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1. Introduction

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 kbps+DL:46 kbps / PS RAB coming from TS 34.108 v4.7.0.  It was the only RAB for PS conversational test that is available at the time the test bed and the air interface simulator were designed.

At the last SA4 meeting in Lisbon, the group approved a new WI  to test the codecs performance when HSDPA is used to support Voice over IP on HS-DSCH in the DL and on EDCH in the UL. During TSG SA#27 in Tokyo the WI is approved by the plenary [SP-050089].   In this contribution we provide a draft of test plan for VoIP (AMR) over HSDPA in the DL and over DCH in the UL,  noting that the specification on EDCH is still under study. Also, the open issues that must be resolved before we go forward and perform the conversational tests are elaborated.

2. Description of the proposed testing system

High Speed Downlink Packet Access (HSDPA) is based on techniques such as adaptive modulation and hybrid ARQ to achieve high throughput, and to reduce the delay and to achieve high peak rates. It relies on a new type of transport channel, the HS-DSCH, which is terminated in the Node B. HS-DSCH is applicable only to PS domain RABs. MAC-d is retained in the S-RNC. The new functionalities of hybrid ARQ and HS-DSCH scheduling are included in the MAC layer. In the UTRAN these functions are included in a new entity called MAC-hs located in Node B. 

This section describes a UMTS simulator for the characterization of the AMR speech codecs when the bitstream is transmitted over a PS network. It reuses the same procedure to do the conversational listening test as described in [1].
Figure 1 describes the system that is going to be simulated:


[image: image1]
Figure 1: Packet switch audio communication simulator, where the uplink is EDCH and the down link is HS-DSCH

This will be simulated conceptually using 5 PCs as shown in Figure 2.


[image: image2]
Figure 2: Simulation Platform

PC 1 and PC 5: 
PCs over Windows OS with VOIP Terminal Simulator Software  

PC 2 and PC 4:
PCs over Linux OS with Air Interface Simulator  .

PC 3:
PCs over WinNT OS with Network Simulator Software  

  : 

The platform simulates a packet switch interactive communication between two users using PC1 and PC5 as their respective  VoIP terminals. PC1 sends AMR encoded packets that are encapsulated using IP/UDP/RTP headers to PC5. PC1 receives IP audio packets from PC5.

In fact, the packets created in PC1 are sent to PC2. PC2 simulates the air interface Up Link transmission (EDCH) and then forwards the transmitted packets to PC4, which comprises RLC/RTP/UDP/IP

In the same way, PC4 simulates the air interface Down Link transmission (HS-DSCH) and then forwards the packets to PC5. PC5 decodes and plays the speech back to the listener, who produces the samples for MOS test

 3.  Network simulator

  The network simulator comprises essential components of an IP network under IPv4.  Figure 3 shows an example of the GUI  of such a network simulator.
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Figure 3: IP simulator GUI  
As can be seen from Figure 3,  on both links, one can choose delay and loss laws. Both links can be treated separately or on the same way. For example, delay can be set to a fixed value but can also be set to another law such as exponential law.

4. UMTS Simulator 

The transmission of IP/UDP/RTP/AMR packets over the UMTS air interface is simulated using the RAB described in the following. The required functions of the RLC layer are implemented according to TS 25.322 and work in real-time. The underlying Physical Layer is simulated offline. Error patterns of block errors (i.e. discarded RLC PDUs) are derived that are inserted in the real-time simulation. The performance target for UL remains the same as specified in [1]. The performance target for the DL, if deviating from [1], should be clarified by RAN2.     

4.1 RAB and protocols

For the conversational tests, the AMR will encode speech at a maximum of 12.2 kbit/s in accordance with 26.101The bitstream will be encapsulated using IP/UDP/RTP protocols.  

The payload Format should be the following:

· RTP Payload Format for AMR  according to RFC 3267  will be used in the first phase. In the later phase of project AMR-WB will be used instead of AMR.

· Bandwidth efficient mode will be used;

· One speech frame shall be encapsulated in each RTP packet;

· Interleaving will not be used;

The Conversational / unknown / UL:42.8 kbps DL:[max bit rate depending on UE category] / PS RAB + interactive / background UL: 16 kbps DL:[max bit rate depending on UE category] / PS RAB + UL:3.4 kbps DL:3.4 kbps SRBs for DCCH will be used [2]. The RAB description is as follows:

4.2 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
	46 000

	
	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
	2 844

	
	Uplink: Max number of bits/radio frame before rate matching
	1 422

	
	RM attribute
	180 to 220


4.3 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

NOTE1

	
	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


4.4 Description of the RLC implementation
The UMTS air interface simulator (PC 2 and 4) receives IP/UDP/RTP/AMR packets on a specified port of the network card (see Figure 4). The IP/UDP/RTP/AMR packets are given to the transmission buffer of the RLC layer, which works in UM. The RLC will segment or concatenate the IP bit stream in RLC PDUs, adding appropriate RLC headers (sequence number and length indicators). It is assumed that always Transport Format TF 3 is chosen on the physical layer, providing an RLC PDU length including header of 928 bits. In the regular case, one IP packet is placed into an RLC PDU that is filled up with padding bits. Due to delayed packets from the network simulator it may also occur that there are more than one IP packets in the RLC transmission buffer to transmit in the current TTI.

Each TTI of 20ms, an RLC PDU is formed. It is then given to the error insertion block that decides if the RLC PDU is transmitted successfully over the air interface or if it is discarded due to a block error after channel decoding. The physical layer will not be simulated in real time, but error pattern files will be provided. The error patterns of the air interface transmission will be simulated according to the settings given in Section 0. They consist of binary decisions for each transmitted RLC PDU, resulting in a certain BLER.

After the error pattern insertion, the RLC of the air interface receiver site receives RLC PDUs in the reception buffer. The sequence numbers of the RLC headers are checked to detect when RLC PDUs have been discarded due to block errors. A discarded RLC PDU will result in one or more lost IP packets, resulting in a certain packet loss rate of the IP packets and thereby in a certain FER of the AMR frames. The IP/UDP/RTP/AMR packets are reassembled and transmitted to the next PC. This PC is either the network simulator (PC 3) in case of uplink transmission, or it is one of the terminals (PC 1 or 5) in case of downlink transmission.
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Figure 4: UMTS air interface simulation
4.5 Physical Layer Implementation

Physical channel parameters on HS-PDSCH (downlink)

UE HS-DSCH Physical Layer category 1:

	HS-PDSCH
	Number of processes
	2, (alt. 8)

	
	Process memory size
	Split equally among all processes

	
	Max Data Rate
	1.2 Mbps, (alt. 400 kbps)


Physical channel parameters on DPCH (uplink)

	DPCH Uplink
	Min spreading factor
	16

	
	Max number of DPDCH data bits/radio frame
	2 400

	
	Puncturing Limit
	0.76


In order for better benchmarking, the same channel model will be used for the simulation of the physical layer: 

Table 2: Indoor Office Test Environment Tapped-Delay-Line Parameters

	Tap
	Channel A 
	Doppler

	
	Rel. Delay (nsec)
	Avg. Power (dB)
	Spectrum

	1
	0
	0
	FLAT

	2
	50
	-3.0
	FLAT

	3
	110
	-10.0
	FLAT

	4
	170
	-18.0
	FLAT

	5
	290
	-26.0
	FLAT

	6
	310
	-32.0
	FLAT


Table 3: Vehicular Test Environment, High Antenna, Tapped-Delay-Line Parameters

	Tap
	Channel A 
	Doppler

	
	Rel. Delay (nsec)
	Avg. Power (dB)
	Spectrum

	1
	0
	0.0
	CLASSIC

	2
	310
	-1.0
	CLASSIC

	3
	710
	-9.0
	CLASSIC

	4
	1090
	-10.0
	CLASSIC

	5
	1730
	-15.0
	CLASSIC

	6
	2510
	-20.0
	CLASSIC


Table 4: Outdoor to Indoor and Pedestrian Test Environment Tapped-Delay-Line Parameters

	Tap
	Channel A
	Doppler

	
	Rel. Delay (nsec)
	Avg. Power (dB)
	Spectrum

	1
	0
	0
	CLASSIC

	2
	 110
	-9.7
	CLASSIC

	3
	 190
	-19.2
	CLASSIC

	4
	 410
	 -22.8
	CLASSIC

	5
	-
	-
	CLASSIC

	6
	-
	-
	CLASSIC


5. Delay

The overall delay (from the input of sound card A to the output of sound card B) consists of the delay of  the air interface and the  network delay. Both network simulator and the air-interface simulator have these values, respectively, more or less determined by the computer and the simulator code.   

The delay budget is suggested to be:

· Encoder side: delay due to account framing,  look-ahead, processing and  packetization = 45ms

· Uplink delay between UE and Iu: 84.4 ms (see [11])

· Core network delay: a few ms (tbd)

· 
Routing through IP: depending on the number of routers.

· Downlink delay between Iu and UE: 71.8 ms (see [11])

· Decoder side,  de-packetization and processing: 40 ms

· Jitter buffer: 0 or (tbd)

The total delay to be considered is at least: 241.2 ms.
6. Test Condition for AMR 

For AMR  

Table 7: Test conditions for AMR 

	Cond.
	Background noise in Room A
	Background noise in Room B
	Experimental factors

	
	
	
	Radio cond. (BLER)
	IP cond. (Packet loss ratio)
	Mode + delay

	1
	No
	No
	10 –2
	0%
	6.7 kbit/s (delay 300 ms)

	2
	No
	No
	10 –2
	0%
	12.2 kbit/s (delay 500 ms)

	3
	No
	No
	10 –2
	0%
	12.2 kbit/s (delay 300 ms)

	4
	No
	No
	10 –2
	3%
	6.7 kbit/s (delay 300 ms)

	5
	No
	No
	10 –2
	3%
	12.2kbit/s (delay 500 ms)

	6
	No
	No
	10 –2
	3%
	12.2 kbit/s (delay 300 ms)

	7
	No
	No
	10-3
	0%
	6.7 kbit/s (delay 300 ms)

	8
	No
	No
	10-3
	0%
	12.2 kbit/s (delay 500 ms)

	9
	No
	No
	10-3
	0%
	12.2 kbit/s (delay 300 ms)

	10
	No
	No
	10-3
	3%
	6.7 kbit/s (delay 300 ms)

	11
	No
	No
	10-3
	3%
	12.2 kbit/s (delay 500 ms)

	12
	No
	No
	10-3
	3%
	12.2 kbit/s (delay 300 ms)

	13
	No
	No
	5 10-4
	0%
	6.7kbit/s (delay 300 ms)

	14
	No
	No
	5 10-4
	0%
	12.2kbit/s (delay 500 ms)

	15
	No
	No
	5 10-4
	0%
	12.2 kbit/s (delay 300 ms)

	16
	No
	No
	5 10-4
	3%
	6.7kbit/s (delay 300 ms)

	17
	No
	No
	5 10-4
	3%
	12.2 kbit/s (delay 500 ms)

	18
	No
	No
	5 10-4
	3%
	12.2 kbit/s (delay 300 ms)

	19
	Car
	No
	5 10-4
	3%
	12.2 kbit/s (delay 300 ms)

	20
	No
	Car
	5 10-4
	3%
	12,2 kbit/s (delay 300 ms)

	21
	Cafeteria
	No
	5 10-4
	0%
	6.7 kbit/s (delay 300 ms)

	22
	No
	Cafeteria
	5 10-4
	0%
	6.7 kbit/s (delay 300 ms)

	23
	Street
	No
	5 10-4
	0%
	12.2kbit/s (delay 500 ms)

	24
	No
	Street
	5 10-4
	0%
	12.2kbit/s (delay 500 ms)


Table 8: Noise types for AMR 

	Noise type
	Level (dB Pa )

	Car
	60

	Street
	55

	Cafeteria
	50


Table 9: Test details for AMR 

	Listening Level
	1
	79 dBSPL

	Listeners
	32
	Naïve Listeners

	Groups
	16
	2 subjects/group

	Rating Scales
	5
	

	Languages
	3
	North American English, French, Japanese 

	Listening System
	1
	Monaural headset (flat response in the audio bandwidth of interest: 50Hz-7kHz). The other ear is open.

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T Recommendation P.800: Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1), except when background noise is needed (see Table 8 of this TR).


7. Open issues

7.1 Robust Header Compression

During RAN2#44 in Sophia Antipolis, it was decided to make the support of ROHC mandatory in Release 6 for IMS. ROHC operation depends on the configuration of a large number of parameters which are left for implementation. This may have significant impact on the compression efficiency and on radio resource usage. Currently in 25.323 and 25.331 some ROHC parameters are described. However, in order to find an optimised solution for VoIP it is important to identify what parameters can be configured and how these parameters can be set for appropriate ROHC functionality. The sole  aim  was to make sure that all UEs with 3GPP-compliant ROHC implementations perform adequately and do not cause adverse effects on cell capacity   A solution which ensures a minimum performance level is needed.

7.2 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 though that decision may decrease the overall channel capacity. Also the QoS of  different  services on different mobiles plays a role in helping the scheduler to make the most appropriate decision depending on the operation target of the network operator.  For the purpose of simple implementation, 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 and follows the round robin principle By this rule: 
· At the scheduling instant, non-empty source queues are serviced in sequence  .
· No user gets into the next round of service unless all non-empty source queues are served for the current round. . 
· The scheduler is allowed to group packets from the selected source queue within the frame.
 8. Conclusions 

This contribution describes a test plan for support of VoIP over HSDPA channels. It proposes to include the relevant sections in TR 26.935 and also liaise with RAN groups in order to get solutions to the above open issues.  Comments that help to complete this test plan are welcome.
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