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Abstract—Audio Engineers are required to carefully plan networks
based on set requirements before deploying them. They need to take
into consideration the bandwidth available, the latency of audio and
control data and make sure the correct number of audio channels can be
transmitted. Network simulation can be used to determine the relevant
bandwidth and latencies in any given scenario. It can also be used to
determine optimal layouts and routes. This paper investigates the current
state of network simulation for professional audio networks and presents
the design of an architecture which can be used to simulate professional
audio networks. It concludes that an analytical approach should be
used and presents an object model which can be used to represent a
professional audio network.
Index Terms—Modelling, Simulation, Professional Audio Networks,
IEEE 1394

I. I NTRODUCTION
The use of digital multimedia networks for professional audio
and video is increasing. The advantages of less cables, dynamic
routing and flexible command and control make digital multimedia
networks attractive. Professional Audio Networks are large audio
networks such as the ones housed in convention centers, studios or
the ones used for large live concerts. They consist of a number of
nodes (devices - such as amplifiers and mixing desks - and routers)
which are connected together using Firewire (IEEE 1394a [1] or
IEEE 1394b [14]) or Ethernet (CobraNet [9] or Ethersound [7]).
The equipment used in these networks is expensive so the networks
need to be carefully planned by Audio Engineers before deploying
them. They need to take into consideration the bandwidth available,
the latency of audio and control data and make sure the correct
number of audio channels can be transmitted.
Network simulation can be used to aid an Audio Engineer in
this process. There are essentially three themes of network simulation research: selecting an option; exploring complex behavior
and exploring multiple protocol interaction [4]. In professional audio
networks, an optimal configuration is desired as well as bandwidth
available in different scenarios. Network simulation can aid the
Audio Engineer to evaluate different options, determine to what
extent the network can be extended, optimise routing and select the
best options.
This paper briefly introduces network simulation and related work.
It then presents the design for a network simulator which satisfies
the needs of an Audio Engineer.
II. R EQUIREMENTS F OR A S IMULATOR
Since the simulator is to be used by an Audio Engineer, the
requirements need to be set out so that they satisfy the needs of
an Audio Engineer. The key metrics which are of importance are
the bandwidth available (since this determines the number of audio
streams which can be sent) and the latency between nodes (this
determines how long it is before a command which is issued leads
to a change and how long it takes audio to travel between two
nodes). The simulator must be able to determine these metrics. The
simulator must also be able to model large networks since large
professional audio networks consist of many different subnets which
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are joined using routers. The simulator must also be able to rapidly
prodeuce information in near real-time with changing configuration
and streams so that multiple scenarios can be evaluated easily and
optimal layouts / routes can be determined in minimal time. Since
this is used by an Audio Engineer, the configuration should be layed
out using a GUI and the output should be in a manner friendly to
an Audio Engineer.
III. R ELATED W ORK
Network simulation is a large field of research. The aim of
simulation is to produce an accurate representation of a system’s
activity/status so that inferences can be made about the use of
different network designs and the use of different protocols in that
network.
Either an analytical model can be constructed using a set of
equations or a computer-based model can be constructed which
mimics the activity of the network [5]. When creating a model,
different levels of abstraction can be used depending on the level
of detail and accuracy required and what information the simulation
needs to produce [4].
When modelling a network a number of different techniques have
been used. These include mathematical techniques such as Markov
Chains (State transitions), Queueing Theory and Graph Theory and
Packet-based or Flow-based (usually for TCP streams) models of the
traffic travelling over the wire. A number of simulation programs
have also been developed. Academic Examples include: REAL;
INSANE; NetSim (detailed simulation of ethernet); Maisie (which
is a C-based language for simulation); NS-2; Harvard Simulator;
FlowSim; SSFNet; and NCTU-NS. Commercial examples include:
BONeS, COMNET III, OPNET. These simulation programs are
either designed as generic simulations (such as NS-2) or specialised
network simulators (such as NetSim). Most network simulation
research has been done on ethernet networks [11], wireless networks
or the TCP protocol [2]. There has not been much work done
simulating audio networks.
A. Firewire Simulation
Not much work has been done simulating Firewire networks.
Holst [10] created a module for NS2 for simulating 1394a Firewire
networks [1] to investigate the differences between isochronous and
asynchronous data transmission and Lee et al. [13] used CSIM to
perform a study of TCP performance on small Firewire networks
(which would typically be used in homes to deliver multimedia
to different sources). Yamaha has also developed a bandwidth
allocation document [6] which details equations which can be used
to calculate the BWU (bandwidth units) available based on the
configuration of the network. This is an example of an analytical
approach to simulation.
B. Professional Audio Network Simulators
CobraCAD [3] is a CobraNet Modeling tool and is the only
freely available tool which the authors are aware of at the time
of writing. CobraNet is an Ethernet-based digital audio networking
technology designed by Cirrus Logic. A comparison of mLAN
(which is a Firewire based audio network) and CobraNet can be
found in Klinkradt and Foss [12]. CobraCAD allows the user to set

up a design and then has a feature to check the design to see whether
it is valid or not and display information such as link utilisation, the
devices, the number of different networks and the different bundles.
The mLAN installation designer [8] can also be used to design a
network and check if it is valid (i.e contains no loops) but does not
contain facilities to calculate bandwidth utilisation.
IV. D ESIGN
As mentioned, the simulation of Firewire networks has only been
done with NS2 and CSIM. This means that either one of these
implementations need to be used, a module written for another
simulator or a new simulator developed which uses an analytical
approach (calculating equations based on a configuration), a packetbased approach or a flow-based approach.
NS-2 and CSIM are both packet-based simulators. An advantage
of using such simulators is that they have already been used to
develop and investigate a number of protocols and network elements
including TCP behavior, router queuing policies, video quality of
services, multi-hop routing protocols in a wireless network, protocol
response to topology changes and application level protocols such as
web cache consistency protocols [2]. Using this approach, once the
scenario has been defined the simulation needs to be run and then the
required statistics calculated based on the results (such as a packet
trace). This means that near real-time simulation is not possible.
With each change, the simulation needs to be re-run to calculate
the effects. The packet-based approach produces a great amount of
detail. This detail, however, is not necessary to calculate the metrics
required by an Audio Engineer. It also requires significantly larger
computational overhead than an analytical model. We are therefore
creating a simulator using an Analytical approach based on the
Yamaha Bandwidth Allocation specification [6].
The simulator also requires the ability for the Audio Engineer
to connect the different multicores to construct scenarios. UCMAN
is a program which can be used to create connections with a
grid patch bay and change parameters using desk items (which
are graphical representations of items such as sliders). Instead of
duplicating an entire code base it makes sense to use the UCMAN
code which is already available. UCMAN sends out commands
and queries devices using XFNDLL (which is an implementation
of the XFN protocol stack [15]). The calls to XFNDLL are made
using the UMANDLL library. There are three different possibilities
to facilitate communication between the network simulator and
UCMAN: Communicate with UCMAN by catching and sending
relevant XFN commands; Integrate the simulator into UCMAN; or
Create a new UMANDLL which communicates with the simulator.
We desire to perform as little modification to UCMAN as possible
so we choose to create a new UMANDLL which communicates with
the simulator. This also means that the XFN protocol stack does not
need to be implemented in the simulator.
The network simulator needs to have structures which can store
the necessary information to perform a simulation. Figure 1 shows
the proposed object model for the network simulator. Each network
contains a number of subnets which contain a number of nodes.
These nodes can be either routers or devices such as mixing desks,
amp nodes, etc. Each node has information which is specified in
a device template. These device templates are contained in library.
The nodes also contain ports and multicores which can be connected
using UCMAN. The ports are connected together using cables. This
is done in the graphical user interface. Within the GUI, an object
called a cloud is used to house the different devices which are
represented by devices. A cloud consists of a number of boxes and
a cloud may contain one or more clouds. The clouds are used to
group together devices so that large networks can be effectively laid
out by an Audio Engineer.
V. C ONCLUSION
This paper has presented the requirements of a simulator for a
professional audio network. It has shown that an analytical approach

Figure 1.

Proposed Object Model for Network Simulator

is the best way to deal with the requirements and has also detailed
the design of a network simulator using this approach. An object
model which can be used to represent a professional audio network
has also been presented.
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