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1. Description of the proposed testing system

This contribution describes a UMTS simulator for the characterization of the AMR speech codecs when the bitstream is transmitted over a PS network. The procedure to do the conversational listening test has been earlier described in [1].

Figure 1 describes the system that is going to be simulated:
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Figure 1: Packet switch audio communication simulated

This will be simulated using 5 PCs as shown in Figure 2.
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Figure 2: Simulation Platform

PC 1 and PC 5: 
PCs over Windows OS with VOIP Terminal Simulator Software of France Telecom R&D.

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

PC 3:
PCs over WinNT OS with Network Simulator Software (NetDisturb).

Basics Principle : 

The platform simulates a packet switch interactive communication between two users using PC1 and PC5 as their relatives 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 and then forwards the transmitted packets to PC4.

In the same way, PC4 simulates the air interface Down Link transmission and then forwards the packets to PC5. PC5 decodes and plays the speech back to the listener.

2.  France Telecom Network simulator

For the time being, the network simulator works under IPv4 and does not support IPv6. Figure 3 shows the possible parameters that can be modified.
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Figure 3: IP simulator interface
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.

3. UMTS simulator choices

The transmission of IP/UDP/RTP/AMR packets over the UMTS air interface is simulated using the RAB described in Section 3.1. 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 as described in Section 3.2. For more details on the parameter settings of the Physical Layer simulations see Section 3.3.

3.1 RAB and protocols

For our conversational tests, the AMR will encode speech at a maximum of 12.2 kbit/s. The bitstream will be encapsulated using IP/UDP/RTP protocols. For IPv4 72 bytes per frame that is to say 28.8 kbit/s.

The payload Format should be the following:

· RTP Payload Format for AMR and AMR-WB (RFC 3267) will be used;

· Bandwidth efficient mode will be used;

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

· Interleaving will not be used;

ROHC algorithm will not be supported. The Conversational / Speech / UL:42.8 DL:42.8 kbps / PS RAB RAB coming from TS 34.108 will be used:

Here is the RAB description:

	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


3.2 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 bitstream 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 3.3. 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
3.3 Physical Layer Implementation

The parameters of the physical layer simulation were set according to the parameters for a DCH in multipath fading conditions given in TS 34.121 (downlink) and TS 25.141 (uplink). The TB size is 928 bits and the Turbo decoder uses the Log-MAP algorithm with 4 iterations. The rake receiver has 6 fingers at 60 possible positions.

The different channel conditions given in Table 1, Table 2, and Table 3 were extracted from TR 101 112 (Selection procedures for the choice of radio transmission technologies of the UMTS) and also mentioned in the annex of the document S4-020680.

	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 1: Indoor Office Test Environment 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 2: Vehicular Test Environment, High Antenna, 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


Table 3: Outdoor to Indoor and Pedestrian Test Environment Tapped-Delay-Line Parameters

Table 4 (DL) and Table 5 (UL) show approximate results of the air interface simulation for 
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 and Eb/N0 corresponding to the considered BLERs.

	
	BLER

	Channel
	5*10-2
	1*10-2
	1*10-3
	5*10-4

	Indoor, 3 km/h (
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	-13.1 dB
	-8.9 dB
	-3.4 dB
	-2.4 dB

	Outdoor to Indoor, 3 km/h (
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	-13.2 dB
	-9.7 dB
	-5.9 dB
	-5.2 dB

	Vehicular, 50 km/h (
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	-9.35 dB
	-8.2 dB
	-6.9 dB
	-6.55 dB

	Vehicular, 120 km/h (
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	-9.7 dB
	-8.95 dB
	-7.95 dB
	-7.55 dB


Table 4: Downlink performance - approximately 
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 for the different channels and BLER

	
	BLER

	Channel
	5*10-2
	1*10-2
	1*10-3
	5*10-4

	Indoor, 3 km/h
	3.9 dB
	6.4 dB
	9.2 dB
	9.8 dB

	Outdoor to Indoor, 3 km/h
	3.7 dB
	6.1 dB
	8.6 dB
	9.2 dB

	Vehicular, 50 km/h
	-0.9 dB
	-0.15 dB
	0.55 dB
	0.75 dB

	Vehicular, 120 km/h
	0.2 dB
	0.6 dB
	1.1 dB
	1.3 dB


Table 5: Uplink performance - approximately Eb/N0 for the different channels and BLER
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PC 1 :                               VOIP Terminal       Simulator
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PC 5 :                               VOIP Terminal       Simulator
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PC 4 :                         Air Interface           Simulator
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PC 3 :               Network Simulator
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