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1 Introduction 

The processing chain and applied tools needs to be well specified to guarantee reliable results in listening tests. This document discusses the simulation tools, interfaces and intermediate file formats needed for processing the test material for listening only tests to be carried out as part of the Characterisation of Adaptive Jitter Management Performance for VoIP WI.
2 Discussion on simulation tools

2.1 Simulation chain

The simulation processing chain for processing the speech material for a listening only test described in draft TR in Section 5.2 includes the following components:

1. VoIP Client/transmitter containing
· Pre-processing, including e.g. suitable pre-filtering and signal level control

· AMR/AMR-WB encoder

· RTP payload packetizer

2. Error insertion device (EID) applying error-delay patterns to the “transmitted” RTP stream

3. VoIP Client/receiver (and Network interface) containing

· RTP payload depacketization 
· Jitter buffer management (JBM)
· AMR/AMR-WB decoder
· Post-processing
Standard tools are available for pre and post processing and AMR/AMR-WB codec, but rest of the processing components need to be specified to enable appropriate processing. While the JBM part of the VoIP receiver is not known at the moment (i.e. the JBM algorithm that will be characterized), RTP payload packetization/depacketization and error insertion tools that are common for all test cases should be specified.
The tool implementing RTP packetization should include implementation of an RTP stack and payload packetization according to [1]. Furthermore, the parameters used for the AMR/AMR-WB RTP packetization should be defined. We propose to use the octet-aligned payload format without any of the optional features defined in [1].
The error insertion device implementation requires a module, which reads input RTP stream stored into a file, applies given error-delay pattern, and writes modified output RTP stream into a file.
2.2 Tool interfaces
The processing blocks listed in section 2.1 are most probably implemented as separate executable tools. Furthermore, it seems beneficial to implement also some of the components of VoIP client and VoIP receiver as separate processing blocks to enable usage of existing tools. Thus, the interfaces between separate processing blocks and the used file formats between the blocks need to be specified. We propose the formats discussed below.
“Normal” raw-data speech format (16-bit linear PCM at 8 kHz sampling rate) is used within VoIP client and receiver as well as the input and output of the whole processing chain.
AMR/AMR-WB encoder output data format can be the AMR/AMR-WB file storage format according media types audio/amr and audio/amr-wb, as specified in sections 5.1 and 5.3 of [1]. Note that the reference implementations of AMR and AMR-WB codecs support these formats.
The data exchanged between RTP packetization/depacketisation and error insertion device is a RTP packet stream. Although? there is no standard format for storing RTP packets into a file, it would still be preferable to use available open and public format instead of specifying and implementing a format for this specific simulation purpose only. The RTP tools available at the Columbia University website [2] provide a set of publicly available tools for handling RTP streams. Furthermore, these tools use so called RTPdump file format for storing the RTP packets into a file. The RTPdump format consists of a file header and a packet header, as described in Table 1 and 2 below. We propose this format to be adopted as the RTP packet interchange format.  Note also that SA4 Video Ad-Hoc group has adopted this format to be used in their PS video simulations. Thus, adopting the same format would provide aligned approach for VoIP and video simulations. Furthermore, this would also enable using the same network simulation tools for VoIP and video, e.g. when characterising the full MTSI functionality.
Table 1: RTPdump file header elements.

	Element
	Size
	Description

	Start
	32 bits (“struct timeval”)
	Start time (GMT) of the file

	Source
	32 bits (“long”)
	Source (IP) address

	Port
	16 bits (“short”)
	UDP port number

	Padding
	16 bits (“short”)
	Padding data to provide 32-bit alignment


Table 2: RTPdump packet header elements.

	Element
	Size
	Description

	Length
	16 bits (“short”)
	Length of the packet (in bytes), including this header

	Plen
	16 bits (“short”)
	Length of the RTP packet (RTP packet + RTP payload)

	Offset
	32 bits (“long”)
	Milliseconds since the start of the file


Note that the element “padding” in the RTPdump file header is not included in the description given in [1], but the implementation provided on the website includes also this field.
3 Conclusion
We propose to adopt the interfaces & data formats proposed in section 2.
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