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1. Introduction

At the RAN plenary #27, there was a proposal to introduce better support for real-time services over HSDPA and HSUPA (see [1], [2]). In [3], Nokia proposed a technique to reduce the overhead of the DPCCH on the uplink by gating it. In [4], Lucent identified that the E-DPCCH is a significant overhead for VoIP on EUL, and proposed 3 methods to eliminate or considerably reduce it.

This document addresses similar issues, but for HSDPA. We propose enhancements that improve the capacity and consequently latency of real-time services on HSDPA.

These enhancements are not only relevant for VoIP, but also for videoIP, gaming, and any other application where small packets are transmitted frequently over the downlink. Although it can be argued that in a case of symmetric traffic such as VoIP the uplink is the limiting link, enhancing the downlink is important for several reasons:

· An enhanced downlink will allow for more available resources for other downlink applications:

· FTP downloads, legacy DCH calls, broadcast-multicast, and other such applications will have more available capacity.

· Operators can mix VoIP & downlink-heavy applications more smoothly.

· Not all applications are symmetric:
· Gaming, real-time streaming video, real-time streaming audio, interactive multimedia queries, and many other such applications are typically asymmetric, unlike VoIP.
· A reduction in latency on the downlink will benefit both links:
· The uplink can be allowed more latency for a constant round-tip delay in a UE-to-UE call – thereby potentially increasing the uplink capacity.
· The user experience will be improved, since the user experience is sensitive to overall round-trip delay.
2. Shortcomings of the Existing Design
HSDPA was designed and optimized for applications analogous to downloading large amounts of data. Simulation results used in the design of HSDPA were typically based on a full-buffer traffic model, and emphasis was put on maximizing the overall cell throughput, thereby leading to a design that optimizes for delay-sensitive high-throughput applications, rather than performance for delay sensitive applications producing relatively small packets. Some of the consequences of this are:

· The downlink HS-SCCH carries a significant number of bits, in order to allow for:

· Flexible choice of redundancy version, to possibly provide better performance.

· Flexible choice of transmission and re-transmission time (asynchronous IR), to possibly provide better performance.

· Flexible choice of transport block among up to 254 sizes, to minimize padding.
· Flexible choice of the set of channelization codes on a transmission-by-transmission basis, to possibly provide better performance.
· The HS-SCCH is coded and transmitted in a sub-optimal manner, because:

· The message is split into two parts, to simplify UE implementation.
· The HS-PDSCH transmission is delayed relative to the HS-SCCH, to simplify UE implementation.

· The HS-DPCCH is continuously transmitted, because:

· Focus was put on optimizing the performance of the downlink throughput, not the UE battery consumption or the uplink overhead.
· Flexibility was given to the Node B to arbitrarily select the transmission time of the HS-DSCH to any given user. This flexibility requires every UE to continuously transmit the HS-DPCCH and continuously monitor the HS-SCCH.

These design choices are appropriate for optimizing the performance in the presence of applications analogous to a full-buffer traffic model, but are inefficient for the transport low-throughput delay-sensitive traffic sources. Furthermore they did not consider issues related to continuous packet connectivity such as uplink overhead and UE battery life.
3. Proposed Enhancement
The proposed enhancement is centered on the following points:

· Define a new HS-DSCH subframe and transmission format where the HS-SCCH is not transmitted.

· Use blind decoding at the UE to determine the format and HARQ combining.
· Allow the UE to discontinuously monitor the downlink (DRX) and discontinuously transmit on the uplink (DTX) to improve battery life and reduce decoding complexity.
3.1. Description of the enhanced design
This contribution proposes the following enhancement:
· Define a new subframe format for the HS-DSCH, with the following characteristics:

· Transmission of the HS-SCCH is disabled.
· The HS-DSCH is composed of only one HS-PDSCH (P=1).
· The channelization code of the HS-PDSCH is configured by UTRAN via layer upper layer signaling, and is not changed frequently.
· HARQ is set to synchronous IR, with a minimum of 4 ms between transmissions belonging to the same transport block (TB), e.g. 4 ms from end of a transmission to the start of the re-transmission.
· HARQ transmissions are limited to at most 2 per TB.
· The sequence of HARQ redundancy versions is fixed and pre-defined in the standard, e.g. the node B cannot freely select the redundancy version for each transmission.

· 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 new format can only be used in specific subframes.

· We refer to theses subframes “enabled subframes”.
· The enabled subframes are specified as a repetitive pattern, for example subframes 0, 3, 6, and 8 of every 24ms time period.
· The pattern of enabled subframes is specified by UTRAN to each UE via upper layer signaling, and is not changed frequently.
· The UE only monitors the HS-DSCH for the new format during enabled subframes. The pattern of enabled subframes defines the pattern for discontinuous reception (DRX) for Connected 1 substate and Connected 2 substate of [5].

· The UE discontinuously transmits the HS-DPCCH (DTX) according to the pattern corresponding to the DRX cycle, as described in Connected 2 substate of [5].

· The reception of a HS-DSCH transmission utilizing the new format does not trigger a change out of Connected 2 substate.

· A HARQ re-transmission can only occur in the next enabled subframe that is spaced by at least 4ms after the initial transmission (see example in Figure 3 and Figure 4).
· Transmission using the new format can only use one of 2 pre-defined TB sizes.

· The UTRAN specifies the TB sizes in advance via upper layer signaling.

· NAKs are not transmitted on the HS-PDSCH for the new format.
· Only ACKs are transmitted.
3.2. Operation of the New Design
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Figure 1: Sample DRX pattern for the enhanced HS-DSCH format for users A, B, C, D, E, and F
Figure 1 shows a sample pattern of enabled subframes for 6 users: A, B, C, D, E, and F. The pattern repeats every 24ms for all users.
The HS-PDSCH channelization code for users A and C is 0. The channelization code for users B and E is 1. The channelization code for users D and F is 2. A transmission to a user X with the new HS-DSCH format can only occur during one of the dashed squared marked with the corresponding ‘X’.

For example, the node B may transmit a MAC-hs PDU on the HS-DSCH using the new format during any of the boxes marked ‘A’, and on channelization code 0. Figure 2 shows one such example, where packet 1 is re-transmitted 4ms later, and packet 2 is not re-transmitted. At each enabled subframe user A blindly decodes for a new transmission and a re-transmission.
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Figure 2: Sample transmissions for User A
Note that according to the example shown in Figure 1 a transmission to User C may occur during one of the enabled subframe of users A, and also on OVSF code 0. The UE must therefore rely on the user-specific CRC that covers the MAC-hs PDU to determine whether the transmission was destined to it or not.

Figure 3 shows another example, for user D. In this case a first transmission occurs at time 3, and a re-transmission for that packet occurs during the next enabled subframe, because it is spaced by at least 4ms.
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Figure 3: Sample transmissions for User D

Figure 4 shows a sample transmission for User F. In this scenario a first transmission is sent during subframe 2. The re-transmission cannot occur at subframe 4 because it is less than 4 ms after the end of the first transmission. The re-transmission therefore can only occur in subframe 6.
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Figure 4: Sample transmission for User F
3.3. Operation with the Legacy HS-DSCH
The new subframe format and the existing format can coexist without any ill effects.
The UEs may operate with both formats at the same time. The UE will monitor the downlink for both a legacy and a new format during enabled frames, and only monitor the downlink for legacy transmissions during subframes that are not enabled.
The node B scheduler appears to be more complex because it must take into account the fact that transmissions and re-transmissions using the new format can only occur during enabled subframes. In reality the scheduler is not really more complex that an existing QoS-aware scheduler. QoS-aware schedulers must already simultaneously handle both delay-sensitive and delay-tolerant (best-effort) data streams. The concept of enabled frames only limits when a given delay-sensitive data stream will be considered by the scheduler for transmission.

3.4. Optimal HS-DSCH flow control 

Enhancements to the HS-DSCH flow control mechanism have recently been proposed in [9] and [10]. Both contributions pointed out the fact that, currently, the Node B does not have sufficient information in order to optimize the HS-DSCH flow control operation in case of real time services, such as VoIP.

With the proposed scheme, more information will be available at the Node B. In particular, the Node B will know

· The periodicity of the incoming data (this can be derived from the specific DRX/DTX pattern) 

· The maximum data rate allowed for the user in the enabled subframe (alternative the maximum data rate can be explicitly signalled by the RNC to the Node B).

By using this new information, the Node B can allocate cyclical capacity credits thus allowing optimal flow control operation in case of real time services, such as VoIP.

4. Simulation Results

The following simulation results focus on providing an accurate and complete representation of the performance benefit of the proposed subframe format. In particular, it integrates modeling of a system simultaneously using new formats with synchronous IR and 2 transmissions as well as old formats with AIR and 4 transmissions. The simulations also explicitly track OVSF code usage for the HS-PDSCH, modeling code collision and OVSF space segmentation.

The results highlight the relationship between real-time services load and best-effort throughput by showing how much the BE throughput is increased by the introduction of the new subframe format.

The real-time service modeled in these simulations is VoIP IMS using the AMR 12.2 kbit/s vocoder. Detailed simulation assumptions are given in the annex.

In table 1 the increase obtained in achievable Best Effort throughput is presented when the new formats with 2 transmissions are used by the scheduler along with the old formats. 

Table 1: BE throughput increase due to the addition of new subframe format (5 BE users/cell)

	Channel Model ; VoIP Users/Cell
	BE Throughput Increase %

	AWGN ; 50 users/cell
	15%

	AWGN ; 100 users/cell
	25%

	PB3 ; 25 users/cell
	23%

	PB3 ; 50 users/cell
	73%


5. Conclusion
We propose a new transmission format for HSDPA that benefits real-time services, and where:
· The overhead of the HS-SCCH is eliminated, thus providing the following 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.

· The UE power consumption is considerably reduced by using DTX and DRX.

· The uplink rise-over-thermal resources are reduced by using DTX.

· The design is compatible with existing HSDPA formats and procedures.
· The proposed mechanism allows for optimal HS-DSCH flow control operation in case of real time services, such as VoIP 

6. Annex: Simulation Assumptions

	Multipath channel models
	· AWGN and PB3

· Fader type: JTC.

	Cell layout and link budget
	According to TR 25.848 (section A.3 of [8]):

· 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 (70%)

· 3 Watt for common channels + 1 Watt / ~100 users for DPCH
(Source: [9]).

· 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: Not Modeled

· Up to 8 simultaneous HS-DSCH transmissions allowed.

	IMS VoIP packet format and overheads
	· VoIP packet with payload according to RFC3267 ([10])

· 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 6 seconds.

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

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

· 5 users per cell.

· 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 [11] 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: assumed error-free.

· CQI: perfect estimation and no quantization.

· HS-DPDCH: assumed error free.

· No channel estimation modelled.
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