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1. Introduction
The downlink HS-DSCH (High Speed – Downlink Shared Channel) is suitable for carrying best-effort Services with large packet payloads and loose delay constraints. These channels are inefficient to carry services with small packet payloads and real-time delay constraints, such as the Voice over IP (VoIP) service. Modifications to the existing channels, or the design of an entirely new set of channels, are desirable for HSPA to support these real-time services. In [1][7], an HS-SCCH-less downlink VoIP solution is proposed to eliminate the HS-SCCH power overhead, at the cost of higher UE complexity caused by blind detection of transmission parameters necessary for proper UE reception. In [3][4], alternative approaches of HS-SCCH improvement methods are proposed to reduce, rather than eliminate,  the HS-SCCH overhead, while keeping the UE complexity and architecture virtually unchanged. In [5], it was suggested that simple frame bundling can provide significant capacity gain, while working with the existing HS-SCCH channels. 

In this contribution, we first discuss in Section 2 an extended version of the reduced HS-SCCH approach that we first proposed in [3]. The reduced HS-SCCH approach is expected to improve upon the VoIP capacity with the legacy HS-SCCH, and requires limited changes to the current HSDPA L1 structures. Key benefits of the reduced HS-SCCH approach are:

1. Reduction of the HS-SCCH format from 21 bits to 10 bits 
2. Modulation and channelisation code are implicitly signaled
3. A reduced number of Transport Block sizes for VoIP over HSDPA. The proposal is to use 8 Transport Block sizes optimized for ROHC operation with AMR codecs
However, this reduced HS-SCCH would require the UE to monitor two kinds of HS-SCCH in the case of simultaneous voice and data services. From Section 3 on, we consider an alternate approach that would reduce the overhead from the modified HS-SSCH channel definition while significantly increasing spectral efficiency of Rel-6 for voice services. In this solution, we introduce the concept of in-band control fields to replace the conventional HS-SCCH channels, and thus eliminate the transmission power overhead of the HS-SCCH channels. In addition, in order to reap the full potential benefit of UE battery saving through DRX, we organize the voice users into groups and periodically assign a transmission opportunity to each group. The UE only needs to wake up periodically to monitor the downlink channel and therefore can potentially save significant amount of battery power (depending on additional factors, such as the configuration of other channels).  Key benefits of the proposed in-band control and grouping approach include:
1. No HS-SCCH overhead for voice traffic to maximize VoIP capacity
2. Simple grouping and periodic assignment of transmission slots to a group allows
a. DRX for UE battery saving
b. No delay in assigning users to a group for transmission 
c. Group size chosen to take advantage of statistical multiplexing while minimizing code collision
3. Support both NB-AMR and WB-AMR rates
4. Packet bundling to take advantage of the small VoIP packet sizes, as well as higher SNR’s resulting from  multi-user diversity
2. Reduced HS-SCCH approach
To improve VoIP over HSDPA using reduced HS-SCCH, following proposal was made (which extends from the proposal in [3]):

1) Introduce a new HS-SCCH structure that is optimized for VoIP:
a) The new HS-SCCH structure does not signal the modulation to the UE. Instead these are configured in semi-static fashion during the call (i.e. they are allocated at the call setup stage). Typical use is QPSK modulation with a single SF=16 code. 
b) The new HS-SCCH structure does not explicitly signal the channelisation code to be used by the UE for reception of the data. Instead one of the following two alternatives approaches can be used:
i) The channelisation code to be used by the UE is semi static (i.e. it is allocated to the UE at the call setup stage) so whenever the UE is scheduled via the HS-SCCH the UE will receive the data on this pre allocated code.
ii) The channelisation code to be used by the UE is implicitly indicated to the UE based by the HS-SCCH channel on which the UE is scheduled, and by the position of the UEs scheduling message on this HS-SCCH. The mapping table between the HS-SCCH channel and message position to the channelisation code to be used by the UE can be fixed or can be semi-static (i.e. allocated to the UE at the call setup phase).
c) The new HS-SCCH structure indicates one transport block size from a reduced subset of 8 possible sizes. The reduced set of 8 possible sizes is semi static (i.e. they are assigned at the call setup stage).  The 8 transport block sizes are chosen so that they are optimized for the ROHC packet sizes.
d) Single HARQ process is used hence no HARQ process ID is indicated through the new HS-SCCH. 
e) Implicit RV is used for the retransmissions hence no RV is indicated through the new HS-SCCH or simply chase combining. 
2)      Number of maximum retransmissions is set to 1. 
3)     With the aim of improving the handover performance, we propose to consider the estimated scheduling delay of all the candidate cells as well as the measured CPICH SINR into the cell selection criteria. 

4)  For HARQ feedback signaling from the UE to the network, only ACK/NACK for the first transmission is used.

In this proposal it was shown that the AMC is not suitable for packetized voice since the gain is small and the incurred UL overhead is high (CQI feedback) . Furthermore, variable TB size is supported with 3 bits indication. We also need 1 bit NDI since the retransmissions and the original transmissions share the same resource.  Therefore, 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.
	
	Existing format 

(in bits)
	New Format 

(in bits)

	NDI
	1
	1

	Redundancy and Constellation Version
	3
	0

	HARQ process
	3
	0

	Transport Block Size
	6
	3

	Modulation scheme
	1
	0

	Channelisation Code set
	7
	0

	UE specific CRC
	16
	16

	TOTAL
	37
	20


3. HS-SCCH-less solution with in-band control and grouping
In this section, we consider a new HS-SCCH-less solution. We introduce the concept of in-band control fields to replace the conventional HS-SCCH channels, and thus eliminate the transmission power overhead of the HS-SCCH channels requiring blind detection of the UE.
3.1. Semi-static resource allocation, grouping and frame bundling
The proposed VoIP solution centers around the ideas of in-band control signaling, random grouping of users, and periodic allocation of radio resources to the group of users, in an effort to improve the efficiency and reduce the control signalling overhead needed for supporting VoIP in the current HSPA framework.  The idea of grouping and periodic resource allocation for the groups is illustrated in Figure 1, where we divide the two-dimensional time-code resource map into (
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) periodic transmission slots, and assign each transmission slot to one of (
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) groups. A transmission slot can be used to transmit either new data or HARQ retransmission. Note that 
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is the number of groups served at a given TTI, and 
[image: image4.wmf]p

N

 is the number of TTIs that indicate the period of transmission opportunity for each group.  Each group is allocated up to 
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 channelization codes with SF=16. The assignment of users to a group is done semi-statically, and the number of users in each group can vary according to system load.  

Example:
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, and the total number of groups =12.  Assuming each group is assigned 10 VoIP users, the nominal number of VoIP users supported is
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 codes are assigned to each group, and a total of 8 codes are used every TTI.
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Figure 1 – Semi-static periodical scheduling in the proposed VoIP solution for HSPA.
In the proposed approach, if a user is scheduled to transmit at a given TTI, then its payload packets are carried on a single OVSF code. Therefore, in the example above if Nc=4 codes are assigned to a group, then at most 4 out of 10 users are scheduled at a given TTI.  

In addition, frame bundling is allowed to take advantage of the small packet sizes of the VoIP traffic, where several small packets of a given user are aggregated and transmitted over a single SF 16 channelization code (packet aggregation/ frame bundling). The frame bundling approach provides flexible support for both NB-AMR and WB-AMR by increasing the number of packets in aggregation for NB-AMR, and by decreasing the number of packets in aggregation for WB-AMR.   On the other hand, frame bundling is limited to packets that belong to a single user, and inter-user frame bundling is not allowed to avoid the unnecessary complication in HARQ design. In our approach, we allow up to 3 frames from the same user to be bundled.

3.2. In-band control field

Instead of a separate HS-SCCH control signal for each scheduled user, we propose to use in-band control signalling with separate encoding of control and data fields, as shown in Figure 2. Note that only one OVSF code is assigned to a scheduled user in a given TTI, and we assume constant transmission power throughout the 2ms TTI.  The fields in the control header needed to decode the subsequent payload are given in Figure 2.  The idea is hinged on the fact that since VoIP packet size is small, the benefit of power savings from eliminating HS-SCCH channels clearly outweighs the cost of payload reduction due to insertion of in-band control fields.  
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Figure 2: Proposed 2ms TTI frame in-band control structure. 
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Modulation 

Format

1 0: QPSK;  1: 16 QAM

New Data 

Indicator

1 Sticky  bit . Toggle to indicate new data.

User ID  4 Identify up to 16 users with in the group

00: 1 VoIP packet

01: 2 VoIP packets

10: 3 VoIP packets

11: SID packet

TBS Size 2


Table 1 – Control signal fields.
Some of the fields are the same as in HS-SCCH. The necessity of error detection CRC on the control header is presently being investigated. This allows the possibility of a control field without CRC protection. The control header should be coded heavily so that its performance is better than the best performing low code-rate payload in terms of FER. This will ensure that the control signaling is highly likely to be received error-free if the payload is error free.  
Note that the TBS size is used to indicated 1,2,3 VoIP packets or SID packet, and the implicit assumption here is that  knowledge of the AMR vocoder rate, and hence the individual VoIP packet size, is semi-statically determined for each user and conveyed to each user via higher-layer signaling.  This two-layer structure of signaling the TBS size ensures the proper support of both 1) per-user AMR code rate reconfiguration; and 2) frame-bundling for VoIP capacity improvement.

Since the data can be either QPSK or 16-QAM, the control information can be transmitted using a) QPSK, which would result in discontinuous modulation format within a code of a TTI, or b) QPSK or 16-QAM formats (by decreasing the code rate for 16-QAM transmission by simple repetition) and using blind detection to obtain the modulation format. Note that in case b) the modulation format bit is no longer needed in the control signal field.  
Control signaling is transmitted ahead of data by 2 time slots in Rel-6. In-band signaling should not pose any difficulty in this regard given that we are dealing with small code-word sizes (single SF 16 code per user). In Figure 3, the error-correction coding scheme for the control header is illustrated. The 8 information bits in the control header are mapped to 40 symbols in the control field at the beginning of the 2ms TTI, as indicated in Figure 2.
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Figure 3 – Error-correction coding scheme for the control header.

3.3. HARQ retransmission

Delay constraints permit limited re-transmissions. UE could fail to receive the first transmission (for example due to bad SNR for the first transmission) – so a non-systematic 2nd transmission could be ineffective. Hence, we assume systematic redundancy versions (RVs). For initial simulation purposes, we assume Chase combining and one re-transmission. This implies that we need to transmit ACK/NACK for the first transmission alone. All scheduled users in a group will transmit ACK/NACK in the uplink in a synchronous manner. Separate buffer space is allocated for the HARQ process and will be part of the total available soft memory locations. 

3.4. Summary of the proposed VoIP solution
The proposed VoIP solution is summarized in Table 3. 
	Key  Feature
	Comments

	No HS-SCCH needed for voice packets
	· No HS-SCCH power overhead for VoIP packets

· HS-SCCH still allowed for large packets such as SRB traffic and  ROHC context initialization and refresh  

	Vocoder rate adaptation
	· Support both NB-AMR and WB-AMR

· Semi-static voice rate adaptation/reconfiguration  is allowed via higher layer signaling

	Grouping of users
	· Users in a group do not have to experience similar SNR’s

· Add a new incoming user to an existing group is simple and without delay

· Re-assignment of users is possible for load-balancing  among the groups
· Group size large enough to benefit from statistical multiplexing due to the Voice Activity Factor (VAF). But not too large to overwhelm the code resource assigned to the group, and cause frequent code collision
· Maximum of  4 channelisation codes assigned to each group, so that each UE only needs to monitor up to 4 control fields 

· Each scheduler user only occupies one channelisation code at a given TTI

	Periodic allocation of transmission slots to groups
	· Semi-static grouping and resource allocation, initiated by higher layer signaling 

· Allows UE  to DRX

	DRX
	· UE only need to wake up every Np TTI’s to monitor DL signal

· Battery saving for UE

	In-band control signaling
	· Transmission power is constant over the 2ms TTI

· Provide good trade-off between  UE complexity and control overhead 

· The loss in spectral efficiency due to control filed is small compared to the conventional HS-SCCH overhead

	Modulation 
	· Payload: both QPSK and 16QAM supported. 16 QAM is useful for frame bundling, especially when WB-AMR used

· Two options for control field

· QPSK always – results in modulation discontinuity within TTI

· Match payload modulation – blind modulation detection at UE

	UE complexity
	· May need blind detection of in-band control modulation

· UE need to monitor up to 4 small control fields, in addition to possible HS-SCCH channels (for SRB and ROHC context refresh and initialization)

	HARQ
	· Synchronous IR with only one retransmission

· IR with systematic RV, or simple chase combining

	ACK/NACK
	· ACK/NACK  only needed for the first transmission to reduce the uplink load 

	Voice Frame Bundling
	· Up to 3 packets are allowed to bundle, in order to take advantage of the small VoIP packet sizes and  higher SNR’s due to multi-user diversity 

	CRC
	· Payload is appended by 24-bit CRC that is masked by UE ID


Table 2: Summary of the proposed VoIP solution.
4. Payload sizes and link simulation results
In Table 3, the payload sizes for AMR 12.2 vocoder with 1,2 and 3 VoIP packets are listed. The corresponding coding rates with QPSK and 16QAM modulation are calculated alongside. The AWGN link simulation results for these payload sizes (plus those for AMR 5.9)  are plotted, along with the performance results for SID packets and the in-band control field.  Note that the parameters of our in-band control fields are designed such that the link-curve of the control field is to the left of all the payload curves. This is an important design guideline to ensure that the control field can be properly detected and decoded, since in the in-band control scheme, we assume the same transmission power on both control fields and payloads and therefore no extra protection for the control fields.
	
	
	
	QPSK
	16 QAM

	
	TBS
	TBS+CRC
	Codeword Size
	Code Rate
	Codeword Size
	Code Rate

	1 packet
	293
	317
	880
	0.36
	1760
	0.18

	2 packets
	586
	610
	880
	0.69
	1760
	0.35

	3 packets
	879
	903
	880
	n/a
	1760
	0.51


Table 3: Payload sizes and coding rates for AMR 12.2 kbps vocoder with 1, 2 and 3 VoIP packets.  The 480 symbols in a 2ms TTI with SF=16 is divided into two parts: 440 symbols for payload and 40 symbols for control field.
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Figure 4: Link simulation results for VoIP payloads and in-band control field.
5. System-level simulation results
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Figure 5: Performance results with one antenna at each UE. Number of groups at each TTI is Ng =2, and 4 codes with SF=16 are assigned to each group (total of 8 codes). The delay bound is 80ms. 
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Figure 6: CDF of packet delays for the proposed in-band control method. 
The proposed new HS-SCCH-less VoIP solution with in-band control and grouping is verified with system-level simulations. The VoIP capacity results are shown in Figure 5 for the one receive antenna UE case with a packet delay upper bound of 80ms. The other simulation assumptions are listed in Appendix A. We simulated two cases with the transmission opportunity period of Np =6 and Np=7, respectively. In both cases, we assume two groups at each TTI, i.e,  Ng=2, and each group is assigned 4 channelisation Walsh codes with SF =16.  The number of users in each group is assumed equal in our simulations. For example, the third point (counting from left) in the green curve (Np=7)  is obtained assuming 8 users/group, and as a result the total number of users for that point is  
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.  It is observed that the 5% outage capacity of the proposed scheme is around 109 users for Np=6 and 115 users for Np=7. This is significantly higher than the reference Rel-6 results, indicating the benefit of removing the HS-SCCH power overhead from the VoIP transmission. 
In addition, we also plotted the CDF of the packet delays in Figure 6, assuming 108 users for the Np=6 case (9 users per group) and 112 users for Np=7 case (8 users per group). First, it is observed that the Np=7 curve is slightly to the right of the Np=6 curve, as one would expect since the transmission opportunities for Np=7 case are less frequent.  Meanwhile, we also observe that 90% of the packets go through the downlink air interface with less than 20ms delay. This makes intuitive sense since the number of users in a group is relatively small, and the transmission opportunities assigned to each group is plenty. For example, consider the case we mentioned earlier where Np=7 and 8 users is assigned to each group (total of 112). Due to statistical multiplexing and a VAF of 0.5, on average there are only 4 active users in each group sharing the 4 Walsh codes assigned to the group. And since the voice packet arrival interval of 20ms is longer than the transmission opportunity period of 14ms (7TTI), it is clear that most of the packets will have a good chance to have at least a first transmission within 20ms --  confirming the delay performance observed in Figure 6. 
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Figure 7:  Comparison of the proposed in-band control method and the new HS-SCCH-less HS-DSCH format proposed in [1].  The packet delay bound is 80ms. The Qualcomm results are extracted from Figure 1 of [1].

In Figure 7, we briefly compare our proposed VoIP solution against the other HS-SCCH-less method previously reported in [1]. We note that since the simulation methodology has not been completed synchronized in RAN1, the comparison is preliminary and only meant for illustration and discussion.  In the results of [1], the new HS-SCCH-less VoIP HS-DSCH format is used in conjunction with conventional HS-SCCH based VoIP transmission, in order to mitigate the code-collision problem caused by the new HS-DSCH format.  However, in our results, we avoided the code-collision problem by assigning 4 Walsh codes to a group of users to take advantage of the statistical multiplexing effect. As a result, the need for conventional HS-SCCH in transmitting VoIP packets is completed eliminated in our proposed method, which contributed to the higher VoIP capacity gain observed here.
6. Conclusion
We propose two alternative approaches to improve the VoIP performance for HSDPA. The first approach, the modified HS-SCCH method extended from [3], requires only limited changes to the HSDPA L1 protocols. Our main focus is an alternative HS-SCCH-less solution for further optimizing the VoIP capacity of HSDPA. The key features of the new HS-SCCH-less solution include in-band control, user grouping and periodic assignment of transmission opportunities to slots. We show via simulation that our proposal achieves a voice capacity around 110 users at 5% outage, which is higher than the previously published reference results of Rel. 6.  Furthermore, in addition to the VoIP capacity gains with this approach,  the proposed in-band control solution also has the following additional advantages (a) lower UE complexity since we do not require excessive blind detection and decoding as required by [1][7]; (b) clear DRX  with a simple parameter Np indicating the DRX pattern for all users in a group; (c) simple grouping allows an incoming user to be assigned to a group without delay, since the assignment of users to a group is purely based on load. 

These results indicated above are proposed for inclusion in TR25.903. As a way forward on the discussion and decision process concerning VoIP related techniques, we would also suggest that the group agree on a set of simulation scenarios and parameters for calibrating different VoIP proposals. This is a necessary and effective step toward an objective comparison of different proposals and identification of a clear way forward.
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8. Appendix A – System Simulation Parameters
	Cell Layout
	· Carrier Frequency:   2GHz

· Inter-site distance:   2.8 km

· Penetration Loss :     0  dB

· Cell Layout:             Hexagonal grid, 19 cell sites, 3 sectors per site

· Path Loss:                 UMTS 30.03(deltaH=15m) = 128.2 + 37.6log10(d(km))

· Lognormal Std. Dev:     8dB 

· Inter-site shadow correlation:   0.5

· Intra-site shadow correlation:   1

· BS transmit power:             44 dBm

· BS  # antennas:                   1

· BS Antenna pattern:            LTE R1-050669, Table 2

· BS Antenna Gain:                14 dBi

· BS Ant. 3dB beam-width:    70 degrees

· BS Ant. front-back ratio:      20 dB

· MS Noise figure:                   9 dB

· MS # antennas:                      1 
· MS  Ant. gain:                         0 dBi

· MS  Ant. Corr. Coeff:             0

· Uniform call drop with wrap-around effect

	Multi-path channel models
	· VA, user speed – 3kmh.

	Node B resources
	· Power reserved for common channels and DPCH for all users: 7.5 Watt (30%)

· Remaining power for HS-PDSCH: 17.6 Watt (70%)

	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.

· 80 maximum delay bound with SDU discarding at the MAC-hs after that.
· Call length: 50 seconds unless specified otherwise.

· Call Outage: VoIP calls with FER over call length greater than 3% are considered in outage.

· Simulation length for each call drop: 50 seconds.

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

	Parameters of New HS-DSCH Format
	· Synchronous HARQ with one retransmission only

· DRX (wake-up every Np TTIs). E.g. Np=6 means wake up every 12ms.

· Period of transmission opportunity:  Np=6, 7

· Number of groups per TTI:  Ng = 2 
· Each group is assigned 4 codes

	VoIP Scheduler
	· HARQ re-transmissions have highest priority (synchronous HARQ)
· New transmissions are scheduled when there are no more HARQ re-transmissions to schedule:

· PF with delay factor.

	Voice Frame Bundling
	· Up to 3 packets are allowed to bundle. But bundling is not forced. 


Table 4: Simulation assumptions.
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