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1 Introduction

A lot of work has focused on carrying voice services over dedicated channels in a circuit switch fashion as well as packet switch. However, the use of dedicated resources requires reserving bandwidth and power for each user to guarantee quality of service (QoS), even when the channel is not used for silence in a conversation. Recently, the idea of carrying voice over shared resources such as HSDPA is becoming quite attractive due to the performance benefits and enhanced code utilisation.  The UMTS system has recently allowed the support of Voice over IMS on HSDPA in [1].  The challenge now is to maintain the same QoS for VoIP over HSDPA similar to the QoS over dedicated resources.

2 Discussion   

TR 26.935 provides information on the performances of default speech codecs in packet switched conversational multimedia applications. The transmission of IP/UDP/RTP/AMR packets over the UMTS air interface (over DCH channels) was simulated using the Conversational / Speech / UL:46 DL:46 kbps / PS RAB coming from TS 34.108 v4.7.0. It is not an optimal RAB to do PS conversational test but it was the only one available at the time the test bed and the air interface simulator were designed.

HSDPA can also be used to support Voice over IP by carrying voice packets on HS-DSCH in the DL and on DCH in the UL. Such a transmission scheme allows multiple users to share Walsh code resources and benefits from the high efficiency of the HS-DSCH channel due to using techniques such as HARQ, AMC, Short TTI, and fast NodeB scheduling. This permits adaptation to network and channel variations and also reduces the channelisation code limitations that might occur when each user is allocated a dedicated channel.

In order to allow testing for support of Voice over IP over HSDPA, an optimized HS-DSCH RAB would be required (already included in TR 25.993, CR 032), that could carry RTP, RTCP and SIP. Therefore we’d like to propose the inclusion of a test plan to TR 26.935 for the following conversational RAB:

Conversational/ speech/ UL:42.8 kbps DL: [max bit rate depending on UE category] / PS RAB + UL:3.4 DL:3.4 kbps SRBs for DCCH. This RAB would support voice over IP on DCH in the UL and on HS-DSCH in the DL.

Downlink

Transport channel parameters for HS-DSCH
	Higher

Layer
	RAB/Signalling RB
	RAB

	RLC
	Logical channel type
	DTCH

	
	RLC mode
	UM

	
	Payload sizes, bit
	920, 304, 96

	
	Max data rate, bps
	depends on UE category

	
	UMD PDU header, bit
	8

	MAC
	MAC-d header, bit 
	0

	
	MAC multiplexing
	N/A

	
	MAC-d PDU size, bit
	928, 312, 104

	
	MAC-hs header fixed part, bit
	21

	Layer 1


	TrCH type
	HS-DSCH

	
	TTI
	2 ms

	
	Coding type
	TC

	
	CRC, bit
	24


Uplink

Transport channel parameters for Conversational / speech / UL:42.8 kbps / PS RAB
	Higher layer
	RAB/Signalling RB
	RAB

	PDCP
	PDCP header size, bit
	8

	RLC
	Logical channel type
	DTCH

	
	RLC mode
	UM

	
	Payload sizes, bit
	920, 304, 96

	
	Max data rate, bps
	46000

	
	UMD PDU header, bit
	8

	MAC
	MAC header, bit
	0

	
	MAC multiplexing
	N/A

	Layer 1
	TrCH type
	DCH

	
	TB sizes, bit
	928, 312, 104

	
	TFS
	TF0, bits
	0x928

	
	
	TF1, bits
	1x104

	
	
	TF2, bits
	1x312

	
	
	TF3, bits
	1x928

	
	TTI, ms
	20

	
	Coding type
	TC

	
	CRC, bit
	16

	
	Max number of bits/TTI after channel coding
	2844

	
	Uplink: Max number of bits/radio frame before rate matching
	1422

	
	RM attribute
	180-220


2.1 Packet Scheduler

Certain scheduling algorithms designed for shared packet channels (for example, maximum C/I scheduling) only consider the overall system throughput, so that the transmission would take place to those mobile devices with good channel condition. However, real-time applications require timely packet delivery. Thus in a cell with VoIP users, allowing transmissions to take place only when the channel condition is good may decrease the percentage of packets being delivered in time. Here lies the trade-off: the scheduler must decide whether it is worthwhile to transmit to a particular mobile device even through that decision may decrease the overall channel capacity. In this contribution, we propose that the scheduler determines the subset of mobile users to be served in the current slot based on the channel condition feedback from each mobile user and the user queue size.

The proposed scheduler should obey the following rules: 
· At the scheduling instant, non-empty source queues are serviced in a round-robin fashion.

· All non-empty source queues must be serviced before re-servicing a user. 

· Therefore, the next frame cannot service the same user as the current frame unless there is only one non-empty source queue.

· The scheduler is allowed to group packets from the selected source queue within the frame.
3 Conclusions 

As UMTS dedicated channel will be becoming code limited, VoIP on shared channels such as in HSDPA are needed to go beyond code limited capacity. Therefore, we propose that SA4 considers the inclusion of a test plan for carrying Voice over HSDPA channels based on the above proposed RAB and scheduler. If the proposal is agreed, Lucent is willing to provide the necessary CRs for the inclusion of the new test plan to TR 26.935.
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