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1. Introduction

 In SA4#36 a working document for the project is presented [Tdoc 475] and updated to Version 0.0.1. [2]. The document is still far from completion, as both issues regarding the test condition and the simulator are to be resolved. The following is an outline of the technical issues on the simulation environment. The discussion remains valid regardless of the definition of the RABs.

2. Simulation: Real Time or Partial Real Time

As depicted by [2], for the simulation, the architecture of the RAN allows for a division into 3 components: 

· IP: IP core network covers IPv6 wired network 

· RN: radio network covers physical layer up to RLC, and 

· VoIP: voice over IP application covers AMR/RTP/IP/PDCP.   

Each component simulator can be developed and tested independently. Being concatenated as IP+RN+VoIP they can work together to enable a real time simulation, or a  partial real time simulation. Both are adequate for the speech test.  By partial real time simulation, we mean to run  selected component simulators in real time only. 

For instance, the RN simulator can run off-line to produce required RLC PDU traces for a given time, say 10 minutes, while the IP and VoIP will be running simultaneously during the speech test for a period, say of 10 minutes.  It is also possible to run both RN and IP off-line to produce a set of traces of a given time period, while running the VoIP simulator in real time with the speech test.  All these are feasible, as long as the interface(s) are proper defined [2].  To summarize

· Real Time: IP+RN+VoIP run simultaneously with the speech  test

· Partial Real Time 1: IP+VoIP run simultaneously with the speech test for time L1 seconds, while RN run off-line to produce  a L1 trace of seconds.

· Partial Real Time 2: VoIP run simultaneously with the speech test for time L2 seconds, while RN+IP run off-line to produce a trace of  L2 seconds.

As by everything, the evil lies in the details. The complexity of the subsystem that each component simulator intends to simulate recommends prudence in designing the simulators, particularly in the working assumptions and the assumed scenarios.  This is because the packet switched channels HSDPA/HSUPA are supposed to be different than pure DCH used in the previous project [1] of performance test and, as such,  deserve being treated correspondingly to ensure the proper test conditions for the speech quality evaluation.

 3.  IP/Core Component Simulator

Two approaches can be readily identified for this task:

Approach 1: [Given Network] Noting that the behaviour of an IP network depends on the size and the topology, it is necessary to determine the size and the topology of the IP core network before IP/Core simulation can be performed. There are multiple possibilities to this. For the topology, we can

· Agree on a hand-drawn topology and the number of nodes

· Take an example network

· Generate a topology using known methods from the Internet research community.

The size refers to the number of nodes and the metrics for the edges, i.e. the number of routers and the distance between each router pair. Once the size and the topology are determined, one still need to determine the traffic at each node, say modelled as fractional Gaussian noise. Moreover the routing table need to be specified, say implemented according to the shortest distance.  Once these parameters are determined, the simulator can be used to generate the necessary traces in case of off-line simulation, or the simulator can be integrated into the aggregate of the final simulator to be used for the speech test. 

The simulation can assume a reference fixed delay. The fixed delay value of the end-to-end connection in the final speech test can be adjusted as a difference quantity in reference to the fixed value used here.

Approach 2: [Given Delay and Loss]  On the other hand, one can argue that the IP/core network is not necessarily the major investigating target of the project, while only the radio access network is the bottleneck of the VoIMS performance. Besides, by concatenating an specific IP network with a RAN, the test result will be obscured,  due to overlapped stochastic processes, and the conclusion becomes less informative. Then, it would be more beneficial to use analytical model than using specific example, provided such model exists and is adequate for our purpose. In addition to that, the lack of specific requirements on the core network beyond being IPv6  tends also to favour a  rather abstract approach.

Summary

For the targeted speech test of this project, both approaches to the IP/core network are equally justified. The decision should be based firstly on the adequacy in view of the project objective.  In case commercial available tools or freeware are used, it must be possible to have all the working assumptions documented as entries in [2], verified and approved by SA4.  Examples of such software in a by-no-means-exhaustive list are: 

 ns2 (takes input of network layout, corresponds to approach 1), 

NetDisturb (takes input of delay and loss, is equivalent to a approach 2, hence can be simplified). 

 4. RN Component Simulator

The implementation of this simulator depends on the availability of the RABs.  Currently, they are defined in RAN2 as [3]

63: Conversational/Speech/UL:38.8 DL:38.8/PS

64: Conversational/Speech/UL:16.8 DL:16.8/PS

Details of those RABs with adequate configuration for our purpose is still being worked out in RAN1/RAN2/RAN5.  Nevertheless, the specification of  HSDPA/HSUPA in RAN1  is already in a stable state. Therefore, work on the lower layer parts of the RN simulator can already start, beginning with the 

· network layout, 

· mobile behaviours and 

· methodology.

In principle, two simulators are needed, 

· one RN simulator for the down  link and 

· another RN simulator for the uplink,  

respectively. They can be developed and tested in dependently, and then coupled in the simulation to incorporate the signalling between the two links for a conversational connection.
The question on how far the uplink and down link shall be coupled, depends on the degree of details we expect from the simulation model. Due to the complexity,  it is preferred that the activities of the signalling radio bearers be modelled in a possibly simple manner.      

As already mentioned in [2], traces are need unless real time simulation is deployed. The outcome expected from the RN  simulation are two simultaneous traces of RLC PDU in both directions: Down link and uplink.

5. VoIP Component Simulator

As depicted in [2],  this component comprises RTP/IP/PDCP and, as such can be developed stand-alone. In the speech test they should be running in real time for the period determined by the lower layer component simulators.  An implementation of ROHC is needed, albeit with some simplification possibly, e.g. the allowed state transition and the signalling. That is equal to selecting a subset of the functionality from the ROHC protocol. Therefore, agreement is needed on the details, some of which are mentioned in [2]. In this area certain results already exist in SA4.

6.  Project 

In order to have a technical solid test environment, it is necessary to

· Describe the methodology of the simulation so that the simulator can be verified

· Agree on working assumptions of the simulation that justifies the project target

Both these will find entries into the working document of the project [2]. 

Not only does it facilitate the development of the tools, it also enables a cross check by multiple developers. 

Also the interface between the simulator and the test lab should be provided and specified. But this work will evolve automatically during the process of code development and simulator verification.

Finally, the test plan should be detailed. By large this can be taken from the previous project [1] with adaptation to the new test conditions.
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