity we set

· N1 = 353 bits; this is sufficient to carry a 12.2 kbit/s AMR-NB or 12.6 kbit/s AMR-WB speech frame.
· N2 = 161 bits; this is sufficient to carry an AMR-NB or AMR-WB SID frame.

To control complexity of the de-interleaving and rate-matching process we restrict the redundancy versions of successive transmissions to be Xrv = (0, 0, 0). In other words energy combining (“Chase” combining) is used. There is virtually no performance loss in fixing the redundancy versions in such a manner, since the code-rate of these small payloads is already close or at the lowest code-rate achievable by our code (R=1/3).
With these assumptions in hand, the main complexity resides in the ability to performing the 6 decodes. The first 3 decodes are for a payload of at most N1 = 353 bits. The 3 next decodes are for a payload of at most N2= 161. The total number of bits that need to be decoded is therefore at most 3*353 + 3*161 = 1’542 bits.

Consider that the lowest capability UE (Categories 11 and 12) must be able to Turbo decode 3’630 bits in that same amount of time (and process up to 14’000 soft channel bits). Furthermore the UEs typically deployed nowadays can decode 7’298 bits.

Noting that there is no other Turbo decoding on the HS-DSCH required when HS-SCCH-less operation occurs, we conclude that the proposed HS-SCCH-less operation can be accommodated within the existing Release 5 UE complexity.
2.2. CRC Discussion
Contribution [1] suggested using only a 16-bit CRC for the HS-SCCH-less formats, instead of the traditional 24-bit CRC.

The false alarm rate of a 16-bit CRC is 2^(-16). At each TTI the UE decodes 6 possible ways; if any of these decodes incorrectly triggers the CRC to check, a packet will be incorrectly forwarded to the upper-layers.
With 6 decodes per TTI and a false alarm rate of 2^(-16), we get that the mean time between false alarms will be:


[image: image1.wmf]seconds

 

8

.

21

2

6

10

2

16

3

=

×

×

-

-


With a 24-bit CRC we get a false alarm rate of 
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A 24-bit CRC is therefore preferable; we recommend retaining the 24-bit CRC.
3. Additional Simulation Results

The system integrates modeling of simultaneously using new formats with synchronous IR and 3 transmissions as well as old formats with asynchronous IR and 4 transmissions. The simulations also explicitly track OVSF code usage for the HS-PDSCH, model code collision and OVSF space segmentation.

The results highlight the relationship between real-time services load and best-effort (BE) throughput by characterizing the increase in BE throughput due to the introduction of the new subframe format for the real-time services.
The real-time service modeled in these simulations is VoIP IMS using the AMR 12.2 kbit/s vocoder. The simulations consider 5 BE users per cell with the following assigned geometries {0, 1.5, 2.5, 3, 5dB}. Detailed simulation assumptions are explained in the Annex.

Figure 1, Figure 2, and Figure 3 plot the variation of total best-effort throughput with increasing number of VoIP users for systems without and with the introduction of the new subframe format. Results exhibit a significant increase in BE throughput for the range of 50-100 VoIP users. As observed, the relative performance gains in terms of BE throughput increases as the number of VoIP users (allowed to use to the new subframe format) in the system increase. As the system approaches the VoIP user capacity, the BE throughput goes to 0. This is because the BE users utilize only the residual throughput and are scheduled after the VoIP users.
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Figure 1: Performance Results – AWGN channel
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Figure 2: Performance Results – Ped B, 3 km/h channel
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Figure 3: Performance Results – Veh A, 30 km/h channel
As an example, assume the system of Figure 2 with a load of 50 VoIP users (or an equivalent of some other multimedia users such as gaming or video-telephony). The introduction of the HS-SCCH-less operation offers the operator of that system the following possible benefits:

· Increase the number of VoIP users from 50 to 70 users, without impacting the best-effort throughput.

· Maintain 50 VoIP users, and the best-effort throughput will be increased 270%.

· Operate flexibly anywhere between the previous two points of operation.
4. Conclusion
The new subframe format proposed in [1] and [2] is backward compatible, does not introduce any significant waveform changes, and provides the following capacity benefits:

· Significant increase in DL capacity for real-time services.
· Significant increase in available best-effort throughput on the DL for a given load of real-time services.

Although simulations presented were limited to IMS VoIP with AMR 12.2 kbit/s, it is expected that the benefit extends to other types of real-time services such as gaming and video-over-IP.

A companion text proposal (R1-060946) accompanies this document.
Annex: Simulation Assumptions
	Multipath channel models
	· AWGN, PB3, and VA30
· Fader type: JTC.

	Cell layout and link budget
	According to TR 25.848 (section A.3 of [5]):

· Site-to-site distance: 2.8 km.

· 3-cells per site.

· Node B Tx power: 44 dBm.

· Log-normal shadowing: 8 dB.

· Shadow-correlation between co-located cells: 1.0.

· Shadow-correlation between non co-located cells: 0.5.

· Carrier frequency: 2 GHz.

· Bandwidth: 5 MHz.

· Number of UE antennas: 1.

	Node B resources
	· Power reserved for common channels and DPCH for all users: 7.5 Watt (30%)
· 3 Watt for common channels + 1 Watt / ~100 users for DPCH
(Source: [3]).

· Remaining power for all HS-SCCH and HS-PDSCH: 17.6 Watt

· OVSF codes reserved for common channels:

Channel

SF

Nb

CPICH

256

1

P-CCPCH

256

1

S-CCPCH

256

1

E-AGCH

256

1

AICH

256

1

PICH

256

1

· OVSF code usage modeled for dedicated channels:

· F-DPCH

· Soft-handover overhead: 1.8

· Up to 8 simultaneous HS-SCCH transmissions allowed.
· HS-SCCH code collisions were not modelled.

	IMS VoIP packet format and overheads
	· VoIP packet with payload according to RFC3267 ([4]).

· 24-bit ROHC overhead.

· 16-bit RLC overhead.

· No voice packet bundling.

	VoIP traffic details
	· AMR 12.2 kbps.

· SID transmitted every 160 ms of silence.

· Voice activity model:

· 50% voice activity.

· ON and OFF periods of duration exponentially distributed, of average 3 seconds.

· 100 ms maximum delay bound with SDU discarding at the MAC-hs.

	Best-effort (BE) traffic
	· Full-buffer traffic.

· 5 users per cell at fixed geometries {0, 1.5, 2.5, 3, 5dB}.

· SDU size: 320 bit

	Signaling traffic
	· SRB, RTCP, and SIP not modeled.

	Parameters of New HS-DSCH Format
	· Synchronous IR.

· TB sizes: 137 bits, and 317 bits with 24 Bit CRC. 
· No DRX or DTX.

· Each user is assigned one of the available HS-PDSCH codes at call setup.

· OVSF code collision and fragmentation is explicitly modelled.

	Scheduler
	· Voice traffic scheduled first, then best-effort (BE) traffic scheduled next.

· Voice traffic scheduler:

· Exponential scheduling rule according to [6] with 
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· BE traffic scheduler:

· Proportional Fair.

	Feedback delays
	· CQI delay: 8 slots from time of measure to start of HS-PDSCH transmission.

· HARQ delay: minimum 15 slots from end of a transmission to start of a re-transmission.

	Error modelling
	· HS-PDSCH:

· Threshold-based decoder.

· Energy combining assumed.
· HS-SCCH: Threshold-based decoder.

· CQI: perfect estimation with quantization errors.
· HS-DPCCH: HARQ feedback errors modelled with ACK false alarm probability of 10-3 and ACK mis-detection probability of 10-2.
· No channel estimation modelled.
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