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Abstract

Professional audio equipment is migrating towards general purpose computers
running professional audio software systems such as Virtual Studio Technol-
ogy [VST] and VST plugins that have been adopted as an informal standard
for audio and MIDI plugins{26]. The proliferation of computer networks has
facilitated sharing and distributing musical content over networked technology
and has benefits of allowing multiple, simultaneous, remote access to audio re-
sources, it allows processing and computer hardware resources to be distributed
amongst many computers and therefore has potential for VST processing farms,
and facilitates location independent musical collaborations. Open Sound Con-
trol is an open high-level application protocol developed to facilitate modern
networked communications amongst audio processing units like VST plugins,
OSC has been suggested as a successor to MIDI addressing its shortcomings in
its design[11].

This dissertation presents a prototype VST plugin called OscVstBridge that
bridges the network isolated VST plugin and VST host to the OSC network
domain. The prototype facilitates modern, high speed, networked, musical con-
trol communications amongst VST audio processes. OSC is an open protocol
allowing OscVstBridge to communicate between VST systems from different
vendors furthering inter-operability of audio and musical system and promotes
standardisation.

This work presents a novel mapping process to facilitate the construction of
a rich, hierarchical OSC namespace using the VSTXML definition.

The bridging between VST and OSC required data type implementations
including parameter, audio, synchronisation and transport. The audio data
type required development in order to transport PCM uncompressed chunks of
audio over the network. This new float vector 'v’ type is an array of 32bit floats
developed within the NetUtil OSC library for Java.

The OscVstBridge required the development of audio receiving control mech-
anisms that would remove network jitter and preserve packet order when receiv-
ing network audio data. The first control mechanism is the JitterBuffer and as-
sociated algorithm to order packets. The second uses O5C’s intrinsic temporal
semantics through the OSC timestamp and OSC Scheduling mechanisms.

This dissertation also present 7 experiments evaluating the OscVstBridge
prototype. The first four experiments evaluate the parameter data type. These
experiments evaluate against benchmarks of 10ms for both mean latency and
peak jitter and show results that the parameter data type performance meets or
exceeds these benchmarks. The last three experiments evaluate the audio data
type and compares the audio receiving control mechanisms. The audio experi-
ments have shown that the JitterBuffer is the only control mechanism that can
transport raw audio data over a jitter-ridden' network without degrading the
signal. The OSC Scheduling control mechanism does reduce jitter and improve
on packet order but does preserve the audio signal when transported over this

lwith latency of 2ms and jitter between 1 and 100ms
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Chapter 1

Introduction

1.1 Background and Context

General purpose computers have advanced over the past decade with pro-
cessing, memory and storage capacity exponentially increasing[8]. The cost of
these have however been steady and therefore for the same monetary value today
one could obtain an increase in these resources when compared to yesteryear.
This therefore facilitated the penetration of general purpose computers into the
music and audio industries and has paved the way for the recent shift of pro-
fessional audio equipment to general purpose computers running professional
audio software applications. Such applications absorb most of the functionality
found in previous generation hardware-based professional audio systems such as
music control and audio routing, mixing desks, synthesizers, effects processing,
etc.

Audio software vendors began to harness and design systems that would
utilise the increased computer resources available. Certain audio system soft-
ware development philosophies evolved to give birth to Virtual Studio Technol-
ogy [VST]. A VST plugin is an audio processing unit contained within a V8T
host application. The plugin applies its algorithm to the audio received from
the VST host before returning it back to the host. The internal operations of
the plugin are hidden from the host and therefore appears as a ’black-box’ to
the host. A VST system consists of VST hosts and VST plugins and has been
adopted as an informal standard for audio and MIDI plugins|25]. '

Audio software developers could then develop VST plugins focussing on the
algorithm needed to be implemented within the plugin. They would then simply
just need to interface to the VST host and not be concerned with any VST host
functions. Similarly VST host developers would focus on the VST host functions
and not develop around the wide array of VST plugin processes. VST therefore



allows compartmentalisation of the functions and processes involved in audio
software development.

VST plugins are instantiated by a VST host creating a direct link between
the two. It can been infered that the underlying hardware platform and associ-
ated computer resources are shared between the V5T host and all the plugins
it instantiates.

Coupled with the advancement of general purpose computers has come
the proliferation of computer networks. Computer networks are widely avail-
able with general purpose computer hardware standardising on Network In-
terface Cards [NICS] running the TCP/IP protocol stack. The typical maxi-
mum throughput bandwidth is 100Mbits per second and can be found in most
Local Area Networks [LANs]. Hardware vendors now however supply Giga-
bit [1Gbit/sec] bandwidth devices. If the lesser of the above bandwidths are
adopted, this bandwidth surpasses the bandwidth requirements for musical con-

trol by approximately a thousand times!.

Sharing and distributing musical content over networked technology has ben-
efits such as allowing multiple, simultaneous and possibly remote access to au-
dio resources, its allows processing and computer hardware resources to be dis-
tributed amongst many computers, and facilitates location independent musical
collaborations known as Networked Musical Performance [NMP}. These benefits
have led to various research into transporting MIDI over Ethernet since MIDI
is the defacto standard for musical control[24]. A new MIDI specification called
HD-MIDI is capable of transporting MIDI over networked technology. Another
protocol called Open Sound Control [OSC] also facilitates the transport of mu-
sical data across computer networks, but has in its a design no prescription to
any set of messages and therefore has a large variety of application areas.

O8C is an open message-based high-level application protocol developed to
facilitate modern networked communications amongst audio processing units.
Such audio processing units could include VST plugins. OSC is capable of trans-
porting musical control and audio data and is transport independent. Imple-
menters have developed it using the TCP /IP protocol suite over LAN networks.
OS8C has been suggested as a successor to MIDI addressing its shortcomings in
its design[11].

A VST host contains the V8T plugins it instantiates. Communication be-
tween the host and the plugin is done via host procedure calls and the two
share the same hardware resources. VST plugins that require communication
to other audio processes must do this via the VST host application since there is
no mechanism that allows them to do this directly. The plugin data such as pa-
rameter control, synchronisation, transport and audio data is therefore network

lassumption of LAN network at a conservative 31Mbit/s and the MIDI musical control
bandwidth at 31Kbit/s



isolated to the VST host that instantiated it. Certain VST host applications do
provide networked communication services but uses closed systems excluding
networked communication between VST hosts from different vendors.

Commercial VST plugins have become advanced and resource hungry, and
with VST hosts capable of hosting more than a hundred plugins simultaneously,
the resource demand placed on the underlying computer hardware can quickly
escalate, restricting the usability of the VST system.

This dissertation introduces the development of a VST plugin called OscVst-
Bridge that bridges the islanded VST plugin and host to the OSC networked do-
main. The plugin provides a gateway that shares musical content from different
VST hosts running on separate general purpose computers that are networked
together. The audio resources shared are parameter musical control data, audio
data, synchronisation and transport data. The OscVstBridge plugin provides
an open communication platform using OSC between VST hosts and plugins
from different vendors.

The requirement to network musical systems for collaboration purposes was a,
natural development|[4]. Audio software vendors therefore enhanced their prod-
ucts to include networking services in and amongst their own product lines.
They developed closed networked system such as Steinberg’s? VST System Link.
There however is no open communication platform that facilitates inter vendor
communication for musical content. This dissertation works towards establish-
ing such a open platform using the open protocol definition OSC in the widely
used audio processing systems of VST. NMP can be deployed on this open
framework.

Closed network systems enforce intra-vendor product locking. While this
might tie in well with the vendor business philosophy, it limits inter-operability
of audio and musical systems. Establishing an open platform contributes to-
wards standardisation and widens the competitive playing field amongst ven-
dors.

Users of such networked systems that are deployed on open frameworks are
free to choose amongst the VST hosts they network which could include open
source VST hosts. Users within the closed networked systems are forced into
a specific vendor’s product with licensing required for each software product
running on each computer. The open framework therefore could become a cost
effective way of networking musical devices.

1.2 Motivation

2Steinberg is the founding company of VST



The MIDI protocol standard was first published in 1983 and is presently
the most used music protocol worldwide. Computer networking bandwidth has
proliferated into the 100Mbit/sec maximum throughput compared to MIDI’s
31.25Kbit/sec. This enormous bandwidth difference between presently avail-
able computer networks and MIDI has facilitated research into other music and
audio protocols that use the high speed network technology available today.
Such a protocol is the OSC open protocol definition. OSC therefore has been
compared to MIDI[13] and proposed as its successor. In order to achieve this,
0OSC would have to establish itself within audio processing systems established
in industry. Such a processing system is VST which has been adopted as an
informal standard for audio and MIDI plugin processing. Therefore the Os-
cVstBridge plugin provides this critical link assisting OSC to establish itself
amongst VST and the processing systems used in industry. This plugin devel-
opment has provided high speed musical networking using OSC to established
industry audio systems.

Sharing of audio resources in the OscVstBridge plugin enables computer
hardware resources to be distributed amongst networked computers. VST hosts
can therefore control VST plugins that reside on separate hardware by trans-
porting the data that usually flows between VST host and VST plugin over a
computer network. This therefore delinks the tightly coupled VST host and
plugin and decreases the hardware resource requirements placed on individual
computers. Since the computer network and the number of computers on that
network is scalable, a VST plugin processing farm becomes possible.

All the interfaces in the V8T host are available to OscVstBridge and hence
the OSC environment through the flexible routing schemes found in a VST
host. A MIDI controller interfaced to the VST host can be transformed into an
OSC controller by routing MIDI messages within the host to the OscVstBridge
plugin. This therefore provides a MIDI to OSC conversion. Similarly OSC to
MIDI conversion is possible by receiving OSC messages in the OscVstBridge
plugin and sending it to the VST host. The host could then use these MIDI
messages to control audio synthesis processes.

Audio inputs and outputs interfaced to the VST host are also capable of be-
ing routed within the host to the OscVstBridge plugin. Audio data can therefore
be transported between VST hosts using O8C. This audio transportation allows
all sources of audio data to be transported to a central VST host whose audio
interface output is used to playback the audio data. This can be a cost saving
exercise in that a single audio interface is needed and shared amongst all net-
work computers. Synchronisation and transport data can also be transported
between VST hosts on different computers allowing musical synchronisation of
the networked VST hosts. The transport data allows a single VST host to con-
trol the playback position of the audio markers used within all the V8T hosts
that are networked. These networked VST hosts can be location separated
facilitating NMP.

Zbyszynski and Freed[41] address the control of VST plugins using OSC by
suggesting that the integration of OSC and VST technologies would improve and
further the field of musical networking. Added functionality would be afforded



to VST plugins such as enhanced control structure.
1.3 Objectives of this Dissertation

Zbyszynski and Freed[41] address the flat control structure used within VST
plugins stating that the VST parameter namespace is unwieldy. The paper in-
troduced OSC as a means to address the flat namespace creating a hierarchical,
meaningful namespace that will aid users and plugin designers. The release of
VST SDK 2.4 by Steinberg in 2004 also addresses the unsorted, flat namespace
of VST parameters with the introduction of the VST parameter structure XML
definition (VSTXML). VST hosts that support this definition will construct a
hierarchical namespace based on the VETXML definition supplied with the plu-
gin. The definition is backward compatible with pre-8DK2.4 VST plugins|36].

The OscVstBridge plugin therefore aims to construct a rich, hierarchical
0O8C namespace using the VSTXML definition.

Zbyszynski and Freed affirm the research ideas and intention of this disser-
tation work by stating the following:

“If OSC support was integrated into VST plug-ins, much of this
namespace could be built automatically”

“Products by Native Instruments,Reaktor and Intakt, already sup-
port OSC in their standalone applications, but it is not possible to
address their plug-ins directly using OSC.”

".control can be further improved if the plug-in could be directly
controlled using OSC”

It became apparent when conducting the literature review that an AudioRe-
ceiver process would need to be developed as part of the functionality of the
OscVstBridge prototype plugin. Other work such as Voice over IP [VoIP] re-
quire a buffer between the asynchronous receiver of network packets and the
synchronous audio playback. Such a buffer is called a JitterBuffer. The Os-
cVstBridge therefore developed a JitterBuffer in the AudioReceiver process to
remove network jitter introduced into the audio stream. The OSC protocol also
contains a jitter reduction scheme called OSC Scheduling. This scheme is also
developed and implemented in the OscVstBridge prototype plugin..

The primary objective of this dissertation was to create a VST interface that
bridges VST data to the OSC networked domain. It therefore followed that a
prototype VST plugin be developed interfacing VST and OSC technologies. The
essential VST data types are the parameter and audio data types and therefore
the prototype plugin required such data types to be developed as OSC types.
The parameter data type could be accommodated in the standard OSC types



but the audio data type required the development of a new type containing an
array of float types.

A secondary objective of this dissertation work was to construct a rich, hier-
archical OSC namespace using the VSTXML definition. The design of the OSC
namespace was done through this construction process by mapping VSTXML
data to an OSC namespace within the development of the prototype plugin.

Upon completion of the prototype, experiments were conducted on the Os-
cVstBridge prototype plugin in order to evaluate its performance. The experi-
ments evaluate each of the parameter and audio data types. The parameter
experimental results were compared against industry benchmarks. The au-
dio experiment results have evaluated and compared the AudioReceiver control
mechanisms deployed in the OscVstBridge plugin.

From the above objectives the research questions below are outlined:

1. Can we use Open Sound Control [OSC] as an open protocol interface to
implement networked communications between VST systems and OSC en-
vironments facilitating distributed audio processing?

2. Can we build a rich O5C namespace using the VstXml definition?

3. How can we measure and evaluate system performance based on QOS and
industry accepted benchmarks for control [parameter]| data?

4. To determine and compare the system performance in applying different
QOS control mechanisms on audio data?

1.4 Design and Methodology

The methodologies adopted in this dissertation consist of the design and develop-
ment of the OscVstBridge prototype plugin followed by experiments evaluating
the prototype.

The essential core features of the prototype to be developed are:

e a VST Functional Wrapper constituting a VST Host Spoofer,
e a data bridge between OSC and V8T domains,

OS8C Data Type development including OSC Control parameter, VST
Time Info and developing an OSC audio type,

08C Environment development including OSC client and OSC servers
including VSTXML definition,

Audio Receiver development implementing a JitterBuffer and OSC Sched-
uler to accommodate network jitter.



The prototype development aims to answer research questions 1 and 2.

The experiments were sectioned into parameter and audio experiments. The
parameter experiments have metrics of mean latency, peak jitter, scheduling and
packet loss. Upper and lower bounds were determined for each metric and the
upper bound was compared to industry benchmarks.

The audio experiments metrics are scheduling, latency, jitter and temporal
fidelity. The AudioReceiver control mechanisms were evaluated for each metric
in order to compare them against one another.

The experiments aimed to answer research questions 3 and 4 by evaluating
the system performance of the prototype.

1.5 Structure of this Dissertation

e This chapter introduces the topic giving background and context. Chap-
ter 1 also presents the aim, motivation, objectives and design methodolo-
gies of the research.

o Chapter 2 provides an overview of related research covering Distributed
Audio Systems and Networked Music, Open Sound Control, VST systems,
Networked Communications and Quality of Service.

e Chapter 3 describes the development process of the OscVstBridge pro-
totype plugin developed. Descriptions of the core components comprising
the OscVstBridge plugin are presented such as main classes, VST host
spoofer, OSC libraries, OSC data type design, data flows, AudioReceiver,
OS8C environment, user interaction and threading.

e Chapter 4 presents the evaluations and results of experiments conducted
on the developed OscVstBridge prototype. The first 4 experiments evalu-
ate the parameter data type and the last 3 the audio data type.

e Chapter 5 concludes the dissertation by discussing the results obtained in
Chapter 4 and provides a summary of this dissertation. Future directions
in this research area are also recommended.



Chapter 2

Literature Review

2.1

Introduction

Musical control and networking has been using the MIDI protocol as a stan-

dard

since its inception in the early 1980s. MIDI still has concrete roots in

today’s musical networks but network technological advancements are tipping
the scale towards establishing a new musical protocol standard with improved
resolution and bandwidth.

OSC is such a protocol that was developed to facilitate high speed mod-
ern networked communications amongst audio processing units. Amongst the
most common audio processing units is the VST audio and MIDI plugin. The
integration of OSC and VST systems therefore seems a natural development.

The Literature Review contains the following sections:

Distributed Audio and Networked Music describes networking mu-
sical systems and how this is achieved through the use of protocols. The
MIDI protocol is also overviewed and a Network Musical Performance case
is presented.

Open Sound Control gives a detailed overview of the protocol, dissect-
ing its elements. Recent research into embedded devices for OSC, uQSC, is
outlined together with serial transfer using RFC1055. The rapid prototyp-
ing and development tools in Max/MSP are presented. Related research
work such as the Kroonde, MATRIX and Circular Optical Object Locator
are presented together with some OSC implementations.

V8T Systems is explained giving a conceptual understanding of this
system. Control of VST plugins using OSC[42] is also discussed.

The Network Communications section compares circuit and packet
switched networks, explains the OSI model framework, the IP protocol



suite, common network architectures and a brief history of the Internet.
Musical data in packet switched networks is explored and includes real-
time audio. Real time Transport Protocol is outlined as related work.

o Quality of Service explains its metrics in the context of Distributed
Audio. The metrics discussed are latency, jitter, packet loss, scheduling
and temporal fidelity. Control requirements in audio systems are explored
and the control mechanisms of OSC timestamping and jitter buffers are
explained.

2.2 Distributed Audio and Networked Music

The area of professional audio covers music recording and editing, sound for mo-
tion picture and radio production that has been implemented, amongst others,
on special-purpose systems called digital audio workstations [DAWs][1]. How-
ever, technological advancement has paved the way for the recent shift of pro-
fessional audio equipment to general-purpose computers running professional
audio software applications. Such applications absorb most of the functionality
found in previous generation hardware-based professional audio systems such
as control and audio data routing, mixing desks, synthesizers, effects process-
ing, etc. However the “software studic” coupled with its intensive processing
requirements is most often still localised to a single computer.

“Many areas of professional audio involve several users sharing audio
resources” Anderson et alfl]

Such resources are audio data, control data, computer processing, shared mem-
ory, etc. ‘This sharing of resources can be categorised broadly as Distributed
Audio and is achieved through communication networks. A simple demonstra-
tion of a professional studio with basic point to point communication can be
seen below in Figure 2.1



Basic Professional Stuedio

gen;-r"ﬁl PLET IR S
COTpUtEr
( VAT e
I 1 -
; VT phugin
) rrofessional
HIET <tara T l audio Saftware ..-\.1 g
Ki e = .
. B | . Wil pugin
\ : 7

Frgure 210 Basie prolessional stodio with poiod fo oo, conumnic ation

The general purpose computer vunming professional audio software will have
ab andio interface outputting an andio anatog signal destined for monitor speale-
ers A Musical Instrument Dagitad Interface [MIDT] controller emtpot s abao eon-
mecred tooa MIDT input of the computer that s soureed inlo the audio soflware.
This is a basic point to point petwork careving MU protocal fo transport. con-
tral messages hetween the compnter and MIDT controller. MUDT has s pliysical
transmission lengtl limitation of bess than ffteen weters[15] bue does facilitate
remcte operalions bevween the andio software and MIDI conteoller and conld
be considered a Dastributed Audio systom.

10



Daisy Chained MINI Professional Studio

Monkal Maoniliar
spoaker oL
MIDT : 3
wam aher
M — - [T 40T 0 i
M general purposo
42 | <onipuler
MTIH
wp A fur Crevnny Chiimmtedt =
M Metwark =
. VST glsgin
1o ' '
1t B WhRT
o ; | Professianal oy
MR Audio Soltware
L —T T e B
Keyhoard i ——— AL ittt
| VST gliagin
i
— i 4

Fipare 202 Deolessional Soltware Sindio with Dadsy Chainesd 01 commini-
cation nelworl

Proind Lo prodnt wetworks can be expanded toodaissy chadn the BT cormmomi
cations ta form the noiwoek as in FPigore 2.4 This expanded systow resernhles
a petworked systern hut #4311 containg its distance limitation of lifteen metrs
between: RITH deviees, Tt also b5 resteicted physically 1o ecclusively using the
I prokces] which was designed for use in local cormmmnicacion networks,

To achrewe a true Disteibated Andio System the distance lmitation showld
b removed b sl Minction as 10 all the vesonrees were available looadly The
systom shwld loverame apen mstahlished  protocol standacds used nnetwork
vechinolosies, Such petworks tneluds the lkernen thid ases the TF Procoeasl Soite
which allows tor vemate wsers of the system Lo be scatiered globally, General
parpose compiibers van scconmodate N1Cs thar Implement the 1T peotoco!
stack and allow [or cannectivity to Dlheruel wetworls,  They theseby allow
for Distributed Audio to be practiced on and amongst “soliwace studios™ using
Alandard opew protocol techoolostes np antil the application laver defined in the
7 Layrr Open Svstem Inlereoonection [(3S1 model. Uhere, howeser, has been
lirnitedd comtributions made to cstablishing a open protocol at the application
layer for control and audic. The commumication model i therefore incomplete
when i comes o Didreiboted Aodi,

The benefits of providing an open application laver oclusive protocol deli-
nition et can be nsed over Dthernet noetworles inoa Tistributed Audio Fashion
are mmercus, These inelude walriple and possibly stoltaseoys access o -
lio resoniroes, ared remote aeoess o pesongoes that allow users to be disteiboied
tlirouphout the network, This applies globally wilth veference ro the Inrepnet.
Tt alliwes for andio processing to be shaeed amd dizteibaled arnongst wany com-
priters, This therefore Ineroases the overall processing capahility of the svstom



and reduces the computational load placed on a single computer[6]. This is of
incredible benefit to the “software studio” whose processing requirements are
high when based on general purpose computers.

Other benefits provide location independent musical collaborations such as
NMP|21] to take place provided that the connecting network surpasses the mini-
mum Quality of Service [QOS] requirements set out for the collaboration. Musi-
cians interact over a network that provides transparency rendering performance
similar to a local interaction.

“...we should use computer networking to provide new and unique
forms of musical communication and collaboration.” Wright[39]

The interaction of musicians over computer networks for distributed collabora-
tions to produce a musical result seemed an inevitable step[4].

An NMP case of two pianists playing a four-hands composition over the In-
ternet has been conducted|[21]. One person was located at UC Berkeley campus
while the other 64km away at Stanford campus. Each piano responded to both
the local and remote players and remote musical control information was shared
between the campuses over a CalREN2 data link. The data link had a round
trip time of 4.2ms and was considered not sufficient for audio streaming due to
bandwidth limitations and lack of QOS.

NMP clients were used by each pianist and a conference server co-ordinated
communication between each client. Gestural control information was shared
between clients using the IETF Real Time Protocol (RTP) with MIDI messages
as its payload.

The NMP experiments evaluated latency and packet loss. Qualitative ex-
periences found the system usable and playable as a musical instrument.There
were however some negative effects due to network congestion. These were that
depressed keys do not sound immediately and released keys do not stop sounding
immediately.

2.2.1 The need for protocols

The underlying mechanism for achieving a successful Distributed Audio system
is a protocol. A protocol is a set of rules defined for communication between
nodes in the network that support the exchange of data|34]. The TCP/IP
protocol suite is amongst the most important set of Internet-based protocols
developed. It consists of the physical, network access, internet, transport and
application layers which constitutes a subset of the OSI model[34]. The TCP/IP
protocol suite is amongst the most widely used in the world.

2.2.1.1 MIDI

Within the audio and music industry the MIDI protocol has established itself
as the de facto standard for musical control. MIDI is found in musical per-
formances, synthesizers, audio interface cards and commercial audio production
software[24]. MIDI has been instrumental in facilitating communications within
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professional audio since its inception in the early 1980s. Prior to that there was
no universal protocol for remote control of musical parameters|2].

A complete description of the MIDI specification can be located on the
website hitp://www.midi.org/about-midi/spechome.htm. A brief overview of the
specification is outlined within this document.

The 3 facets of MIDI are the communications protocol language, the distri-
bution format for standard MIDI files and the hardware interface.

SERIAL PROTOCOL

MIDI is a serial protocol with a byte-sized command set. At its physical
layer it communicates at a baud rate of 31250 baud asynchronous and therefore
transmits each byte message in 320 microseconds. The recommended connectors
are 5-pin DIN that is a 1.5mA current loop. MIDI devices contain either 2 or
3 ports. These are the IN, OUT and THRU ports. The IN port receives MIDI
messages into the device and the THRU port replicates the IN port data as an
output port for daisy chaining purposes. The OUT port is used for messages
created within the MIDI device itself.

Tue MIDI Bus

The MIDI addressing scheme is achieved through the MIDI channels. 4 bits
are allocated to channel addressing and therefore 16 channels are defined in
the standard. Each MIDI message contains a destination channel and although
all MIDI devices on the bus will receive this message, only the device which
matches the channel address will process the MIDI message. This makes MIDI
bus topology possible.

MESSAGE FORMAT

The message length can vary depending on the type of message but usually is
either two or three bytes long. System exclusive messages are an exception being
possibly longer than two bytes since they are vendor specific messages. The first
byte contains the status information in the first nibble and the channel number
in the second. The first nibble values and their corresponding status information
can be found in the MIDI spec. The second and third byte of information is
dependent upon the type of message specified in the status nibble.

As an example a MIDI message that specifies for the middle C note to be
set on channel 1 at full velocity will resemble the structure:

[(STATUS NIBBLE){CHANNEL NIBBLE)][KEYNOTE NUMBER][VELOCITY]

and can be viewed on the wire as hexadecimal:

80 3C 80

The status nibble in the 90 hex first byte is 9 or 1000 in binary and indi-
cates Note On message type. The channel nibble is 0 indicating user channel
representation number of 1. The keynote number of 3C hex is a decimal note
number of 60 or middle C note. The velocity in the last byte of 80 hex is 128
decimal indicating full velocity.
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THE EVOLUTION OF MIDI

The transport of MIDI was specified as 5-pin DIN connector in the original
specification. However technological advancement in communication media has
made provision for MIDI to be utilised over transport mediums such as Firewire,
USB and Ethernet. Commercially available products have Firewire and USB
integrated into their MIDI products already.

HD-MIDI is a major extension of the original MIDI specification that pro-
vides greater resolution to data values as compared to the original 8 bit values,
has an increased number of channels available for use and support for a new type
of MIDI message. HD-MIDI is backward compatible with MIDI 1.0 messages.

There has been significant research contributions into transporting MIDI
over Ethernet networks. This makes NMP possible with musical collaborations
over the Internet|21].

OSC is an application layer protocol that has implementations in musical
control. There a numerous applications that use Ethernet as the transport
mechanism and OSC has been suggested as a successor to MIDI addressing its
shortcomings in its design|[11].

2.2.2 Data Types of Distributed Audio

Musical control data such as those transported by MIDI is the most important
data type for use in Distributed Audio. The bandwidth requirements in trans-
porting musical control is much lower than transporting audio data, even in a
compressed format. MIDI musical control has a bandwidth of 31.25kbits/sec for
16 separate channels. For a typical MIDI instrument that accepts a single MIDI
channel input and outputs a stereo 16 bit uncompressed PCM audio channel
pair with a sample rate of 44100 samples per second, the bandwidth requirement
of 16 stereo audio channels would be 22.6Mbits/sec {44100 sample rate x 16 bit
x 32 channels] which is roughly 717 times more than the MIDI musical control
bandwidth. Conversely we can say that MIDI control data is 717 times more
efficient than transporting uncompressed audio provided that the destination
device for MIDI messages is capable of processing them into audio data. MIDI
and musical control data would therefore seem a likely choice for transporting
musical information in bandwidth limited networks.

Audio data transportation opens up many system architectural avenues
when transported on an open framework. Since audio itself is a core resource
produced and consumed in musical performances and professional audio studios,
there are benefits in transporting this resource over a computer network. Audio
interfaces are no longer limited to a local machine and can be shared amongst
networked devices.

Open Sound World (OSW) is a visual development and run-time environment|9}].
Sound designers and musicians can process sound by using expressive real-time
control widgets called transforms. OSW is similar to the Max/MSP and Pd
visual programming environments in that they all allow for patching of visual
components together. OSW supports OSC and has transforms that process
OSC data. Of particular interest is the processing of uncompressed PCM audio
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2.3 Qpen Sound Control

2.3.1 Introduction

Open Sound Contral iz a message-hased high-level application pratocal dovel-
aped to facilitate modern networked comomnication among audio processivg
units. Theae inchude computers, sound synthesizers, digital andio workstations,
multimedia deviees, erc|38]. 080 is an open protocal and dacs not preseribe
any specific sel of messapges thal must be mplemented. It therelore bas a lacpe
variety of application arcas and can lransport control data as well as audio
dati, and implementations of cach are found in Lemuor conteeller and O5W[3
respectively,

OS5C s transport independent and has found implementers developing an
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Figure 2.1 050 Message Structiure

2.4.3.1 050 Address Pattern

The USC address pattern uses sn TRL-type paming schemne, begins with a
[orwarel slash = and Is used as the destinaticn addeess marvker for the OS5
mcssnge. An O8O addvess part is the substrings between the adjacent paivs of
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Loty pe bridging O5C m VAT, aml is 3 parameter olement of filker tvpe
controlling the eutoff of that filter,
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O8C Address Patterns are used instead of OSC addresses in OSC messages to
accommodate special characters for expression pattern matching in OSC servers.
If an OSC address pattern of an O5C message matches an OSC server’s address
for a particular leaf node within the OSC address space, then the appropriate
OSC method is invoked in the server. This allows for a single OSC message to
dispatch multiple O5C server methods simultaneously.

2.3.3.2 OSC Type Tag Strings

The OSC type tag string begins with a comma (,) followed by a sequence of
characters. Each character type tag gives the data type used in the argument of
the OSC message. The OSC arguments sequence follows the type tag sequence
exactly. The four official type tags defined are 32-bit integer numbers (defined
by character “i”), 32-bit floating point numbers {defined by character ‘1), ASCII
strings (defined by character “s”) and ’blobs’ which are blocks of binary data
{defined by character “b”). There are also non standard OSC type tags that
accommodate data types such as MIDI messages, RGBA color, timetags, etc.
A comprehensive list can be seen in Figure 2.4.

It is of particular interest that a OSC type tag is defined for the MIDI musical
protocol. In a simplistic configuration MIDI data could be encapsulated within
the OSC protocol using this defined type tag. This therefore facilitates transport
of MIDI messages over the underlying network used by OSC. This underlying
network uses the TCP /IP protocol stack in most implementations and therefore
makes transport of MIDI messages across Ethernet and the Internet possible.

2.3.3.3 0OSC Arguments

OSC arguments are a single contiguous block sequentially representing the data
described in each of the data types defined in the OSC type tags. The range of
arguments are from zero to many.

An example of a type tag and its corresponding arguments are shown below:

0SC type tag(char) ->, £ m ()
0SC type tag(hex) -> 2C 66 6D 00
0SC arguments(hex) -> 43 DC 00 00 90 3C 80 00

It can be seen that there is a 32-bit floating point number and a non-standard
MIDI OSC type tag as found after the comma. There is also a zero pad byte to
align the atomic OSC units to be 4 byte aligned. The OSC arguments are also
32-bit aligned with the floating point number receiving two pad bytes after its
value. This is followed by the MIDI byte based message which is three bytes
long followed by a single pad byte.

2.3.4 OSC Bundles

An OSC Bundle is a sequence of OSC messages or OSC bundles themselves
allowing for nesting of OSC data. OSC bundles begin with the string “#bun-
dle” to denote that the message is of this type. Following the bundle string is
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copnprises of s size and contents which may oithor be G50 Meossigos ar of her
50 Bundles.

A messnges wikbon an OS50 Buandle shembd be procesasd atomacally, The
sviichronisaiion bechnigue gsed between the client amd secver W the corntnuni
catjon architecture falls omiside of the responsibility of OSC protocol definition.
ORC does however assione Lhal the elient amd server witlon a commminiealion
link ave synchwatisesd, The O8O Bundle thnestaing s an obsolute futare dated
time giving notification to the OS50 server of whon to proeess the message. Howe
ever if the timestonp bos abready clapeed tlien the messape 16 to e proeessed
unrmediately,  This timestanp propecty s opoctant for corvect selediling of
packets tn the server aned provides an tnininsie jillor compensation meehanism
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Figore 2.5 O8C Bundle Structare

2.3.5 0OSC Address Spaces and OSC Addresses

The O5C server containg a sel of O5C methods that are addressalle by OS50
messages. These O8C methods are orranged ina hierarchical troe-like structure
eaallod ehe O5C adddress space sy seon bolow in Figuroe 206,
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Figure 2.6: Hicrarchical teee stracture of the OSC adidress space

The Lree structibe comirisges branches called 050 containers that are nn
dircetly addressable by (%0 messages. These branches can be likened o the
prerts of the OSC addeess pattern in Q50 messaees. The leaves in the tres
stricture conitain the methods of Che 080 server which are the proints of com ool
for OS50 mogsages.

O350 does not presceibe the acchitestare to be nsed o che QS0 adddress spiace.
Neyelopers are free to design addeess spaces that meer their application necds
withont considering any protocol restrictions when using O5C . Other protocols
such as MIDI wnd ZIPT do net afford this open architecture] 4]
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Figre 2.7 Faamnple of an OSC address space

Fignre 2.7 gives an example of a 050 address space. The OSC address is
Sresonedors 3 fregueney. The Arst part ‘resonstors’ is the fivst brawch encoun-
tered when traversing tbe trec from the root. This node has 3 child nodes all
of which are OSC contadners. The "3 child pode s of interest and it in turn
cantaing a child leat node called “frequency’. Since it is & leal node i has an
associated method attached 1o it that can be involeed by using the OS50 addross
specified abowve,
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2.3.6  0O5C Message Dispatching and Pattern Matching

OS50 message dispatching is ilustraced in Fipure 2.8,

OSC mse Dispatching and Pattern Matching

(S0 Server

0 Sarvar
Mddie.s Space

A i el
: commpared —e tratehed - Beps| s g e e ST
* aret e setish

obepeut

eived ﬂ_éC'Iﬂ'.’_l: EEL

OSC mag wres — parse - OS50 hMethoal angx

Figure 2.8 OS Messupe dispatehing

In & typical transmission of an O5C clienr sendiog OS5 nwessages to au
O5C server, the 050 messape addeess patvers will be examined by the QSC
server, If the OSC address pactern marches one or many of the 050 addressey
defined in the address space. then those methods wonld be invoked ' When the
methods are invoked the OSC argmnents {rom the S0 messapes are passed
as arpuments inra the methods allowing the method o act on the appropriate
sonngl ohject.

Partern matchivg 15 matchiog aw OSC address 1o the G5 addeess paltern,
An O8C arldress patrern can contain special characters that conform teo cortain
st rules defined within the C8C L0 specification. A sy of this syntax
is found in Figure 2.9,

Tthia conld be numerous met hods
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Pattern Matchine Svnlax
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Figure 2.0: O8C Pattern batehimg Syntax

2.3.7 0OS8C querics

080 queties are client respuests to the OS50 sorver for cortain aspests of ity
information. Such information could be exploring the adedresy space, tequesting
messares by pe signatures, documentation on the seever and current paramoeter
vabue guevics snd can be secn in Figove 201000
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Figure 2,10: (Q5C Queries

2.3.8 The boenefits of OSC

OS50 is optimised for mwdern nelwork technologies such as WOOMBIiL s Local
Area Networks, For musical contral this bandwidth allocation is generous and
thovedore affords O8C the opporennity to inclide in its definition 32-bir data
allocation o nutpecic values, Trs also uses picosecond accuracy on timeatamping
(I5C bundles,

If OSC s deploved on Erheroet networks capihle of broadoast services, then
O5C packet duplication is afforded to O8SC by this underlyving neework. Mulriple
receivers of 80 packets within the same network brosdesst domain will veeedve
Lhis packer and process it. When the data pavload is celated Lo synchronisation
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or transport data, a single message originating from a Master device can control
numerous slave hosts.

The management of polyphony within a sound generating device can be
achieved through the OSC pattern matching feature. A single OSC message
can control numerous voices within the polyphonic arrangement simplifying the
control parameter for the end user.

OSC has an intuitive naming convention with naming of parameters being a
self descriptive URL-like style. This affords composers the opportunity to map
meaningful names to events. Comparing this to MIDI, composers would have
to interpret bytes within the MIDI message using lookup tables to determine
a parameter mapping. This URL notation also creates an unlimited number
of mapped points and maintains a tree-like hierarchical scheme for easy point
navigation.

O8C has four standard data types and numerous non-standard types. Within
the standard types the bit depth is 32-bit, enhancing resolution when compared
to MIDL

OSC Timetags are a powerful mechanism capable of removing jitter intro-
duced by the network. By using a technique called forward synchronisation|32],
the OSC client can timestamp messages for execution within the server at a fu-
ture time based on the expected latency of the network. This creates an implicit
buffer within the server as the messages are queued before being dispatched to
OSC methods. The timestamping also provides scheduling services ordering
packets in the correct sequence as transmitted.

2.3.8.1 Implementations

OSC has ever-increasing implementations across many application areas. Com-
puter programming languages that now support OSC are C, Java, Javascript,
Perl, PHP, Python, Ruby, Matlab and Smalltalk. Web graphic systems that
support OSC are Macromedia’s Flash and Director. Interactive processing lan-
guages that support OSC are Pd, SuperCollider, Bidule, CPS, Max/MSP, Open
Sound World, Virtual Sound Server, Csound, Reaktor and Traktor.

The Kroonde|35] contains wireless sensors such as light, magnetic field, pres-
sure and acceleration and converts the sensor data into OSC over UDP. The
MATRIX (“Multipurpose Array of Tactile Rods for Interactive eXpression”) in-
terface by Dan Overholt[27] has a 12 x 12 array of spring mounted rods that
are sampled at 30Hz transmitting the sensed data via OSC.

MIT Media Lab has a project[17] analysing real-time sound properties. The
analysed data is converted into OSC control messages that are sent to another
machine performing sound synthesis.

The Circular Optical Object Locator[14] at Stanford’s CCRMA has a rotat-
ing platter with digital video cameras analysing the opaque objects placed on
the platter. Image processing software analyses the objects and rotation feeding
O8C messages to another machine that synthesizes sound.

UCSB’s CREATE developed “high-performance distributed mutimedia” and
“distributed sensing, computation and presentation” systems{30] that consist of
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multiple sensors and trackers that process, interpret and render audio and video
data. These systems communicate their data using the OSC protocol as well as
CORBA.

Other software that also supports OSC are SonART, Picker, SpinOSC and
FyesWeb.

2.3.8.2 Networked Music

“The Open Sound Control protocol has facilitated dozens of such
innovative networked music projects”[39]

“0O8C addresses our need for a network protocol usable for interactive
computer music that could run over existing high speed network
technologies such as Ethernet”|[39]

Categories of Networked Musical systems are:

¢ Heterogeneous Distributed Multiprocessing on Local Area Net-
works are machines in the same location used collectively to share pro-
cessing and achieve a single goal or task.

¢ Peer-to-peer LANs are computers in the same location that operate
independently. They are however networked and communicate with one
another.

¢ Wide-Area Networks [WANSs] are geographically separated and per-
form independently of one another. They are however networked to share
information.

e Single Computer contains many processes and threads that are capable
of communicating with one another using OSC

08C is capable of transporting a range of standard data types and non-
standard data types. This includes musical control data structured in a format
of the designer’s choice or the non standard type of MIDI. OSC is also capable
of transporting audio data by developing a vector float data type in OSC. This
therefore allows for any of the above networked musical architectures to be
deployed using OSC.

Recently there has been developmental efforts into establishing a reference
platform for embedded devices using OSC[33]. This freely available reference
platform is called uOSC? and provides a performance focussed, cost effective
implementation for hardware musical controllers. uOSC runs on the Microchip
PIC family of microcontrollers that are USB 2.0 ready. The microcontroller of
choice is the readily available PIC18F2455-based “bitwacker” that costs no more
than R300. Other PIC controllers in the same family line can also be used if
further IO or serial ports are needed. The firmware reference implementation is
capable of scheduling and timestamping, a rarely implemented OSC feature.

2pronounced “micro-OSC”
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The reference implementation would use USB2.0 in the transport and lower
layers. This is unfamiliar as many OSC implementation have Ethernet and
TCP/IP as the underlying transport mechanism. SLIP is used to provide the
necessary framing needed to demarcate OSC Bundle boundaries within USB
serial transport.

Max/MSP was the first programming environment to implement OSC[40].
This implementation was done by Matt Wright by creating the Max/MSP ’exter-
nals’ called OpenSoundControl and OSC-route. The OpenSoundConirol exter-
nal is capable of transmitting and receiving OSC packets to and from Max/MSP
data and buffers, but requires an otudp external if the OSC transport mechanism
is UDP. The OSC-route external implements O0SC’s pattern matching feature
by parsing OSC address patterns. OSC’s bundle mechanism is also implemented
in the OpenSoundControl external.

Two new Max/MSP externals implementing OSC timestamps are the OSC-
timetag and OSC-schedule. OSC-timetag interfaces to the system clock pro-
viding NTP format timestamps. The OSC-schedule external uses an insertion-
sorted priority queue to buffer OSC packets before they are to be scheduled to
take effect.

This set of OSC externals simplifies OSC development and prototyping in
the Max/MSP programming environment.

Serial transport of OSC data requires an additional layer to provide data-
gram framing[32]. The recommended layer protocol is SLIP (RFC1055) and has
been implemented when TCP has been used as the transport layer. FileI/Oisa
serial transport and alsc requires the use of SLIP as the framing protocol. O8C
Scheduling is needed to recover from the high-jitter transport of file reading and
can also be manipulated to enable time-machine operations such as variable rate
playback.

2.4 VST Systems

A Virtual Studio Technology (VST) plugin is an audio processing unit contained
within a V5T host application. The host application is oblivious to the internal
operation of the VST plugin with the interface between the VST plugin and VST
host passing audio and control data. Generally speaking a VST plugin accepts
an audio stream and applies its internal algorithm to that stream before passing
it back to the host. Parameter data within the plugin is outside of the host’s
control and is maintained by the plugin.

The processing engine used by the plugin is usually the same as the VST
host as well as all other plugins the VST host instantiates. A professional
software studio package that is capable of hosting VST plugins, like Cubase SX
from Steinberg technologies who developed VST, utilises a substantial amount of
computer resources. Some commercial VST plugins are resource hungry as well,
and with such VST hosts capable of hosting more than one hundred plugins,
the resource demand placed on the computer can quickly escalate restricting
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the usability of the V8T system. A requirement therefore to distribute the
processing load of such systems amongst many computers has developed within
the audio industry despite the well documented prolific increase in processing
power of computers over the past few years.

VST plugins have been adopted into industry as an informal standard for
audio and MIDI plugins[25]. VST technology is found on PC and MAC plat-
forms. Recent developments have seen commercial vendors package industrial
computers in tidy 19 inch racks® solely for the purpose of processing VST plu-
gins and moving processing away from the VST host processor. An example of
such a systermn is the Receptor processing unit by Muse Research|31].

VST plugins can be categorised into VST audio effects, VST instruments
and VST MIDI effects. VST audio effects process audio streams adding studio
effects like reverb, delay, flanging, chorus, etc to the audio data. These types
of audio effects can be chained by the VST host application. VST MIDI effects
allow for processing of MIDI signals within the plugin before they have their
effect on some sound object like a synthesizer. VST instruments model real
world instruments like synthesizers, samplers, guitars, pianos, etc. They accept
control inputs such as MIDI and perhaps audio data and process these inputs
as a hardware device would before outputting the audio stream back to the
VST host. Research into modeling of classical instruments and synthesizers
has facilitated incredible advancement in the responsiveness and realism of such
plugins to the extent that the music production software studio using VST
plugins has steadily replaced the hardware studio.

Parameter data within VST plugins are control nodes that influence the
audio processing algorithms. MIDI control data sent from the VST host to the
plugin is destined for some internal parameter before being executed within the
audio process. The GUI of the plugin will have controllable widgets that are
linked to parameters. Parameters are 32-bit foating point numbers that fall
within the range 0.0 to 1.0 inclusive.

350 as to resemble audio production hardware

26



S wl Hlecler [fects

Fiw Edil Hele
FOMBS | GRPRMETER wwl RINRD ATHMH 5% SUER T

et e

.
[LE1]
wie B0
;| LR
| g e

| [
' Highe wiin G AIRR

TP - LT
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I Fignee 211 the VST Lost called V-Stack by Steinbovg Media Tochnol ogies
is hosting a single master ellect plugine Thas pluein s called OseVa Bridge and 1a
the prototype developed for this dissercation work. The host provides » window
for ther GUT of thee pluein in which wusers may interact and chanso pavamaerer
sellings of the plugin in real-time,

Lhyseymski and Frood{$1| propose the contral of YST pluging using O5C 6o
address the [oited, llat namespace of VST plugins, Couccolling VST plogins
wsing 80 also allows higher level controls, paramerer name and label aliases
inn order to immprove sabilicy

050 18 propozed 1o create a rich intoitive bierarchical mamiespace in VST
plumns as well as inherit partern matching and simultancous multiple parameter
addrossing Dunetionality. Multiple paramaters can therefore be controlled by g
sinele (IS0 messaee 1sing pattern atehing.

OSC atfords users of VST audio plugins sunplified ver Hexible von-
trol of the plugin parametors.”[41]

The relesse of YT SDK 2.4 by Steinberg in 2004 addresses the unsceted, flat
namespace of V5T parameters with e introdoetion of the VST parametor
structure XML definition (VETEML). V5T hests that support this definicion
will construct a hicrarchical nanwspace based on che YSTXME definition sup-
plied with the plugin. The definition i backward compaiible with pre-SIHK2.4
V5T plugins|36].
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VST plugins are inextricably linked directly to the VST hosts that instan-
tiated them. While VST host can run numerous VST pluging simultaneously,
a single plugin instance can only be linked to one host. The host communi-
cates to the plugin through exclusive procedure calls and does not employ any
communication technologies. Therefore the only possibility of musical network-
ing between different plugins is through the VST host application. Musical
networking between VST hosts are only achieved through proprietary commu-
nication protocols that usually only constitute intra-vendor communications.
Inter-vendor communication developed on an open musical protocol is yet to
establish itself.

2.5 Network Communications

Communication networks link computers together in order to share information.
The general communication model would have a data source with a transmitter
in the source system. The data is then sent via a transmission system to the
destination system which comprises of a receiver and a data sink. This model
disguises many complex facets of a communication network such as interfacing,
routing, signal generation, error detection and correction, low control, synchro-
nisation, message formatting, network management,etc. This area of work falls
outside the scope of this project, but further reading material can be found in
Stallings|34].

2.5.1 Circuit switched and Packet switched networks

Circuit switched networks involve a dedicated link being established between two
end points. The link is temporarily exclusively reserved between the two end
points with nodes in-between switching physical links to establish the circuit.
The circuit is terminated when either of the two end terminals closes the link
down. The resources required to establish the circuit are available irrespective
of whether data is being transferred across the link. Computer applications
typify bursty data transfer and hence such circuit networks are inefficient for
computer application networking.

Packet switched networks are better suited for computer networked commu-
nications in that it improves the efficiency of bursts of data. A communication
channel is shared amongst users instead of dedicating a link to a pair of end
users. Messages are broken into a series of packets that are transmitted from
node to node through the network. Each packet contains a source and desti-
nation address and a sequence number that are used at nodes of the network
to determine the path the packet must traverse through the network to reach
its destination. Messages could constitute multiple packets that could traverse
the network taking different paths. When the packets reach the destination the
protocols ensure that the packets are arranged in order based on the sequence
number and that the message is reconstructed. The Internet is a global packet
switched network.
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2.5.2 The OS5I model framework

The exchange of data between two devices can become rather involved. This
task of exchanging data is broken up into several layers which define the protocol
architecture. Each layer performs part of the function of the data communica-
tion and relies on the layer beneath it to perform more primitive functions.
These functions are hidden from the layers above it.

The Open System Interconnection (OSI) reference model developed as a
framework for developing protocol standards[34]. The seven layers defined in
the OS] framework are:

e Application,
¢ Presentation,

e Session,

Transport,

Network,
o Data link, and

e Physical.

The Application layer provisions network services to the application pro-
grams. These services include clients and servers. The Presentation layer
maps syntax into an external data form facilitating correct interpretation of
data at the receiving end. This could include data encryption and compression.
The Session layer controls the communication sessions between the users. It
establishes and terminates connections. The Transport layer provides data
transfer between the end devices in a reliable and transparent manner by utilis-
ing error recovery and How control. The Network layer provides the switching
technologies used and is responsible for the remote delivery of packets. This
layer handles data routing, congestion and flow control as well as packet frag-
mentation. The Data link layer sends frames of data from one physical link
to another. It provides synchronisation, error control and fliow control. The
Physical layer defines the bit stream transfer over the electrical or mechan-
ical connections. It handles the mechanisms to control access to the physical
medium.Figure 2.12 illustrates the OS] reference model framework sourced from
Parziale[28].
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Figure 2.12: The OSI reference model framework

2.5.3 The IP protocol suite

The IP protocol suite is not just the TCP and UDP protocols but is rather a
collection of protocols that have been issued as Internet standards. It consists of
four layers defined within the OSI model framework and can be seen in Figure
2.13. It has a Network Access layer that covers the physical interfaces used
between the device and the communication medium. It is implemented in the
NICs and comprises the Physical and Data link layers in the OSI model. The
NICs employ medium access methods such as CSMA/CA, token ring, etc. The
protocols that apply to this layer include Ethernet, Asynchronous Transfer Mode
(ATM), ARCNet, Frame relay and Fibre Distributed Data Interface (FDDI).
Other protocols having effect within the Data Link layer are Serial Line Inter-
net Protocol (SLIP) and Point-to-Point Protocol (PPP). The data unit defined
here is the frame. The Internet layer is responsible for the routing of packets
over the network using packets as the data unit. The Internet layer equiva-
lent in the OSI model is the Network layer. The dominant protocol used here
is Internet Protocol (IP} however other protocols such as Address Resolution
Protocol {ARP), Reverse Address Resolution Protocol (RARP) and Internet
Control Message Protocol (ICMP) are also used. The Host-to-Host layer
equivalent in the OS5I model is the Transport layer. The Host-to-Host layer is
responsible for data integrity and packet sequencing and ensures the reliable
delivery of data. The two most prominent protocols are UDP and TCP. UDP is
connectionless and hence unreliable but incurs very little overhead. TCP on the
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Figure 2.13: II* protocol suite within OSI framework

2.5.4 Network Architectures

The chent/server madel 15 amongst the most prevalont maodel arclatectures in
use today within the Inteenel, Web browsing, conail and le transfer all utilise
“his madel in deliveriug thelr services to the vaer via a server, A sevver provides
a service by roplving o o elient regesting suel o serviee, The client dspeet i
usually fullilled by the user as with wsing & Web browser o clienl Lo teguest i
service (in this instance a Web page) from a Web sorver. Servers usually deploy
heir service on o specific IP pore and dienes thevelone address their reguest
w0 the IT* address of that specilic seover couphald wich the 1P port ibat servies
s muning on. This combination of the 1P address and 1P port 1= called a [P
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socket.

In music collaborations the architectural models used are the Centralised
Network Model, the Distributed Peer-to-Peer Network Model and a combination
of the two[3]. The Centralised Network has servers maintaining the state of
the system while the clients handle processing. The Distributed Peer-to-Peer
Network is server-less making no distinction between servers and clients. This
network is a point to point distributed system with each user handling its own
state of the system.

2.5.5 The Internet

The Internet was developed by the U.S. Department of Defence as the Advanced
Research Project Agency (ARPA) and was called ARPANET back in 1969. It
was the first fully operational packet switched network. The number of users in
the Internet today are over a billion in 200 different countries[34]. The TCP and
IP protocols provided the foundation for the Internet. The Internet connects
host systems to LANs that connect through a router. Routers connect networks
and forward packets on towards their destination. The destination address is
an IP address which the router uses to route the packet.

2.5.6 Musical data in Packet Switched Networks
2.5.6.1 Musical Control in Packet Switched Networks

There has been significant research and developmental efforts into integrating
MIDI and computer networks in order to achieve musical control over packet
switched networks[5]. Live MIDI broadcasts, remote control of MIDI-able mu-
sical instruments and distributed processing of music software applications are
a few of the immediate benefits of such research. The quest to transport MIDI
over packet switched networks has culminated in commercial products like Net-
MIDI and MIDIOverLAN+. By modern networking standards MIDI utilises
very little bandwidth that would not exceed the serial data transmission rate
of 31.250 kbps. This, coupled with cheap network technology, makes trans-
porting MIDI over computer networks very attractive. There are numerous
protocols that support MIDI over IP such as MIDI Wire Packetization Proto-
col (MWPP). MWPP uses RTP and by design is meant to transport real-time
audio and video data. RTP handles low latency interactive applications as well
as content delivery applications. RTP however does not provide any Quality of
Service (QOS) to the application since it uses the connection-less UDP protocol
to send datagrams. A payload format within RTP has been designed to trans-
port MIDI data[22]. This design encodes all MIDI messages found in the MIDI
1.0 specification and provides services to recover from dropped packets lost to
the network. The packet loss recovery service is necessary since MIDI cannot
tolerate missing messages.

Another such protocol is Remote Music Control Protocol (RMCP) that also
uses UDP as the transport mechanism for message delivery. RMCP supports
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time scheduling by timestamping outgoing packets and providing scheduling
services in the receiver. Since it is UDP-based message broadcasting can be
deployed as an efficient means of information sharing without multiple trans-
missions.

A client/server architecture is used in the MIDI over IP networks. Clients
would typically be considered as the MIDI QUT devices and servers as MIDI
IN devices.

O8SC can also contain MIDI messages as the payload in its messages. This
is achieved through the non-standard 'm’ data type. This MIDI type defines a
4 byte MIDI message encapsulating the MIDI data in an OSC message. The
O8C address space is limitless and open ended for the designer to implement
an address space of choice. This improves on the 16 channels available for
conventional serial MIDI. There has however been some efforts into developing
a standard address space for OSC MIDI messages by Fabian Ehrentraud called
the ‘SYN’ namespace[10].

MIDI was designed to be used in local communications and not in remotely
distributed computer networks. While efforts to transport MIDI over computer
networks have seen relative success, the fundamental design of MIDI to be used
in local networks impedes optimising this distributed remote transport. While
OS8C supports the encapsulation of MIDI messages in its MIDI data type, it also
provides a framework for a new protocol definition to transport musical control
data over computer networks in an efficient manner.

2.5.6.2 Packet switching real-time audio

“There is great interest in transmitting continuous media on packet
switched networks”[12]

Multimedia data such as audio are one of the strongest forms of communica-
tions. Therefore to transport this form of communication in computer networks
creates a flexible distributed system for this core communication. High speed
Internet has facilitated multi-channel high quality uncompressed PCM audio
data transmission over packet switched networks and therefore allows for both
interactive and non-interactive audio applications to be deployed.

Audio data has properties of being large and chunky in size, continuous,
isochronous and has real-time requirements. These properties place great de-
mand on packet switched networks that were meant to handle text data.

Non-interactive applications such as Internet radio broadcasting are less la-
tency dependent as the sending transmission time has no relevance to the end
listener or user. Therefore jitter buffers can accept relatively large latencies to
filter jitter. Interactive applications on the other hand place requirements of
having a minimal end to end delay. IP telephony can sacrifice quality to gain
a reduction in latency. Distributed musical performance too requires minimal
latency.

The open ended design space of OSC can facilitate transportation of multi-
channel real-time uncompressed high quality audio data over packet switched
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networks. This has been achieved in the Open Sound World environment{9].
The prototype developed in this dissertation work defines a new OSC data
type, the float vector 'v’ that is used to transport audio data as the payload in
0O8C messages.

Real Time Protocol is a real-time transport layer protocol capable of trans-
mitting audio and video data. The Internet version of RTP uses UDP which is
connectiontess and does not guarantee delivery{5]. Lost UDP packets imply lost
RTP packets and unordered UDP packets imply unordered RTP packets. The
RTP header includes a 16-bit sequence number and a 32-bit timestamp. The
application layer can therefore use the RTP header information to sequence
real-time packets or perform other real-time processing. The RTP header also
contains a marker bit (M) that can be used to indicate special packet handling.
RTP does not provide any Quality of Service assurance. RTP has an associ-
ated control protocol called Real Time Control Protocol (RTCP) that codes
synchronisation information. RTCP reduces its traffic as RTP session traffic
increases.

2.6 Quality of Service (QOS)

Distributed Audio applications such as NMP and collaborative efforts are highly
interactive systems placing real-time demands on the underlying networks. The
requirements placed upon these networks are significantly higher than the tra-
ditional data applications such as database queries and Web browsing. These
requirements are called QOS guarantees that the network must fulfill in order
to service these systems.

Distributed musical performances essentially contain 2 classes of data. The
first class is the multimedia data class consisting of high resolution isochronous
data streams of audio data. Video data also falls into this class. The other class
is control data for musical performance control such as the established MIDI
and OSC when developed as a musical control protocol.

The OS1 7 layer reference model was developed in a data environment using
low speed networks[16]. The QOS support defined in this model is limited
and does not cater for multimedia data transfer over high speed networks and
extends to distributed musical performances. The OS5I upper layers are not
QOS oriented.

The IP network layer protocol does not support any QOS guarantees over the
Internet with its best effort packet delivery services. The Internet is therefore
not well suited for real time data transmission.

TCP at the transport layer is connection-oriented but not suited for real
time transmission because of the high latencies introduced when packets are
lost and retransmission efforts are made by this layer.

UDP is connectionless and does not cater for error detection, packet schedul-
ing or network jitter.

RTP however is used over Internet for real time data delivery and multime-
dia streaming. It’s an application layer protocol using UDP as the underlying
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transport layer. MWPYP transports MIDI control data using RTP.

The primary concern of this work is the QOS metrics associated to the appli-
cation layer since QOS in Distributed systems are fundamentally end-to-end[16].
O8C is defined as an application layer protocol and therefore applies in an ap-
plication to application manner. It uses application layer defined QOS metrics.

Systems could be categorised into real-time and non-real time systems having
different QOS metrics. Non real-time systems have QOS indicators such as
bandwidth, error rate and packet loss and apply to the general data IP networks
such as http, databases, etc.

An audio data delivery system is an example of a real-time system in which
real-time data is delivered over high bandwidth networks. These types of net-
works have (JOS indicators such as end-to-end delay, jitter and packet loss.
Audio data delivery is a time dependent service requiring data to be delivered
in a continuous, isochronous and real-time manner[2].

QO8 Categories are groups of QOS that have common aspects of QOS. These
are defined in Table 2.1.

| QOS Category | QOS metrics in this category |
Reliability dropped packets, error rate
Timelines end-to-end delay, latency, jitter
Volumes mean throughput, peak throughput, bandwidth
Quality of Perception Temporal Fidelity, scheduling

Table 2.1: QOS metrics per category

2.6.1 QOS metrics

The QOS metrics in the context of Distributed Audio applications apply in an
end-to-end manner and relate to the application level.

2.6.1.1 Latency

Latency is defined in this context as the end to end delay from the time of
generation of data to consumption of that data. It is defined in milliseconds.
Acoustic latency is the time taken from the production of the sound waves within
the instrument to the time to reach the listeners ear. In a full sized symphony
orchestra the acoustic delay could reach up to 46ms from the conductor to a
trumpet player sitting in the back row|{20]. This is determined using the speed
of sound and the distance between the two entities.

NMP latency consists of local latency plus network latency. The local latency
consists of instrument interfaces, acoustics latencies, audio interface and audio
codec latencies. Network latency consists of transmission delay, propagation
delay and inter-networking device delay[20]. Transmission delay is the packet
size divided by the communication speed. Propagation delay is the time for
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the messages to travel to its destination and is dependent on physical distance.
Device delay is the store-and-forward services found in routers and switches, the
buffering and queuing in devices and packet processing.

Acceptable latencies in musical control data varies in the application, tempo
and genre of music. Audio interface design guidelines stipulate under 10ms
latencies as acceptable. Sound events to the human ear are indistinguishable
from one another when they are closer than 25ms. Musical performers have
managed to perform with acoustic latencies reaching 46 ms in a symphony
orchestra. Up to 60ms can be tolerated for continuous sounding instruments
with slow attack times.

2.6.1.2 Jitter

Jitter is defined as the variation in latency experienced by packets traveling
from the same source to same destination. These packets may experience vari-
ations in queuing in store-and-forward devices and may traverse different paths
on route to their destination. Jitter variation of 1 ms in streams of audio
data are audibly observable and excessive jitter can compromise the integrity
of musical and rhythmic content[37]. This 1lms jitter can affect the timbre
of musical content[39]. Excessive jitter may cause ’clicks’ and ’pops’ in audio
communications|7].

There are numerous methodologies used to measure jitter. Peak jitter is
defined as the difference in the maximum and minimum latency measured over a
period of time. Peak jitter is easy to determine and generates acceptable results
except for spike data. Other methodologies include measuring the difference in
arrival time of consecutive packets, difference in latency of consecutive packets,
and difference in current and average latency.

2.6.1.3 Packet Loss

Packet loss is defined as a ratio of packets lost to packets transmitted between
a source and its intended destination. In the musical control context this is
an important metric if there is no mechanism in place for message retries. If
a packet that contains a MIDI message 'note off’ is lost then the note will
continue indefinitely disrupting the musical content. Packets lost in audio data
are noticeably audible through ’clicks’ and 'pops’ being observed in the data.

2.6.1.4 Scheduling

Scheduling is the preservation of the order of packets between the destination
and the source. This metric is important in musical control as it can ruin a
musical piece. In MIDI if the original order is 'note on’ followed 0.5 seconds
later by ’note off” but the receiver receives and processes 'note off’ first (does
nothing since the note is already off) thersafter receiving and processing 'note
on’, the note will continue indefinitely. This again disrupts the musical intention.

Audio data is also sensitive to scheduling and ordering mechanisms should
be in place in the receiver.
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2.6.1.5 Temporal Fidelity [voice quality metrics]

Temporal Fidelity is a subjective audio quality metric that measures the preser-
vation of rhythmic integrity in musical data. It is affected by latency but more so
by jitter as jitter can degrade the rhythmic integrity of musical data. Temporal
fidelity is a system level property.

2.6.2 Control requirements in audio systems

The performance requirements placed on musical control data relate to the
latency, jitter, scheduling or order preservation and packet loss. These metrics
each have certain upper bounds to which they have to adhere in order for the
musical system to be usable.

The latency upper bound is dependent upon the application, the tempo and
the genre of the musical piece. Musical composition and performance requires
a latency upper bound of 10ms[37]. Isolated sounds are indistinguishable from
one another if their difference is less than 25ms. Acoustic latencies can vary up
to 46ms in a symphony orchestra. Others argue that latencies for continuous
sounding instruments can be slacked to 60ms|20].

Jitter affects temporal fidelity and can degrade rhythmic content. Peak jitter
bounds for MIDI interfaces vary from 3.1ms to 10.5ms as surveyed by Brandt
and Wright[37].

Scheduling and packet loss have an absolute upper bound requiring that
packet order is preserved and no packets are lost in transmission. Slack on
either of these metrics can destroy musical intent.

2.6.3 Audio requirements

Uncompressed 16-bit PCM audio sampled at 44100Hz requires a bandwidth of
44100 x 16 = 705,6kbits per second per channel with a guaranteed throughput to
prevent audio dropouts in the receiver. Control mechanisms are usually deployed
in the receiver to order packets and to buffer incoming audio packets sacrificing
latency to eliminate jitter caused by the network. Packet switched networks were
not designed for real-time services like audio and other multimedia applications
and therefore do not make provision for these services on the network. TCP at
the transport layer will retry sending lost packets with no regard for the latency
introduced for the upper layers.

Audio data latency upper bound is dependent on the application context.
For example, in Internet radio a substantial latency can be tolerated as the
end user does not care about the latency offset. In real time networked musical
performances latencies comparable to acoustic latencies have an effect and upper
bound similar to that expressed in 2.6.2.

Jitter has a noticeable effect on audio streams and control mechanisms to
remove this jitter are necessary. Such mechanisms are jitter buffers that buffer
the incoming packets from the network and synchronously stream out the au-
dio data to the application preventing audio dropouts from occurring. This
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mechanism introduces an added latency into the system.

There are also control mechanisms available to reduce the effects of packet
loss and non-ordered packets at the receiver[29]. These mechanisms are however
beyond the scope of this work.

Temporal fidelity can be affected by introduced latency into an audio stream
system. Latencies at 11ms between separate channels of the same source are
heard as a chorus effect. Latencies of 69ms are observed as slapback echo and
latencies beyond 103ms are considered annoying[19, 20].

2.6.4 QOS Control Mechanisms
2.6.4.1 OSC timestamping for Forward Synchronisation

The most important mechanisms to manage control of temporal data in O5C
is the timestamp which has not been adopted readily into implementations of
08C[32]. OSC timetags specify the absolute time at which the messages are to
take effect in the server or destination device. OSC however does not provide
any sort of synchronisation techniques between client and server and relies on
outside applications such as NTP to provide this.

OSC timestamps conform to the NTP standard[23} having a 64-bit number
representing time since January 1st 1900 and has accuracy within 200 picosec-
onds. The first 32-bits indicate the number of seconds since January 1st 1900,
and last 32-bits specify the fractional parts of a second. There is also an imme-
diate timestamp that contains the hex sequence 0x00 0x00 0x00 0x01.

Through an analysis of the jitter variation generated from a network one can
extract the peak jitter value. This peak jitter together with a reasonable safety
margin can give an indication of backward synchronisation. This backward
synchronisation is then used to determine the forward synchronisation which
schedules outgoing OSC messages to be executed at a future dated time. This
technique is called ad-hoc Backward/Forward synchronisation[32].

This technique can be used to eliminate network jitter introduced to the
system and preserve scheduling by sacrificing some latency of the system. It
therefore performs the functions of both a jitter buffer and a message ordering
system.

2.6.4.2 Jitter buffers

A jitter buffer, also called a clawback buffer, is a buffering algorithm that re-
move the effects of jitter and drift that enables synchronised playback of audio
data[18]. The source of this jitter or drift is mainly caused by network commu-
nications. For each audio channel used in synchronous playback a separate jitter
buffer is needed. Jitter buffers trade an increase in latency for the removal of
jitter for the destination temporal processes. The trade off between latency and
jitter needs accurate measurement as sacrificing too listle latency and having
the buffer size be too small to accommodate the jitter range empties the buffer
hindering synchronous playback of audio data. If the buffer size is too large an
unnecessary latency is introduced into the system.
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If a jitter buffer were to empty and requests from the synchronous playback
destination were made to the buffer for data, then the jitter buffer supplies a
stream of zero amplitude samples inserting silence into the destination audio
stream . This occurs when the jitter buffer is not sized correctly.

2.7 Summary

OSC has attained critical mass with many music research project implementing
OSC. VST plugins, the informal standard, have no implementation of OSC for
networked communications.

There has been a single implementation of OSC transporting audio data in
the OSW project. Transporting this critical resource in VST systems using OSC
could open up many opportunities for developers and users of VST plugins as
well as OSC researchers and implementers.

OSC Scheduling and timestamping implementations are few despite tempo-
ral semantics’ importance in musical interfaces. An implementation and eval-
uation of OSC Scheduling and timestamping on real time audio data could
contribute to the OSC body of knowledge and inspire further research.
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Chapter 3

Prototype Development

3.1 Prototype Description

3.1.1 Problem Statement

An OSC V8T Bridge system was proposed to be developed and implemented
that created a communication bridge between VST systems and the OSC net-
worked environment. The OscVstBridge prototype plugin contains OSC server
and client modules amongst others that are capable of interfacing OSC data to
an Ethernet network. External OSC devices are then able to communicate and
exchange data with this system. The system spoofs! the VST host by supply-
ing it with all the procedure calls required in the dll file of a VST plugin. The
data traveling through the OscVstBridge plugin is available to the OSC domain
granting external OSC devices direct access to the VST data. This data in-
cludes parameter control data, synchronisation and transport data as well as
audio input and output data. The OscVstBridge plugin facilitates retrofitting
of non-OSC VST hosts to the open OSC network domain. It also permits Dis-
tributed Audio processing by allowing VST hosts to be synchronised on different
computers.

The proposed system has also provided a mapping of the V8T control param-
eters from the VSTXML hierarchical namespace to the OSC namespace where
the VST host supports VSTXML and the plugin provides its own VSTXML file.

Essential core features:
e a VST Functional Wrapper constituting a VST Host Spoofer,
¢ a data bridge between OSC and VST domains,

s O5C Data Type development including OSC control parameter, VST
Time Info and developing an OSC audio type,

*Spoofing in this context is defined as the prototype plugin masquerading as a VST plugin
to the VST host
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e OSC environment development including OSC client and OSC server in-

cluding VSTXML definition,

¢ Audio Receiver development implementing a JitterBuffer and OSC Schedul-

ing to accommodate network jitter.

Research gquestions to be answered by OscVstBridge prototype:

s Can we use Open Sound Control as an open protocol interface to imple-

ment networked communications between VST systems and other OSC-
able environments thereby providing the capability for open distributed au-
dio processing?

e Can we automatically build a rich O5C namespace using the VSTXML

definition released in VST SDK v2.4°¢

3.1.1.1 System Processes

1.

AN I

o

9.
10.

loading of VST plugin

configure OSC seitings

configure VST-05C routing

route VST audio from VST host to external OSC server

route VST control [parameter, sync, transport] from VST host to external
O5C server

route OSC audio from external OSC client to VST host

route OSC control [parameter, sync, transport]| from VST host to external
08C server

control VST parameters
construct OSC address space and VST parameter objects from VSTXML

display routed date in real time in plugin Ul

3.1.1.2 Constraints

The system is limited to VST plugins. Other plugin formats are not supported.
V8T plugins are limited to use with VST hosts only as they are needed to instan-
tiate the plugin. The wrapping service provided by the plugin has a boundary
within the plugin environment. The VST host environment is oblivious of the
wrapping and bridging functionality. OSC is implemented over standard Ether-
net technology and other communication technology are not used, such as USB
or Firewire. We are then limited to Ethernet as the communication medium.
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3.1.1.3 Rules

The VST plugin uses JvstWrapper that allows the development of VST plugins
on the Java platform. Seventeen parameters have been created in the plugin
to demonstrate the hierarchical namespace addressing facility available in OS8C.
Within the OscVstBridge plugin the OSC client? is able to provide data to the
OSC server? internally.

3.1.1.4 Performance

The parameters within the plugin are controllable through the OSC domain.
This control should have performance measures of a similar standard to that
of perceived direct VST control. If this is not achievable then the performance
measure should exceed industry accepted standards for audio control. Audio
latency should also measure well against that of audio industry standards. The
system was initially designed to accommodate 17 parameter controls, 2 audio
in channels, 2 audio out channels as well as transport and synchronisation data.
All performance data is benchmarked against this design.

3.1.1.5 User Requirements

There are no user expectations on using the system due it being a novel proto-
type in a research capacity. However upon using the system when implemented
users would require the VST host to load the plugin successfully each time
without bugs or software glitches. The configuring of the user OSC settings
should have excellent usability with clear and precise flow in configuring these
settings. The real time display data should be as informative as possible without
cluttering the UL

3.1.1.6 Resource Requirements

The two main resources are VST data and O8SC data. VST data is acquired
through the VST wrapper from the VST host. This data constitutes audio
data and control data. Control data is subdivided into parameter, transport
and synchronisation data. The application context in which the V8T data is
applied will give indication as to which data resources are relied on. If the
application requirement is to get VST audio data into the OSC domain then
the audio data becomes relied on by the VST wrapper. If synchronisation is the
application requirement then the synchronisation and transport control data is
relied on. The restriction around the VST data is applied to VST audio data in
that the VST host will dictate the audio block size supplied to the VST wrapper.
The host can also change this block size at any time after plugin instantiation
and will inform the plugin thereof.

?sends OSC data over networked technology to OSC servers
3receives OSC data from OSC client and processes it through its address space matching
and OSC methods
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0OS8C data is acquired through the OSC server but the OSC server can remain
dormant throughout the lifetime of the plugin if no external OSC client directs
OSC data to this server. When data is received by an OSC server it is passed
by the bridge to the corresponding VST node which sends it to the VST host.
This can either be audio or control data. The OSC address pattern in the O5C
data will be matched to a corresponding OSC address space in the OSC server
and the relevant OSC method invoked. The OSC method will then act on the
sound object which in the VST wrapper in the VST domain. If no matching
occurs then the OSC message is discarded by the OSC server.

3.1.1.7 Functionality Requirements

The system must:

deploy a functional VST wrapper that is capable of spoofing a VST
host by supplying it with the procedure call of a VST plugin. This is
needed to create the system in which the data bridging occurs between
O8C and VST environments.

receive VST data from the VST host. This could be control or audio
data. This is a receiving interface to the VST environment.

transmit VST data to the VST host. This could be control or audio
data. This is a transmitting interface to the VST environment.

receive OSC data from an external OSC client. This is a receiving
interface to the OSC environment.

transmit OSC data to an external OSC server. This is a transmitting
interface to the OSC environment.

bridge between OSC and VST data. This is the essential core func-
tion of the system that bridges data between the two interfaced environ-
ments.

control V8T parameters. This is done via the plugin Ul as performed
in conventional VST plugins.

construct OSC address space from VSTXML. This is done in order
to match OSC address patterns to OSC address spaces for correct OSC
server operations.

handle different data types through method calls. The O5C envi-
ronment and VST system will provide different data types to the VST
wrapper and the system must be capable of handling this.
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3.1.2  Use Case Diagrams
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Figure 3.1 Mototy pe Use Case Diagram

Figure 3.1 illustrates the Use Cases [UC] used in the OweVstliridpe prototype
plugin, A decription of each U 15 ontlined:

3.1.21  Load amd Creaie VST Wrapper

The UC is inttiated by the plagin user loadiog the ¥YST plagin from wizhin
the host envicomment. The host calle methods within the plugin d1 in order to
instanciale it,

3.1.2.2 Conligure V8T Wrapper

The default confip settings are loaded upon plugin fnstaoriacion. The pluga
user can change and apply confignration settings through the conliguration U1
These configuration sellings inchude OSC <ertings for the O8C server and the
OS50 elient. The QS0 server settings include the O5C server 1P address and 12

port. The OS5C clienl settings inehude the OSC descination 1P addresy aned 1T
port as well as the OSC bundle delay,



Other settings include the JitterBuffer size used in receiving audio packets
from the network.

The configuring of the OSC-VST routing is done for the parameters, audio
and VST Time Info data types. This is achieved via enable/disable toggle
buttons alongside the real-time information display.

The construction of the OSC address space and the parameter data types
population is done through the VSTXML definition file supplied with the plugin.
An XML parser is used to achieve this. All parameter types defined in the
VSTXML file are mapped to parameter objects within the plugin.

3.1.2.3 Transport VST data

The UC provides the interface to the VST environment and consists of the
“Transmit VST data” and “Receive VST data” UC’s. It is also responsible for
interfacing to the “Bridge” UC which lies at the heart of the prototype. The
“Transmit VST data” UC receives data from the “Bridge” UC and transmits
V8T data to the VST host. The “Receive VST data” UC receives VST data
from the VST host and sends it on to the “Bridge” UC.

3.1.2.4 'Transport OSC Messages

The UC provides the interfacing to the O5C network domain by instantiating the
OSC server and OSC client modules that are the responsibility of the “Receive
O8C Messages” UC and the “Transmit OSC Messages” UC respectively. The
“Transmit OSC Messages” UC received data from the “Bridge” UC packages it
within OSC formatted packets, and transmits it using the OSC client into the
network. The “Receive OSC Messages” UC receives OSC data from the network,
decodes it using OSC protocol definition and matches the corresponding OSC
methods in the OSC address space. All OSC methods eventually pass their data
to the “Bridge” UC.

3.1.2.5 DBridge between VST and OSC data

The “Bridge” UC is responsible for routing between the VST and OSC environ-
ments. It resides at the core of the prototype. It has two branches. The first
routes V8T data to the OSC domain. The second routes the OSC traffic to the
V8T domain. The “Bridge” UC maintains a map of the objects it receives that
can be routed. The map elements are configurable from the plugin UL

3.1.2.6 View Data

The “View Data” UC allows the user to view and interact with the plugin UL
This UC contains the “View RealTime Data” UC and the “View Experimental
Data” UC.
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3.1.3 Workflow Diagrams

The workflow for the OscVstBridge prototype can be seen in Figure 3.2. It is
divided into two parts:

3.1.3.1 Instantiation of the prototype

The constructor of the plugin loads the VST wrapper, configures the OSC set-
tings, constructs the OSC address space and configures the OSC-VST routing.
Thereafter a 'wait’ state is assumed waiting for OSC messages or VST data to
be received.

3.1.3.2 Bridging of Data

The bridging of data consists of two streams of data flow. The first stream flows
from the OSC domain to the VST domain. Here OSC messages are received
by the OSC server, transported through a thread in the Bridge class before
transmitting it as VST data. The second stream flows from the VST domain
to the OSC domain, in which V8T data from the VST host is received by the
prototype and bridged in its own thread to the OSC client which will transmit
it as OSC data.
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Fignre 3.2: Prototvpe Workflow Diagram



3.1.4 Class Diagrams
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The class diagram for the OscVstBridge prototype is found in Figure 3.3. Com-
plete descriptions of the important and relevant classes can be found in Ap-
pendix A.

3.2 VST Host Spoofer

A VST plugin in Windows is a multi-threaded Dynamically Linked Library [dl]
that contains methods that a VST host can call during runtime. These methods
usually involve taking and returning streams of audio data between the VST
plugin and the VST host. The VST plugin uses the same processor that the
VST host uses. Audio processing done by the plugin prototype is achieved
through the processReplacing() method. In this case audio processing is passing
the audio streams to the OSC client for transmission onto the network, and
receiving network traffic from the OSC server before returning it to the host.
The method calls in initialising a plugin are the constructor AudioEffectX(),
open(), setSampleRate() and setBlockSize().

In order to spoof a VST host a V5T plugin framework needs to be utilised
that provides methods as requested by the VST host.

3.2.1 jVSTwRapper review

jVSTwRapper is a Java VST wrapper that allows VST 2.4 plugins to be de-
veloped with the Java Programming Language. This is achieved by wrapping
the native VST SDK C++ libraries into Java classes through the Java Native
Interface (JNI). The native delegated calls from the VST host are translated
by the JNI to Java method calls and vice versa. jVS8TwRapper is a compiled
binary on Windows with a dll extension and upon instantiation invokes a Java
Virtual Machine (JVM) on which the plugin runs. This therefore allows plat-
form independent development on either Windows, Mac or Linux that contain
JVMs.

The same wrapping philosophy using the JNI to translate native calls to
Java is adopted for the user interface of the plugin.

3.2.2 jVSTwRapper implementation

jVSTwRapper provides the VST framework necessary to spoof the VST host
by providing the necessary translation from Java to native calls. The proto-
type is therefore developed on top of this framework in the Java Programming
Language.

3.3 Open Sound Control Library - Netutil

Netutil is an Open Sound Control library developed in Java for Java. It support
O8C servers and OSC clients, TCP and UDP transport, OSC bundles, and data
types i (int32), b {blob)}, s (string) and f (float).
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The O5C server groups transmitter and receiver. It can therefore not only
receive OSC messages from the network but also respond to them without the
need for an OSC client in the application. The OSC server requires an OSC
listener to be added to it before it is able to receive messages. The OSC lis-
tener interface requires the messageReceived() method to be implemented which
handles all incoming OSC messages.

The OSC client also allows for bidirectional communication. It not only
can transmit OSC messages onto the Ethernet network but is also capable of
receiving them by implementing the OSC listener interface with the messageRe-
ceived() method.

3.3.1 Netutil implementation

The implementation of the Netutil library within the prototype consists of a
separately implemented OSC server and OSC client. The OSC server function
is narrowed to receiving O5C messages from the network while the OSC client
is limited to creating and transmitting OSC packets onto the network.

The standard data types however are not sufficient for transporting audio
data as an array of floats as supplied by the VST host. Therefore a new data
type needs to be developed and implemented within the prototype. This data
type is the 'v’ data type for float vector arrays and is covered in subsequent
sections.

3.4 OSC Data type design

There are various data types that are associated with a VST plugin. The most
important are VST parameter or control types, audio types, timing and syn-
chronisation types.

The parameter types are used to influence the internals of the plugin pro-
cesses by providing control data to it. The parameter data is also available to
the user via the Ul of the plugin which allows for audio manipulation.

The audio data types are essential as the plugin is an audio processing unit.
The data contained within the audio type are the inputs and outputs of the
plugin system.

Timing and synchronisation information is available through a VST Timelnfo
object in the plugin from which this type of information can be sourced from the
V8T host environment. The information contained within the VST Timelnfo
object includes sample position, sample rate, system time, musical position,
tempo, bar start, cycle start and end, time signature, SMPTE and midi clock.

Each of the above types are required to be designed and implemented within
the plugin when interfacing data to the O5C environment. Parameter, audio
and Timelnfo data types are defined upon which V5T and OSC versions are
extended.



3.4.1 OSC Parameter /Control data type

When a parameter is defined in a plugin it contains the following variables:

index - provides an index to the parameter for referencing from the host and
UL

normValue - is the normalised/ actual value contained within the plugin. nor-
mValue’s range is -1.0 to 1.0 inclusive.

pName - provides the name of the parameter to the host as well as the Ul for
displaying to the user.

dispValue - is the displayed value to the user in the UT and in the host. This
usually involves calculating this value from the normValue internal.

label - is the label of the parameter or measurement unit.

The rendering of the parameter Ul to the user will closely resemble Figure 3.17.

A Parameter class was designed and implemented within the plugin. The class
contains the variables index, normValue, pName, dispValue and label. There are
get() and set() methods for each variable. The VstParameter and OscParameter
classes inherit from the Parameter class. The VstParameter is used to store VST
parameter data while OscParameter used to store OSC parameter data.

3.4.2 OSC VST Time Info data type

The VST SDK2.4 defines the VSTTimelnfo class that contains information re-
garding timing and synchronisation about the VST host. It defines the following
variables:

samplePos - current position in audio samples
sampleRate - current sample rate in Hz

nanoSeconds - System time in nanoseconds

ppqPos - Musical Position in Quarter Note

tempo - current tempo in Beats Per Minute (BPM)
barStartPos - last Bar Start Position in Quarter Note
cycleStartPos - Cycle start (left locator) in Quarter Note
cycleEndPos - Cycle End (right locator) in Quarter Note

timeSigNumerator - Time Signature Numerator
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timeSigDenominator - Time Signature Denominator

smpteOffset - SMPTE offset (in SMPTE subframes)
smpteFrameRate

samplesToNextClock - Midi Clock Resolution {24 per Quarter Note)
flags

A new child class called TimeInfo extending V8T Timelnfo is defined with the
same members as those defined above. There are also get() and set() methods
for each member. The VstTimelnfo and OscTimelnfo classes are derived from
the Timelnfo class. Each applies to the VST and OSC domains respectively.

While the framework for the bridging of timing and synchronisation data is
provided by the prototype there is no application defined. Future work might
include such an application.

3.4.3 OSC Audio data type
3.4.3.1 The need for a new type

The standard set of type tags defined by OSC include integers(i), floats(f),
strings(s) and blobs(b) | chunks of arbitrary binary data }[40]. The extended
non-standard type tags include 64-bit integers (h), OSC-timetag (t), 64-bit dou-
ble {d), alternate OSC String (S), 32-bit RGBA (r), 4-byte midi message (m),
True/False (T/F), Nil (N), and Infinitum (I}.

While this set of standard and non standard type tags are comprehensive
there is no provision made for vectors of any types. The audio data chunks
supplied by the VST host are vectors of floats and so the need to develop a new
type has surfaced. There has been talk from the OSC developers mailing list of
new vector types. One of such types is the float vector type (v) consisting of an
array of 32-bit floats.

3.4.3.2 float vector [v-type] implementation

The Netutil library supports the integer (i}, blob (b), String (s) and float (f)
types. The new float vector (v) type required development before integrating
into the prototype. This involved making changes to the OSCPacketCodec class
in the Netutil library.

The OSCPacketCodec is responsible for encoding OSC messages into a byte-
buffer for transmission onto the Ethernet network. Similarly it is also responsible
for decoding bytebuflers into OSC messages.

Atom classes are defined for each of the data types above that implement an
abstract class Atom. Therefore a new Atom class called floatVectorAtom was
created, implementing the methods decodeAtom(), encodeAtom(), getAtom-
Size() and getTypeTag().
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OSCPACKETCODEC METHODS

The encodeAtom() method has the float vector as input arguments. These
arguments are passed to the OSC message upon instantiation of the OSC mes-
sage. The method takes this argument array and packages it into a bytebuffer
that is ready for transmission of the data onto the network.

The encodeAtom() method code is seen below:

public void encodeAtom( Ubject o, ByteBuffer tb, ByteBuffer db ) throws I0Exception

final float[] floatVector = (float[])o;

tb.put( (byte) 0x76 ); VAR &

final FloatBuffer fb;

fb= db.asFloatBuffer();

fb.put (floatVector);

db.position( db.position() + {(floatVector.length<<2)) ;
¥

The decodeAtom() method has the bytebufler argument that contains the net-

worked OSC data. The method extracts the network received OSC message

argument data and places it into a float vector. When requests are done from

the OSC message object for its arguments [when the OSC message type is of

float vector] the float vector which contains the audio data chunks is returned.
The decodeAtom() method code is seen below:

public Object decodehAtom({ byte typeTag, ByteBuffer b ) throws
final FloatBuffer fb = b.asFloatBuffer();

final int fvLength = fb.capacity();

final float[] fv =new float([fvLength];

fb.get( fv };

b.position(b.position()+(fv.length<<2));

return fv;

}

The getTypeTag() method simply returns the ASCII character v’ - the type
tag used for the float vector. The getAtomSize() method returns the length of
the atom.

3.5 Data Flow

In order to bridge between VST and OSC data must flow from one domain to the
other and vice-versa. Data flow is therefore a critical element in the prototype
and is implemented by the use of the Observer and Observable classes. A
class extending the Observable class can notify registered listeners (other classes
implementing the Observer interface) that a change has occurred in a member
of the extended Observable class. This is done with the following code:
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setChanged (} ;
notifylbserverz{localtomber}

The above code notifies the registered Obeervers and invokes their apdare])
mothods which is defined in the Observer intorface and mnst e implementesd.
The update method() receives as argnments a reference (o Lhe localMember
from the Observable class.

OscVstBridge DFD

rECCIve

TECE FEEe v S Iransmat
autin ks i
rar ameter data Bimednfo daka parameeke dala

AESTERTTILT]
Erandmet
itnel-ife data

Ll
A an Al

transm- rdnbamiit
auitfie date

Erareertit
aramfar daia TimeInf: Aata

LU

TeLrEeeE | mecewe
parpmoker data | sl 02 TimeLlale dala
|

SOUPBALK
D5 Tl

Figure 3.4 OscVstBridae Data Flow Diagram

The ow of elula is divided into Lwo main categories;
o ¥5T 1o O5C
o OS50 10 V5T

Within each of these categories there are subeateoorios caeeyving el of the
darca v pes implemented in che prototype, These are the paramever, andio and
Timelnfo types.

Therefore Lhe category stenciure s

« VET to 050 as soen in Fignre 3.5

G



~ Puarametor
= Audin

Timelnfo

OscVstBridge DFD VST->0SC

pararmeter 7 Thwme il

[ TRES Fa

dudic

FasEa iyt
audio datn

o Ve
TirmeInfo dato

P e

pavra e data

framsmik I8 transmit

parameter data QYo data J ;Tin“_-rnfn dakta

Eransmit

e Ll g Ll oo
comral

-f O5C Server ;r

Figure 3.5: OscVstlbidge Dauta Flow: VST o O8C

o OS50 to VST ay seent in Figure 3.6

Parameter
Andia

&=
=



— Timoelnfo

OscVstBridge DFD OSC->VST

d bl

i bramsmat

Irdinsranl 3 Lriam srrusk
| audio data i
sarameeler dala | TimeInfa datoe
i 4
A i A
S = St -
Lt -l e
3,
Erpdan !
—— __—"’.
! o
T - U 5 |

; recaive l
reCeive rEceIve

: audlic fdata

parametoer data | Timelnio data

i u )
CEITAITIE wisEif
wonbrl ol '
e 17 T
I O&C Client }
- =

Figure .6 OseVatDBoides Data Flow: O80C b0 V8T

3.5.1 The DBridge Class

Fvery data flow process travels Lhroogh the Gridee olass, The paepose of the
Bridee elass is to selectively doeterming which processes should be further sonced
Lo cheir inlended destinalion. This selective wating 14 achused with the Yap-
ping ohjoet which s instantiated by the Bridge olass,

The Briclge cliss exrends Ohservable and implomoents the Obseeyver interfaee,

af



If ohjects are teeeivied into this class [rom an Observable class, the cliss choeks
the ubject in the Mapping objeer to detorming if i may be further outed, I
carn, then the Bridge class in turn oeotifies its Observers and passes the obiject

I

3.5.2 Parameter Data Flow

The Parameter data How is illusicated below o Ficure 3.5,

[ VSTHost | Parameler Dala Flow Process B
. | WET Hust
= e
updatetaram| b
B _ 5 wpeake | aeg pf i
CRe A e Sl el ind e ESERVER
Tanil =
15l | g | angr :
URSERVAE L*--1-,41%”“.5:u-;.w«..;m; tary OnSERVABLE -|¢rl.|irh-l:r|:.-::p1.--|1u- x);
LELGETETN
g iadafara g ¥ i Parinnter) siq -5 WatPACameks
OBESERVER OBSERVE it akr fnea by 1
i e OxeParamirier
e : ¢ inangedt J; !
OESERVABLE :fl',ﬂr;qii::ulrnl'lll.l!-rmlm ter| OESERVABL .trlnzrr-:-aunutiﬂ-trsfltﬂallur-c-m I
WVelParame ier i
paramCut
] - —
fro OBSERVER Mot
OscClicnt P Param ]
D Paramuelvg
ODRSER - 4 raf e Parameae i

LT

message Recewd fin#lag

i ocopback '\_/ﬁ QSC Client

OS5 Scrver ] . -
Y SMIINERLES | Agrreazhaunce | |y pe tags iargs]} == -

S g | O b B G Pa s aetar nde ] il | Lndas 1 FHa e LDl | Mareitdakue]

Figure 3.7: Parametlor Dara Flow Dispram

3.5.2.1 VST to 80 Parameter Data Flow
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method notifies the registered Observers of this class and passes the VstParam-
eter object reference to the Observer. In this case the registered Observer is
the Bridge class. The update() method in the Bridge class receives the VstPa-
rameter object and if the mapping object allows for this VstParameter to be
routed then the Bridge class notifies its registered Observers in turn and passes
the VstParameter object as an argument. The relevant registered Observer in
this case is the OscManager class. When the VstParameter object is received in
the OscManager class the update{) method invokes a method in the OscClient
called tx() and passes the VstParameter object. The tx() method takes the Vst-
Parameter and constructs a new OSCBundle object from the Netutil library.
An OSCMessage object is constructed from the VstParameter object received.
The OSC message is then added into the OSCBundle object.
The OSC message constructed has the address space of

/OscVstBridge/Parameter/ (Parameter Index)

The message contains four arguments of the following types : INTEGER (1},
STRING (8}, STRING (8), FLOAT {F). These arguments are:

® PARAMETER INDEX
o PARAMETER NAME
# PARAMETER LABEL

e PARAMETER NORMALISED VALUE

It should be evident that these arguments are similar to the members defined
in the Parameter class.

Therefore a complete OSC message contained within an OSCBundle from
this process would resemble:

[Address Space] [type tags] {arguments]
/O0scVstBridge/Parameter/{Index) ,issf (Index) (PName) (Label) (NormValue)

The OSC client determines the destination address and port for OSC messages.
This could be an external OSC server or the OSC server module inside the
prototype. The internal OSC server is addressed through the loopback network
facility.

3.5.2.2 OSC to V5T Parameter Data Flow

If the OSC client directs it packets to the internal OSC server via the loopback
interface, the OSC Listener from the Netutil library invokes the messageRe-
ceived() method. The messageReceived(} method looks at the OSC address
space of the incoming message and executes its block of code related to that
type. In this case it is a Parameter type and an OscParameter object is created
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using the arguments from the received OSC message. The OSC server then no-
tifies all registered Observers of this class and passes the OscParameter object
to them.

The registered Observer is again the Bridge class whose update() method
is invoked. The update() method receives the OscParameter object and if the
mapping object allows for this OscParameter to be routed then the Bridge class
notifies its registered Observers in turn and passes the OscParameter object as
an argument. The relevant registered Observer in this case is the VstData class.
When the update() method in VstData is invoked it modifies the plugin param-
eter with a matching index. These modifications include setting the normalised
value and the displayed value of the parameter in question. The VstData class
notifies its registered Observer and passes the index of the parameter to it. The
relevant Observer is the VstPlugin class itself and its update() method calls
the updateParam() method as well as the setParameter Automated() method of
the VstPlugin. This updateParam() method updates the plugin Ul displaying
this updated parameter information to the user. The setParameter Automated()
notifies the VST host of the parameter changes received from the network.

3.5.3 Timelnfo Data Flow
The Timelnfo data flow is illustrated below in Figure 3.8.
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0SCBundle object.
The OSC message constructed has the address space of

/0scVstBridge/TimeInfo

The message contains thirteen arguments of the following types : rFroar (F),
FLOAT (F), FLOAT (F), FLOAT (F), FLOAT (F), FLOAT (F), FLOAT (F), FLOAT
(F), INTEGER (1), INTEGER (1), INTEGER (1), INTEGER (1), INTEGER(I). These
arguments are:

¢ Sample Position

Sample Rate

s nanoSeconds

e ppq Position

e Tempo

¢ Bar start position

e Cycle start position

o Cycle end position

e Time signature Numerator
e Time signature Denominator
e smpte offset

e smpte frame rate

e Samples to next clock

It should be evident that these arguments are exactly the members defined in
the Timelnfo class.

Therefore a complete OSC message contained within an OSCBundle from
this process would resemble:

{Address Space] [type tags] [arguments]
/OscVstBridge/TimeInfo LJEPEEEEE£i44id args

args = (samplePos) (sampleRate) (nanoSeconds) (ppgPos) (tempo)
(barStartPos) (cycleStartPos) (cycleEndPos) (timeSigNumerator)
{timeSigDencominator) (smptelffset) (smpteFrameRate) (samplesToNextClock)

The OSC client determines the destination address and port for OSC messages.
This could be an external OSC server or the OSC server module inside the
prototype. The internal OSC server is addressed through the loopback network
facility.
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3.5.3.2 OSC to VST Timelnfo Data Flow

If the OSC client directs its packets to the internal OSC server via the loopback
interface, the OSC Listener from the Netutil library invokes the messageRe-
ceived() method. The messageReceived() method looks at the OSC address
space of the incoming message and executes its block of code related to that
type. In this case it is a Timelnfo type and an OscTimelnfo object is created
using the arguments from the received OSC message. The OSC server then
notifies all registered Observers of this class and passes the OscTimelnfo object
to it.

The registered Observer is again the Bridge class whose update() method
is invoked. The update() method receives the OscTimelnfo object and if the
Mapping object allows for this OscTimelnfo object to be routed then the Bridge
class notifies its registered Observers in turn and passes the OscTimelnfo object
as an argument. The relevant registered Observer in this case is the VstData
class. When the update(} method in VstData is invoked it modifies the Timelnfo
object within VstData. These modifications are application dependent. The
VstData class notifies its registered Observer and passes a boolean reference to
it. The relevant Observer is the VstPlugin class itself and its update() method
should call the method of the intended application.

3.5.4 Audio Data Flow
The Audio data flow is illustrated below in Figure 3.9.
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from the VstAudio object received. The OSC message is then added into the
OSCBundle object.

There are two type of OSC audio messages. The first is one that transmits
global audio parameters to the destination OSC server.

The O5C message for global audio parameters constructed has the address
space of

/0scVstBridge/Audio/Global

The message contains four arguments of the following types : INTEGER (1),
Froar (r), INTEGER (1), INTEGER (1). These arguments are:

¢ WORDLENGTH - the bit depth of the samples
¢ SAMPLERATE - the number of samples per second
& NUMBER OF CHANNELS - the number of channels in the andio system

e BLOCKSIZE - the number of samples per block defined by VST host

A complete OSC message contained within an OSCBundle for the global audio
parameters would resemble:

[Address Space] [type tags] {arguments]
/OscVstBridge/dudio/Global ,ifid args
args = (wordLength) (sampleRate) (number(fChannels) (blockSize)

The other type of OSC audio messages are the messages that contain the actual
audio data.
The OSC messages for audio data constructed has the address space of

/0scVstBridge/Audio/Data/(Channel Index)

The message contains four arguments of the following types : INTEGER (1),
INTEGER (1), FLOAT-VECTOR (V). These arguments are:

e COUNT - count of the OSC messages created for ordering OSC Audio in
the receiver

e SAMPLEFRAMES - the number of samples per block processes

e SAMPLEVECTOR - the audio data as a vector

The arguments in the global and the data messages arguments are derived
from the members in the Audio class.

Therefore a complete OSC message contained within an OSCBundle from
this process would resemble:
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[Address Spacel {type tags] [arguments]
/0scVstBridge/Audio/Data/(channellndex) ,iiv args
args = (count) (SampleFrames) (SampleVector)

The OSC client determines the destination address and port for OSC messages.
This could be an external OSC server or the OSC server module inside the
prototype. The internal OSC server is addressed through the loopback network
facility.

3.5.4.2 OSC to VST Audio Data Flow

If the O8C client directs it packets to the internal OSC server via the loopback
interface, the OSC Listener from the Netutil library invokes the messageRe-
ceived() method. The messageReceived() method looks at the OSC address
space of the incoming message and executes its block of code related to that
type. In this case it is an Audio type and an OscAudio object is created using
the arguments from the received OSC message. The OSC server then notifies
all registered Observers of this class and passes the OscAudio object to it.

The registered Observer is again the Bridge class whose update() method is
invoked. The update() method receives the OscAudio object and if the Mapping
object allows for this OscAudio object to be routed then the Bridge class notifies
its registered Observers in turn and passes the OscAudio object as an argument.
The relevant registered Observer in this case is the VstData class. When the
update(} method in VstData is invoked it modifies the plugin audio objects
with a matching channel index. These modifications include setting the sample
vector of the audio channel in question. The VstData class notifies its registered
Observer and passes the OscAudio object to it. The relevant Observer is the
VstPlugin class itself and the putAndProcess() method of the VstReceiver class
is called. The plugin Ul elements also are updated from the update() method.
The putAndProcess() method takes the audio vector received from the network
and orders the packets according to the count variable. The VstReceiver also
serves as a buffer to compensate for jitter on the network.

The processReplacing() method is the receiver of isochronous audio from
the VstReceiver class. The processReplacing() method requests data from the
VstReceiver class which is received from the Ethernet network as OSC Audio
messages.

3.5.5 Loopback data flows

Data flow can occur via the internal loopback interface for the different data
types. For audio the audio data is received from the VST host and the data flow
is initiated. The audio data is encapsulated within VstAudio objects passing
through the Bridge to the OSC Client. The OSC client then transmits the audio
data onto the internal loopback Ethernet interface. The OSC server within the
prototype then receives this OSC audio data as OSC messages, decodes it and
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passes it via the bridge to the VatRtecelver, The VstReceiver then orders the
piwkets and compensates for networl jicter. Tha: VarPlugin rhen pulls dala o
the VstRoooiver and supplics it back to the VST hosl envircnmere,

This satme eoncept applies fov the ather two data types using the internal
looplack nterfaoe,

3.6  Audio Receiver

Withit the audio data How process audio dara is recelved from e Sthernet ner-
work from pithor the internal O8C elicu or sene other external (8C client. The
network introduees Jikter due to the nndetermined routing of packets over the
network, Within the O8I frameworle the transport layver wsed lor OS50 packets
witlie the protarype is UDP which provides oo mechanism [or the ordering of
packets at the reeeiver s they were tounsmilted, Tt iz therefore the tespansibilicy
ul the prolatype at Lhe applicarion layer to peoside the fonelionality of ordering
packers and providing 4 bntfer ro compensate for network jitler expericnesd.

The Andio Receiver class provides such mechanisms by frstly ordering the
O5C andio objects based on the connt argnments willin the 080 audio ohject,
ard then provides a butfer that compensales [or the jitter on the nerworl.
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In Figure 3.10 the OscAudio objects are received in the update() method of
VstPlugin as explained in section 3.9. The OscAudio object is then passed as an
argument in the putAndProcess() method to VstAudioReceiver. This method
in turn calls the OrderAudio() method followed by the JitterBuffer() method.

3.6.1 OrderAudio

The orderAudio algorithm is contained within the VstAudioReceiver class. Or-
derAudio uses the count member to order the OscAudio objects received and
places all the OscAudio object within a linked list.

The algorithm structure is:

e if linked list is empty, then add OscAudio object to linked list at first
index,

o if linked list is not empty then compare the count value of the incoming
OscAudio object to that of the maximum count value of all the OscAudio
objects presently in the linked list,

e if received OscAudio object count value is greater than max of all Os-
cAudio objects in linked list then add received OscAudio object to end of
linked list,

e else find the index point in the linked list where received OscAudio object
should be inserted based on its count value and insert it in that location.

The code algorithm for OrderAudio is:

public LinkedList orderfudio{int count,0schudio myOschudio){
boolean added;
int llsize;
if(Ithis.myList. isEmpty () {
llsize=this.mylList.size();
}else{
llsize =0;
}
added=false;
if(this.myList.isEmpty () {
this.myList.add(myOschudio) ;
count++;

}else if(myOschAudio.getCount()>=((0scAudio)this.myList.get(this . myList.size(}-1))

this.myList.add(myOscAudio);
count++;
}else{
for(int j=0;j<llsize;j++){
if(ladded){
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if (myOschudio.getCount ()>((OscAudio)this.myList.get(j)).getCount Q&%
myOschudio. getCount ()<({(OschAudio) this.myList.get (j+1)).getCount ()} {
this.myList.add(j+1, myOschudio);
count++;
added=true;
}else if (myOscAudio.getCount()<{({(0schudio)this.myList.get(j))
.getCount ()){
this.myList.add(j, myUschudio);
count++;
added=true;

}
}
return this.mylList;

}

3.6.2 AudioJitterBuffer

The AudioJitterBuffer class contains a float buffer of predefined size specified in
the constructor by the jitter time period. This class has primarily two important
methods that are used during its real time operations: push(} and next(). The
push() method inserts data into the buffer and has two arguments. The first is
an integer that is used to determine whether the received packet is a duplicate or
not. The second is the float array of audio data. Calls to this method are done
in an asynchronous fashion. The next() method is synchronously controlled by
the application invoking the method. The method removes data from the buffer.
Each of the push(} and next() methods have a synchronous block defined within
them using its own object instance as the lock object in order to prevent data
corruption.

3.6.2.1 The push() method

This method inserts audio data into the buffer in an asynchronous manner. It
firstly checks the sequence number in the method argument so that packet du-
plication is prevented. Thereafter it proceeds to the synchronised block. Within
this block the method checks to see if the spare capacity within the audio buffer
is adequate for the incoming audio data. If it is not then the method simply
returns without adding any data into the audio buffer. If there is capacity in
the buffer then the incoming audio data is copied to the buffer. If the data con-
tained within the audio buffer is above a threshold value* then waiting threads
are woken up through the notify() method.

4defined as jitter size in bytes
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3.8.2.2 The next{) method

This method removes data from the audio buffer in a synchronised manner. The
method is a synchronised block and blocks until the data quantity in the buffer
surpasses the threshold. The method then checks to see if the requested data to
be removed is less than the data contained within the audio buffer. If so then
the data is removed. If not then then a zero filled float array is returned of the
requested size.

3.7 Open Sound Control Environment

The architectural structure of OSC communication is typically one of a client-
server model. The client initiates a connection request to a server which typically
waits for such requests. When a request is received at the server, the server
provides a service to the client depending on the application layer defined in
the OSI model. In the case of OSC the server accepts incoming OSC messages
from the client and therefore allows for a distributed system to be developed.

3.7.1 OSC Server

The OSC server deploys a service on the local IP address using a specified IP
port. The transport layer in the Internet protocol suite is also defined here. In
the prototype UDP is used. An OSC listener interface is implemented which is
added to the OSC server. The interface contains a messageReceived() method
which contains the constructed OSC address space. OSC messages destined for
this IP socket on this server will be received as an argument in the messageRe-
ceived() method.

3.7.1.1 Mapping from VSTXML to OSC Address Space

The OSC server address space can be seen in Figure 3.11.
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Figure 311 OSC server address space

The root of the OSC address spave is AOse Vs Bradge/ . T the reoeived (050
mssapy does not comtain this beginning segment i ity OSC wddress pallern
then the message is discarded by Che O%C sorver. Only lead nodes o ehe (350
adeliesy space bhave methods associated with them |33 The OS50 address space
comprises of the thres defined dypess Parameter, Tineelnfo and Andio. The
Parameler hode sub-Lree is conslrocled from the VETXML detinition file parsing
XML data. The Timelnfe node is a leal node and is directly addressakble.

The AAwdiv node containg g leaf node AGlefal nsed to conver globul widico
parmnelers to che soever application. The Awdio nmode alao contains anatler
branch node Arafes that has e same noneber of childven as audio channels,
These are labeled Afeheanelfnder).

The Parameter address space is eonstricled by binporeing s VETXML file
intea an X&IL pavacy. The VETXML file provides the lierurchical paranador
structure of the plugin sceording the the V5T 3DK 2.4 definition. This defi-
nition conlains & Jefinicton references, These are "Param’ describing a plugin
parameter, "Group’ that 19 nsed Lo create hictarchical paramcerer structures and
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containg Taram” Lags, "Tomplare’ ereates templates for pararmeter stroctures,
Walue' Uype’ Lhat defines an interoal valoe tvpe. and "Coere” that s wsed iwside
a "ValueType', The VETXML lile found in Appendiz B has "Param’, "Ceoup’,
“Teroplate’, and "Yidue Uype” definition veferences. An hierarchical view of the
WVATXML file as venddeved by the application vetparameond can be zeen in Figure
312

Harnm | ShortMame Label | ParamID [ WalsaType |
(2 DSevsRidpeRevTes | _
Synth Aclive . syndct I ] Switch
[f] 4_] Global : _
Yolime i vl dB | 10 (aflsetd)
 Pan i pati | 11 [offsat+] ]
Bl 3 Ervelope
o pttack ! A ms | 20 |offsated]
o Degay | 1] m: | 21offsatel)
Sutsn | S | ms | Dol
: Relpasa R ms | 23 [offseted)
B3 Fler
_ el r_'r'P'F' S tmu | | _ '%l][nffmt-l]] FitaTyposeiset
TLaboff _ cuioff _ Hz 31 [offgatsd]
Resolution _ i3 _ | 32 [oilsel+2)
Envnlnpc: i eny _ _ 33 [offset+3)
(- 3 Dscitlatar 1
B Type tope M0 [wifset+l) O2eTyupeSelect
-~ Frequency _ freq | Hz 41 [offzat+1]
- Pulzahwidth _ [ : 42 [ofis=t+2]
£ Osciletor2 | i
- Type : typa : S0 [ofset+di | DscTypeSelect
Frequency _ fremg | Hz  51[oflsel+l]
Pusswidh  pw | SR(ollseled

Fignre 3.12: Hierarchical view of the VETEML file

Thie XML piorser nses the Java Docnment Ohject. Model 5 JDOM) libooy
which is wged o map fron Lhe VETXML (e Lo the O8C namespace. The
branch nodes of the Paramoeter sub-trec ave cither Pararo, Gronp o ‘Templare el
ementys. Uhe Param element s ASyathdefive. The Group elements are SGlobal 7
AEnvelopes and AFiler/. The Termplate cloments are AOscilator! and AOs-
cillator2 . The leaf nodes of each of the sbove Group and Teoplate elements
pel their names [row the atlribules of the clements, These include ShoviName,

Tl



Label, Pavamll) and Yaliel'ype

The class used that conlaing the XML porser and maps from VSTX ML
to 050 namespace iz the XmlParser olass in the sinlParser package in the
OueVulDiudge prototype. The constructor of this class comains ehe algorithin
that performns the mapplug function bom VETXML ro OS50 wamespasce. The
ORC namespace consercied can be seen as a treeView in Flgure 3016,

The children of the Glabal node are  Vobone and AHan. The childven of
the /Ereclepe node are SAflack, “Decay, /Sustain and ARelease. The children
al the AFilters nodde are AType, ADeeay. ASustain amd Refease. The children of
each of the Suellaturl s and AOseilloborE oodes are “Type, SFreguency and
SPulse Wedth

3.7.1.2 0O5C Bcheduling

O350 termporal semantics hase the OSC timestamp as a core element, The G50
Litneslamp eomtained o e header of OS50 buadles is o 6d-bir high resolution
timeseamp confintning oo NTP[23] delinttion, O5C messages Lnoe] between two
hogt compurers, and the protocod relies on exrernal mechanisims to synchronise
the host cotnputers, The Limeslamp within an O5C bondbe header pgives the
reeeiving OS50 sorver the dime che message is 1o be execuled an the U8 server,
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Figure 3.13: O3C Scheduling Hinstralion

Figure: 315 illuserates the O8C Scheduling algerithin deploved in the Os-
cVatBridge protolype. The schedubed execution time of the OSC message as
tramsported in the O5C bundle header b5 sefed Tome aned caloulated using 1he
debay Sehedule. The algorithm requives the absobite cdme ar the which the OSC
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bundle or packet was generated in the source computer. This is sreTime and is
transmitted as an OSC argument in the OSC message. When the OSC bundle
is received at the destination computer in the OSC server, the time is logged as
nowTime.

The time taken for the OSC message to traverse the computer network is
therefore defined as:

NetTime = nowTime — srclime

The time till the OSC packet is scheduled for execution is defined as:

W ait = schedTime — nowTime

or

Wait = Schedule — NetTime

The bridge class is core in the data flow for parameter and audio data types
received from the computer network. The Bridge class therefore contains a
ScheduledExecutor and Scheduled ThreadPoolExecutor objects ®that delay the
data flow by breaking the original data flow and inserting a new data flow to the
next data flow object. The next data flow object however only receives its data
after the Wait time has elapsed by using the Scheduled ThreadPoolExecutor’s
schedule() method. This method has the delay time and the executor object to
run after the time has elapsed as arguments.

This mechanism therefore ensures that OSC messages are only executed at
the time when they are scheduled to be.

3.7.2 OSC Client

The OSC client requires a destination IP socket for the transmission of OSC
messages. The OSC client constructs the OSC message using the OSCPack-
etCodec in the Netutil library. Data received from the VST environment is
packaged into OSC packets and sent to an OSC server using the client-server
architectural model.

There are three tx() methods that each accept one of the data types defined
in the prototype. Once the OSC message is constructed it is added to an OSC
bundle. The OSC bundle is then encoded into a bytebuffer before being sent
onto the IP socket specified in the OSC client constructor.

3.8 User Interaction

Users will interact with the system by using a VST host that loads the Os-
cVstBridge VST wrapper prototype plugin. The prototype plugin will allow

Sthese classes are part of the JAVA API library
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conlipuring of 1he OS50 seltings through a SCOMRS” tab in onder 4o communi-
vate over Ethermt with external OSC deviees. The O8C sorver as well as the
OSC chiend will need an TE addecss and IP pord,. Rooting UT eloments ave also
peeded to be configured o allow ronting of daca between the VST and (050
environneents The vonting clerents will allow for @ ronte fromn the prototype’s
XS0 chiend 1o Ws own OSC setver facilicaling internal or loopback cowniniea-
tiohs. The plugin will eontain 17 paraneters thao are controtlable fram hoth
thie VAT hest, OSC envivonment as well as fvom the plugin UT itself. Other
datarypes sucl as Timelnfo and Audio will be displayed as real Lime data in the
plugin LI

3.5.1 Ul Elemonts

The pololype wer wlerface 15 a Java swing indeclace consiiting of lour 1abs
I Tyl oed COMMS, PARAMETER AMTY AUDID, ADDRERS S0ACE and FEXTERIMENTS.
The vser interfiwe s contadned within & plogin window prosvided by the Y501
hewst.,
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The Comens tab in Fignre 314 consists of O8C server and 050 client comini-
nication settings as well as Iwlormalion displags oo chaose settiogs. There are
alsa Jitter Butfer sotrings.

The OIS0 server sertings consists of the OS50 zerver 1P address and TP port.
When these values aee applied Lhey are displaged u the OSC sorver stotus info
winclow.

The O5C clienl seliings are similar wilk a destination (' address aod [P
part speeifiod. Another parameter s the O5C bundle delay o milliseconds,
When applicd the OS50 elient status info window shows the stored settings.

The JitterBuller setting can be changed and whew appliod displaes to the
user the cnrrent yalduc used by the plugin,

3.8.1.2 PARAMETER and AUDIO tab

Fila Edi  Help

COMMS  PARAMETER ard AUDIO

EUPEBINE DS

' ADDRESS SPACE |

SynthActive

Figure 3.15: PARAMETER and AUDIO Lab

The taly in Figuree 3,13 consists of two parameters and the audie ing awd osls,
There are 17 parameters in the prototype of whick only twe® are displayed

tir the nsor. The choiee of the two parameters displayed to the user is done in

the Address Spaee tab. In Fipure 3005 the two displayed poaramctors are the

FParameter A and Parancter B



first twor SynthActive and Yolume with indices 0 and 1 Earch pronp Jdisplays
the name of Lhe parameter, the shider used to change the normalised vehe
in the parametor and the displaved parameter salne. There are also fraesenit
and receive selection checkboxes lor Lhe paracneler Lhal enable Lransmitting andl
receiving of (350 messages cespoctively. For cach parametor transmit and rocedve
LED and connters are shown, Withio the UL there is o budll in mechaoison hal
prevenls e dransmil and cecenve chockboxes from being simultanceonsly enaksbod
if the OSC elient’s destivation soclet i the jnternal OSC server. This prevenis
infinite: looping when pacameter changes are done.

The audia display s seamented into left and right. The transmit and roecive
cheekboxes a5 woell as the LEDs and counter operate inoa similar fehion to che
paraueter counlerparls, [lowever Lhe lranswit and receive checkboxes can b
gelecied simudlancousiv ag the audio ns ansd outs aee independent of cach ather.
The adio counters count the OszcAudio ohjects processed which s typically
redated to the audio blocks recelved by Lhe pluzin [row the VST host.

8.3 ADDRESS SPACE tah

File Edit Help
(COMMS | PARAMETER and AUDIO | ADDRESS SPACE | EXPERMENTS |

05C Address Spare

I, 05 DBIRERE SRACE MAP Param A JI <=2 oscvsiBridosPa-ameteriathActive

% [ OscvsiBridne
|_'_'| Tireinto — 4
o= [ Autio MAP Param B , <=3 JoscvelBrdgaiParameterGlaba Molume
4 ] Patameter i e
[ mvnithactive
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[ Twpa
D Freguancy
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Figure 3.1G: ADDNRESS SPACE tab



The tab in Figure 3,16 contains the parameter address space displaved in croe
form. This allows the wser Lo navigale the parameter address space 7 and se
lect the paramerer wanting to e used 1o the Parsmeler aml Andio Lab, The
wser lax the option of mapping the solocted parsmoeter te display Parameror
A ar B. In Figure 3.16 i, can be seen Lhal Parameter A s mapped Lo A0s-
e Vatfiridge /Pammeter /SyathActive and Pavameter B 15 mapped Lo A0sc Fat-
Dridge s Pururneter Cilobad 7 Vodurne,

The EXPERIMENTS tab at the fime of developing the prolotype was lefl
empty.  Its intended purpise wis tooallow the user/experiment conductar to
inpr experiinental diara as well as to display snech data while conduaeting the
cxperieencs of this disscroation.

3.8.1.14 Tarameter Ul Element

Parameter Ul Layout

Parameter Name
Loy L J

pﬂ-r'jr" aber Worm Yaue ) - _' ——— -
ML Parameter
1 Display Value
175

Label

Figure 3.17: Tarameler Ul

The Paramcter class members are index, pName, oormValue, dispValoe aml
labell These members are presented in the Parameter UL except che index, The
pame 15 Lhe Paramerer Name, The normVidoo 5 the ooemedised saloe thae
indicates the position of the dial or shider ro the user. This value i3 also ased
intermally by the phyeine The dispValie i the displaved value to the guer and
15 & resull of a lunction wich che nonoWValue as an inpol to thar lonetion, The
dispiay value is an underscandable walue for che uwser, For cxample it would
neike bo sense Lo user toosee W the Volome leved s 00063 when a dB valie

Teanstraeted from e VSTEAL file
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of 75 has more meaning, The label s the label artached to the displogoed valoe
to the wsers I Figuee 3017 this dB indicares the volume do Lhe user,

3.8.1.5 Updating Parameter Ul

Parameter Update Calls

In wibng

150H 154,
wibnd

RQ-SC M essanEs.

HomIEN

" e T e e el b e e i

Tigrre 3. 18: Paranetor Ul npedating

When rhe user makes changes bo the paraeneter slidey in the UT the slickesState-
Change!] method s invoked. This methad calls the setParametorAutomated])
method # which calls the setParameterf ) method, This moethod then upedatos the
paramoter object in the plugn, transmils the changes Lo the OSC enviranuent
and calls the updatelarami ) method.

It the VST host sends 1is own event chanpes to the pluging then the sorPa-
rameter) method is called which again updates the param objecl, Lransoits
OBC wessages onte the neteork and calls the updareParamy) method. The
updateParam(} wethod then calls the npdateParamU 1] method which ipdates
the UL

If the sasor enables the vocord facility within the ¥ST host then all parameter
slider chanpes are recorded inlo the host,

If O8C messages are received from the network the updatef) method in
the Cserver class bs called, This moethod then npedatos the parameter ohject
bt docs nat transmit onto the OS50 network. The apdatef) melbod als calls

“which norifiea the Y41 heat of the changes lor teeneding purposes
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the updaccParam!) method which calls the npdateParam UL mothod which
npdates the U1 with the changes,

3.9 Threading

3.9.0.6 Gui threading

The paramcter and amdio tal in Uhe TT consists of 8 LEDs thars aro simlated
tn suftware. e LED gimulation containg LETY an awd LED ofl images which
are toppled 1o sinnlate an LED polse on’ operarion. The LETY off image is
replaced by the LETY on image [or 100ms, {therealier returoing to the LED off
PR

Fach of Lhe parvameters contain transmit and recoive LEDRs. There are twre
parameters totatling fowe parameler LEDs Tach of the andio channels alqo
euntaln transmit and roceive LEDs. There are two mono audio chaunels totalling
fonr swelio LIEDs,

Fur cach OS50 message sent or received by the CreVar Brid pe prototypoe thero
5 g Whms delay in processing due to the LETY sipmilarion. During thiz lime
no olher processing i@ pogsible ol OSC messapes less than ms apart would
reneer the prototype system non-regponsive. The protalype Dherelore deploss
separale processiog threads for cach of the # LET)s "This allows the prototype
to be more responsive amd meel the awlio processing demands peaced on 3%

3.10 Integrating with commercial VST plugins

Integration witk Coarrrmercial WST plugins
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Fipure 5.1% Integraling Comenereint V8T plugins wirh OueystBridee
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VST hosts support interfacing external MIDI controllers as well as VST plugin
controllers to the VST effect and instrument plugin environments via MIDI CC?.
Controller inputs can be freely mapped to any MIDI CC in the VST host. The
same MIDI CC set can also be mapped to output parameters. This can include
VST plugin effects or VST host controllable objects. In this way a dynamic and
flexible mapping is achieved between the controllers and VST plugins.

It is also possible to record and automate parameter changes made within
VST plugins to the VST host. Thes changes are recorded as automation events
and can be dynamically appied to other parameter or controllable objects within
the VST host.

In Figure 3.19 it can be seen that a commercial controller VST plugin can be
linked via MIDI CC to the parameters of the OscVstBridge prototype. Changes
made to the controller plugin are then bridged in the prototype to OSC messages
that are transmitted onto a network. On a separate computer running a similar
setup'® the OscVstBridge plugin accepts the OSC messages from the network
converting them to parameter data that can be recorded as automation events
by the V5T host. These automation events can then be the source of controller
data to commercial VST plugins instantiated on this destination computer.

VST hosts have available virtual audio busses for dynamic routing of audio
data. A source commercial VST plugin can route its audio data onto a vir-
tual bus where the OscVstBridge prototype can pick it up and transmit it as
OSC messages onto the network. In the destination computer the OscVstBridge
prototype converts the OSC messages into audio data routing it onto a virtual
bus configured on this VST host. Any commercial VST plugin that accepts
audic data as an input can source the audio data from the virtual bus on the
destination computer.

Figure 3.19 illustrates how the parameter and audio data resources are
shared between VST hosts on separate computers. Sharing these critical param-
eter and audio resources paves the way for computation and memory resources
to be distributed.

9MIDI continuous controller commands
0VST host with OscVstBridge and commercial VST plugins instantiated.
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Chapter 4

Evaluation and Results

4.1 Introduction

The prototype evaluation categorises the evaluation in terms of the 2 data types
used within the system. These are the parameter or control data type and the
audio data type developed. For the parameter data type evaluation found in
experiments 1 to 4, the aim was to measure the timeline category of QOS such as
latency and jitter. In the Quality of Perception Category of QOS the scheduling
or packet order preservation was measured. Packet loss was also measured.
These metrics were compared to those presently found in the musical control
industry' and a conservative benchmark was set against which to measure.

For the audio data type evaluation in experiments 5 to 7 the control mech-
anisms that remove jitter and ensure audio data sequence is preserved were
compared against one another. These control mechanisms are the developed
AudioReceiver containing jitter removal and order enforcement algorithms, and
the OSC bundle scheduling. The metrics are scheduling, latency, jitter and
temporal fidelity.

The computer networks used in experiments 1-4 were the internal loopback
interface® as well as a simple configuration using a single network unmanaged
switch with CAT5 UTP Ethernet cables no longer than 5m between the switch
and the workstations each running instances of the prototype. The switch is a
100MBit Ethernet SMC switch.

The NICs are Broadcom NetXtreme Gigabit Ethernet Network adapters.
The computers used are HP NC8230 notebooks, each with a 1.6Ghz Pentium 4
processor and lgig of RAM.

The networks used in experiments 5-7 include two end computers running
instances of the prototype. These computers were networked together using a
third computer that has two NICs running router software called NetDisturb
by ZTL NetDisturb is capable of generating latency and jitter into the network.

tsuch as MIDI
2commonly known as Jlocalhost’ or using [P address 127.0.0.1
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4.2 Parameter Experiments

PARAMETER MEETING QOS BENCIHMARKS FOIL VARIOUS
PERFORMANCE INDICATORS

421 Introduction

The metrics measured are laceney, jitter, scheduling and packet loss, The per-
formance inelicators of the prototype processing wore determined as the netwaork
ellocts can vary [ different nelwork fopologies, Two nedwork experionent ar-
chitectures wore tested chat provided a maxinum and minimum range in which
the metries fell. The application eovivonment in which the prototype s maost
likely to be deploved would have wevwork architecture similac Lo a LAN with 4
single broadeast domain, Although sending packets across routers is possihle in
the pritorype ic is highly nnlikely and wonld ocent in s specialised spplicstion
eUVIFOILIne L,

The clicets of the LAN notwork topology band can he scen in Figure 4.1
breliwwer:

LAN topoiogy effects band

Pucket |
Lass

Mean Latency Peak Jitter || Scheduling

T o = Pyl +P

nCsEaser effacts

Mean Latency Poak Jitker Seheduling Packet
[RTLSN

Figure 4.1: LAN topology elfects barned

The cllects of the LAN notwork can be modeled by the equation:
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Tran - Fo+Np—F
where
Tram is the effects of the LAN networked systom,
Py 15 the ontput processing offocts of the prototype systeon, and

[y is the input processing elfects of the prototype systern, and
Npois the LAN network offects.

The system nunder test for the LAN network would resomble Figure 4.2,

Ideal LAN network test setup

: E f—
e, 8 Plugin e,
IE‘EE Y Fluig
tis | G
| ¥ 35 1 wpalate o

Lkl
artuibs.fy

Figure 3.2 Ideal LAN network test setup

The development platform for the prototype system was s Windows XD
operating system. The protolyvpe 15 hosted by a Java Virlnal Machine and is
capable of pleoseeond timestomping. However this aceuvaey is dependent on the
underlving operating system and Windows XP ooly provides tens of williseconed
ascouracy which is nol suflicient lor the experiments. A Java APL called Pre-
ciselncernalDate that provides millisecond sceurate fimestampinge within Win-
dowrs XE on the host maching is psed.

Attesnprs Lo accurately Lime sytichronise tweo Windows X host machines
liave been nnsuceesstul using N'TP serviees. The NTE tool NetTime wias 1sed
as well as another called Meinbers T but the ollzet between the Lwo machines
were still in the tens of millisecomds. This value was decermined by develaping a
simple clock otfset tool using Jasa, the PrecisentornalDate APL and OSC. The
principle of operation is similar to chat desceribed in the NTP specilication]23],
I was uncovered thae despite XTT synehronisation hetweon the hosts, an offser
betweoen B0 and 10 milliseeonds wis observed. However the offsel intervals
wers consistently above 8me. 1L was therefore decided to diseard using two hosi
machities in Lhe experimental setup due to the ereov rate introdoced by the
ORCTALING SYsTeTm.



[nternal Loopback [ntorface Network

The first network setup used in the experiments used the internal loopdhack
network interface provided on most networle interface cands. This loophback
interface has negligible latency and jitter as packets traverse only a porilon
of the TOR/IP pratocel stack within the network interface and do net reach
ary physical network. The same instance of the protorype plugin was used as
iL is capahle of hath sending and receiving data simulianeously, This lesl sct
aimed to provide a minimum value for esch of the motries as any network effects
inttroeducesd dnto thes systean will only be a measure of the prowotype system effecis
and the internal negligible protocol suack offects,

Inteernad L oopback
[nterface architecture

gt et : | Er———
Ll g L

iaternzl
lonaBack intarml
Trlerlacy aaplark ffect=s
ol
g
DEC nr] g _

Figure 1.3; Imernal loopback network architeciure

The edlects of the inlernal loopback nerwark can be modeled by the equalicn:

Trr. e -PFJ = -'"'rrrr. = jI'J.r

where:

Ty is the effecis of Lhe internal loophack systen,

Py is the outpir processing effects of the prototype systen, and
[y s Lhe inpul processing effects of the procolype systen.,

NLig the internal loophack nelwork stack effeces.
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We can sen chal if Ny Np then Tre o0 Traw.
W also ko that

Np —= Norack | Nrravsurssion | NsTac

and since the X)), only travorses o povtion of the protocol srack we can
Az Llal

N = Nypaow

We can therefore soe that Ny Npoand cherefore Ty o Ty oqae
Froan tlos che inlernal loopback bawd o Pigues 4.4 19 desduced,

LAN topology effects band

Mean Latency Peak Jitter || Scheduling *‘:ic::‘t

T = F':_1+ Mt P
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HMean Latency Peah litter Scheduling Pachket
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Figure 4.4: Internal loopback offects hand

External Leopback Server over physical network

The seroud Lest involved a physical 100D Eithernet network connecled Lthrongh
a unmanaged switch. "Two host computers weee conneered to the swirch via 3m
UTPE pateh loads, This saee an indication of the porformaoce of the sysoen
that 15 clusive of the nelwork effecis.

This tost inchieded an externald loophack servr located ona separate host
mwarhine. The server reflees 050 packetz received back Lo the source of Lhe

&5



packets. The servor timestamps incoming and oatgoing packets and henee gives
an indication of 1he promessing time reguired by this server. This 15 illustrated
in Figure 1.5,
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Figure 1.3 External Loopback Server Architeciure
The elfecis of the internal loopbark netwark can be modeled by the equation:

T8 PNt Epptde + 8

where

Ty is the offeets of the externsl loophaeck sereer svstom,

Fiy is the output processing effects of the prototype systen, and
Iy 15 the input processing ellects of the protobype system, amd
PP is the extornal server proorssing offocts, and

Npeis the physical network offeors,

RHewriting | gy, we hase

T =Pn | Np bt By | Pep < N

and substituting
Tiawy —Foa—-Np+ 5y

we have
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Tepr=Toan | Pur | Xy

We con therefors soe that Uy = Tp gy
From this Lhe exierns 2eever loopback baod in Figure 4.6 s deduced,

LAN topclogy effects band
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Fizure 4.6: Lxteronl Server loophack offeoets bamad

The first 4 experiments aim to dermonsteate that the elleoes for o LAN net-
work is bounded by the External Server Loophack Effects band and the Tnlernal
Loopback Effects Band. A {ypical implomentation of the pratotype (= oxpected
b prerforin within Chese ks,

Outline of parameter experiments

The following taxble indicates the strocture of {he expericnents comducied on
the Paramorer data wvpe. The upper and lover bounds wore delevmined tor
each melrie using Uhe inlernal loopback aod then the exctenl loophak server,
Canclusions wore then drawn on that metric, The latency and jilter as well as
the sehedaling e packet loss metvios sre combined as the data set used is the
same tor hatl.



| Metric

Latency

Jitter

l

Scheduling

| Packet Loss |

internal loopback

Experiment 1

Experiment 1

Experiment 3

Experiment 3

external loopback server

Experiment 2

Experiment 2

Experiment 4

Experiment 4

Table 4.1: Parameter experiments and metrics

4.2.2 Experiment 1:

PARAMETER END~TO-END LATENCY AND JITTER MEASURE USING IN-
TERNAL LOOPBACK INTERFACE

4.2.2.1 Introduction

The parameter data type is of a musical control type and can be compared to
that expected of MIDI and other musical control definitions. This experiment
measured the mean end-to-end latency and approximated the peak jitter of the
system and measured against musical control benchmarks accepted in industry.
Such benchmarks are hard to determine as the tempo and genre of music influ-
ence these significantly. Sounds can be perceived as coming from a single source
if the sounds occur less than 25ms apart[20], however latencies of 50ms in piano
experiments and even 60ms were found to be acceptable.

Instrument interface design guidelines prescribe that performance latencies
not exceed 10ms|[20]. The peak jitter is obtained by comparing MIDI interface
technology results[37] for this metric and it is proposed that the prototype
obtain similar results. Therefore a peak jitter benchmark of 10ms is used. This
latency and jitter is used as the benchmark against which the parameter latency
and jitter metrics in the prototype are measured for a LAN network setup. We
therefore aim to show that the upper bound is less than 10ms for both latency
and jitter.

4.2.2.2 Aim

This experiment measures the parameter latency of the prototype using the
internal loopback network interface. It also provides an estimate of the peak
jitter introduced by the prototype. For this test the latency consists of the
prototype OSC message output latency, the internal loopback latency and the
prototype OSC message input latency. This latency is compared to the 10ms
benchmark latency and to determine the lower bound.

The jitter is measured as the difference in latency between consecutive pack-
ets received. The peak jitter is also approximated from the jitter data by ob-
serving its dispersion.

4.2.2.3 Methodology, Setup and Architecture

This experiment was conducted by instantiating two separate instances of the
prototype within a VST host. The first instance would perform exclusively as
an OSC client transmitting OSC messages onto the internal loopback interface.
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The second instance would act as a server to the internal loopback interface
receiving OSC messages transmitted by the first instance. Figure 4.3 illustrates
an architectural diagram of the experiment.

OSC messages are generated by interfacing with the prototype GUI altering
the parameter slider until about 500 OSC messages have been generated.

Within the first instance of the plugin where OSC messages are transmitted,
a timestamp is logged where the Parameter object is acted upon. In this case it
is the set() method on the Parameter object. The ID of the message is logged
with the timestamp to identify packets.

In the second instance of the OSC server receiving packets, the timestamp
together with the ID is logged where the Parameter object in this instance is
acted upon by the update{) method.

The timing used is from the Epoch, a measure of the number of milliseconds
elapsed since midnight January 1st 1970 UTC.

The latency is therefore a measure of the difference between the OSC server
in instance 2 timestamp and its corresponding message determined by ID in the
0SC client in instance 1. The mean, standard deviation as well as a probability
density function graph is generated from the data set.

The jitter measures the difference between the latencies of consecutive pack-
ets. The mean, standard deviation and probability density function graph is
generated. The peak jitter is determined from the jitter standard deviation.
Specifically:

Jitterpear = 2 % 20 fjiser

as the jitter distribution is double sided. This peak jitter value therefore
accounts for 95.45% of the values observed.

This method is used because the sample data has spike values and the con-
ventional method of obtaining peak jitter by subtracting the minimum from the
maximum in the sample set will not yield accurate results.

Metric_1 latency

Metric 2 jitter

4.2.2.4 Result Data and Findings

MEeTRIC 1: LATENCY
Result Data

The results for the latency metric are found in the Table 4.2 and Figures 4.7
and 4.8 below:
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Figure 4.7 Latency of Sample Data

132 2463 3.84

|mem Estrl dev 2*std dev

Figure 4.4 Prabability Distribation Function graph of Liteney

Sample Sie | Mean | St Dev Mean --5td Dev | Mean+ 275td Dew | Variance 55

| a9 | L2 | L4 2.66 | 3.99 | 181 [#17.33 ]

Tuble 4.2: Fxpecimetr L resnlt diata for latooney metric
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Fromm the dara above we can see that the mean lateney for tle sample data
a0t 15 LA2ms with a standard deviatiom of 1,344 The probalility distribation
prapl appears to be gimilar to a lognormal o gamma distribation that achieves
a peak withdn a short lareney and rhen tapers afl,

Fireelings

The lywer bound mean lateney provided by che internai loophack nerwork
setup ts 1.32ms. The 2 standard deviations from the wean with 2 valoe of 3.9%00s
give the maxionun latency o wlhich 95.43% of the sample st lie, This walue of
s theelore gives an acooprable latency for musical conral and provides
the lower bonnd used in the experiuents. The praph resambles o lognormal ov
sanitua distribmtion and therelore tapers off s creater latencics. This indicates
avery low probability of lakencies near Hims being achieved.

METRIC 2: JITTER

Heasult flata

The resules for the jicter metric ave fonned i che Table 4.3 and Fiooes 4.4
a4 10 el

%]

i L A o e

Figure 1.9 Probability Distribution Function graph of jitter
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Fignre 4.10: Cumulative Dhstribution Funclion of jilier

Saruple S | Al [ Sl Doy Monn—5ted Do | Mean— 2¥Sted .JJII‘.-‘I.-'_]" Virianoe

o)

g | ng2 | el TR 1 7 a3 | 280

T 1322998

Tahle 4.3 Fxperiment 1 resolt data for jitter metric

Froem the data above we can see that the mean jitter for the sample dara
set is U002ms with a staodard deviation of 1614, The probabilily disiibulion
praph 15 a normal distribution with a narrow dispersion band,

Fivifitgs

The lower bound mean jitter provaded by the internal loophack network setup
i r2ens. The 2 skandand devintions frorn the mean grved oovalne of 5280w
atdl 1n ihe cienulalive distribabion graph of Figaee 410 Lhe curve llatlens’ at
a loteney of about chns. This indicates the contribation of the samplos below
dins male wp Lhe 98629 of Lhe samples. Therefore the peak jitler if taken from
the cnmulative distiitmition graph is 8ms in which 98.62% ol the sample set lie,
This valine of B poak jitter gives o rossonnbly acceprablo jicter for mosical
conliol and provides Lle lower Bonm] u2ed o the experiiments and falls within
the 10ms jitter benchmark sei,



4.2.3 Experiment 2:

PARAMETER END-TO-END LATENCY AND JITTER MEASURE USING EX-
TERNAL LOOPBACK SERVER

4.2.3.1 Aim

This experiment measures the parameter latency of the prototype using the ex-
ternal loopback server. It also provides an estimate of the peak jitter introduced
by the prototype. For this test the latency consists of the prototype OSC mes-
sage output latency, the physical network latency, the external loopback server
processing latency, the return path physical network latency and the prototype
O8C message input latency. This latency is compared to the 10ms benchmark
latency and used to determine the upper bound.

The jitter is measured as the difference in latency between consecutive pack-
ets received. The peak jitter is also approximated from the jitter data by ob-
serving its dispersion.

4.2.3.2 Methodology, Setup and Architecture

This experiment was conducted by also instantiating two separate instances of
the prototype within a VST host. The first instance would perform exclusively
as an OSC client transmitting OSC messages towards the external loopback
server located on a separate networked host machine. The second instance
would act as a server to the external loopback server receiving OSC messages
transmitted by the external loopback server. The loopback server upon receiv-
ing messages would timestamp the incoming message and then transmit that
message back to the receiving host timestamping the time of transmission. The
processing time of the external loopback server is then also determined. Figure
4.5 illustrates an architectural diagram of the experiment.

0OSC messages are generated by interfacing with the prototype GUI altering
the parameter slider until about 300 OSC messages have been generated.

The timestamp logging points, methodologies and metrics are the same as
in experiment 1.

Metric 1 latency

Metric_ 2 jitter

4.2.3.3 Result Data and Findings

MeTRIC 1: LATENCY
Result Data

The results for the latency metric are found in the Table 4.4 and Figures
4.11 and 4.12 below:
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Figure 4.1 1: Lateney of Sample Dara

Fignre 4.1 IMechabilily Distribmcion Function coaph of lateney

| Sarple Size | Mosn | Std Dev | Mean o Std Dov [ Mean: 2*8td Dev | Vadance | S8 |
[ 999 | 267 | a6 | 716 | 1182 [ 2136 | 6365.20 |

Table 4.4: Experiment 2 result dala [ lalency imelric
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From the data abose we can see that the mean lavency for Lhe sample data
sen ix 2.57ms with a standard deviation of 1620 The probability distribution
graph appears to he similar to a lognoereal or gamema disteibution fhat achieves
a prak within a shove pericd of tine and then tapers off,

Findings

The uppor bound mean lateney prosided be the internal loopback nelwork
setup i 2a7me The 2 standard deviavions [eom the mean with a value of
11.58A4n5 give the maximom lacency in which 95.45% of the sample set lie. This
value of 11.82ms has reached the houndary of acceptable Lieneies cegueied Too
instrument iteface design and provides che upper hound used in che experi-
ments, The graph resembles a lognormak o gamna disteibotion and thevefore
rapera off an preaten lafoncics. This indicates that there s a less than 5% prob-
ability of the latencies i the sample data sel reaching beyond the 11.82ms mark.

MeTRIC 2: JITTEER
ftesull Dade

The remules for Lhe peak jitter medric are found in the Table 4.5 and Figures
4.13 and 4. 14 below:

A0 8 B o7 BB a1 a3 a2 s
L ——
. 14

Figure 4.1 Drobability Discribucion Functiom geaph of jittor
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Fignre 4.14. Crinlatise Distribution Iunction eraph of jitle

© Surnple Size ] Blenan ] Sted Dhers [ Mean+Std Dev | Mean—- 2*Std Dov | Viriance |

55

2t 0w | 5427 | 5.432 [ L3861 | 29456 [8

-
I

-
Ik

-
I

G5

Table 1.3: Experiment 2 resull dita lor jitler metric

Trom the Jdati above we can see that the mean jitter for the sanple data
sor is 0.007mes with a standard deviation of 5.427. The probabilily disiributlion
praph i a normal diseeibieion.

Findings

The upper bound mean jilter provided bw the intemal loopback network
setnp of (0Fms. The 2 standard deviations from the mean gives a value of
L3A6 s, However from the cumalative distibotion graph the corve “Aatrons
at s idicaling that 94.65% of the samples lie below this latency value of
dms. Therefore the peak jitrer it taken from the cumulacive discribution graph
i Fienre 4,14 5 s in which #4635 of the samplo set e, This value of 10ms
peak jitter meets exactly the ks jitter bemehmark sot and shondd he found 1o
bo acceptabbe for muosical control perlormance,

Discussioxr oM EXPERIMENT 1 axp 2 - UrreR ANy LoweEr
BOUNTS
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The upper and lower bouods o the mean lwency and peak jitler melricy
can he soen in Figoe 418,

LAN topology effects band

Mean Latency Peak Jitter External Server

Loopback
Effects Band

=" 2
lep = HytNpte #ME

3 LAN Effects Band
.J T PoN R
Mian = My
Internal
Loopbachk

Effects Band
Ty~ Pathg 4D

Mean Latency Feak hiter

Fignee 4.15%: Upper and Lower bonnds for mean latency and peak jitter

The mean laency range for a LAN network is between 1.32 and 2,57 ms. The
uppoer honnd of 2 57ms provides i low lateney for mosical control and shoald oo
compromise musival pecfoviances conducted on a LAN newwork with a single
broadeast domain.

The peudk; jitter range for & LAN network 1s between ® and Lmws, The upper
bomned has now exceeded the benchmark valoe of 10ms set and will not attoct
musical porformance conductod on o LAN netwaork.

Figure 4.16 is extracted from Brandt and Wright|37] and cunpares MIDI
interface lechnologies used in indusicy. The perlormance criteria are mean la-
tency and peak jitter, The MIDT interface rechnologics vary from alder legacy
MINE intorfiuces to the newer types that nse 58 as the transport mechanism,
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Figure 416 Lacency and Peak Jittor pesries for MIDT ineerlace techuolapies

The legacy MITH deviees have a lalency ranpe betwecn 2 and 3.0ms and
a peak jitler of between 2.5 and 4ms. The nower USB MU interfaces havoe
latencies betwoen T oand 25s and peak jitter range between 7 oaod Sws. The
7813 MIDT interfaces that carry adio as well have 11.5 and 13ms and pealk
jirder berween 9.5 and 11.0ms,

The aress usteated o red in Pigurs 416 sheow where the peotoly pe metrics
range sils rompared Lo the MIDI interlace dechnologies, The latency range for
the protoiype has heen established as bedng between 132 and 2.57ws fur a
LAN netwaorle. “This latency is lower than all those MIDT wnierface technologics
compared in Brandn and Weight [37],

The peak jitcer for che prototype has not faived that well against che MITH
intevfaces. The legaer 3D intecfaee peak jitter s muel lower than the proco-
type. The protolype peak jiller filg in between the TSB MITH interfaces and
the U8B MIDT interfaces carrying audio data snd while not the ideal peak jirder,
it s poceptable fur tnsical conkrol,
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4.2.4 Experiment 3:

PARAMETER SCHEDULING AND PACKET LOSS MEASURE USING IN-
TERNAL LOOPBACK INTERFACE

4.2.4.1 Aim

This experiment measures the parameter scheduling® of the prototype using the
internal loopback network interface. It also measures the packet loss incurred
by the prototype. For this test the same data set is used for both metrics of
scheduling and packet loss.

The scheduling aims to measure the preservation in the order of packets
received compared to those transmitted. The ID argument in the transmitted
OSC message is used to determine the scheduling preservation.

The packet loss metric checks whether all the transmitted packets were re-
ceived at their destination. The ID argument is used to identify packets.

4.2.4.2 Methodology, Setup and Architecture

This experiment was conducted by instantiating two separate instances of the
prototype within a VST host. The first instance would perform exclusively as
an OSC client transmitting OSC messages onto the internal loopback interface.
The second instance would act as a server to the internal loopback interface
receiving OSC messages transmitted by the first instance. Figure 4.3 illustrates
an architectural diagram of the experiment.

OSC messages are generated by interfacing with the prototype GUI altering
the parameter slider until about 5000 OSC messages have been generated.

Within the first instance of the plugin where OSC messages are transmitted,
the ID of the message is logged with the timestamp to identify packets.

In the second instance of the OSC server receiving packets, the timestamp
together with the ID is logged.

The scheduling is then measured by comparing the order of transmitted
packets using the ID to the order of received packets in the destination using the
ID in the O8C packet. The unordered packets will be expressed as a percentage
of the overall packets transmitted.

The packet loss is to determine which packets, that have been transmitted,
have not been received by the destination. Those packet not received will be
expressed as a percentage of the overall packets transmitted.

A packet loss will be considered as a packet mis-order as there will be no
corresponding packet to match. Therefore the scheduling will either be equal or
of a higher value than the packet loss metric. Also if all the scheduling ordering
is perfectly complete at 100% then inherently the packet loss metric too is 100%
as all the packets are accounted for.

Metric_ 1 order of packets / scheduling

3order of arriving of packets
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Metric_ 2 packet loss

4.2.4.3 Result Data and Findings

METRIC 1: SCHEDULING
Result Data

The results for the scheduling metric are found in the Table 4.6.

| Sample Size | ordered packets | unordered packets | % packet unordered |
[ sor1 | o7l | 0 1 0 ]

Table 4.6: Experiment 3 result data for scheduling metric

Findings

The lower bound scheduling provided by the internal loopback network setup
with a sample data set of 5071 packets is 100%. This success rate is expected
as no packets are sent onto any physical network and only traverse the protocol
stack of the NIC. This test concludes that the NIC and the prototype input and
output processing preserves the scheduling.

MEeTRrIC 2: PACKET LOSS

Result Data

The results for the packet loss metric can be implicitly deduced from the
scheduling metric in Table 4.7.

| Sample Size | packet not lost | packets lost | % packets lost |
[ 5011 | 5071 | 0 | 0 |

Table 4.7: Experiment 3 result data for packet loss metric
Findings
The lower bound packet loss provided by the internal loopback network setup

with a sample data set of 5071 packets is 0% as deduced from the scheduling
result data. Therefore no packets were lost.
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4.2.5 Experiment 4:

PARAMETER SCHEDULING AND PACKET LOSS MEASURE USING EX-
TERNAL LOOPBACK SERVER

4.2.5.1 Aim

This experiment measures the parameter scheduling? of the prototype using
the external loopback server. It also measures the packet loss incurred by the
prototype. For this test the same data set is used for both metrics of scheduling
and packet loss.

The scheduling aims to measure the preservation in the order of packets
received compared to those transmitted. The ID argument in the transmitted
0O8C message is used to determine the scheduling preservation.

The packet loss metric checks whether all the transmitted packets were re-
ceived at their destination. The ID argument is used to identify packets.

4.2.5.2 Methodology, Setup and Architecture

This experiment was conducted by instauntiating two separate instances of the
prototype within a VST host. The first instance would perform exclusively as
an OSC client transmitting OSC messages onto the external loopback server.
The second instance would act as a server to the external loopback server re-
ceiving OSC messages transmitted by the first instance. Figure 4.5 illustrates
an architectural diagram of the experiment.

The ID logging points, methodologies and metrics are the same as in exper-
iment 3.

Metric__ 1 order of packets / scheduling

Metric 2 packet loss

4.2.5.3 Result Data and Findings

METRIC 1: SCHEDULING
Result Data

The results for the scheduling metric are found in the Table 4.8.

| Sample Size | ordered packets | unordered packets | % packet unordered |
[ 555 | 5155 | 0 | 0 |

Table 4.8: Experiment 4 result data for scheduling metric

4order of arriving of packets
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Findings

The upper bound scheduling provided by the external loopback server net-
work setup with a sample data set of 5155 packets is 100%. This test concludes
that the prototype input and output processing, physical network and external
loopback server preserves the scheduling.

MeTRIC 2: PACKET LOSS

Result Data

The results for the packet loss metric can be implicitly deduced from the
scheduling metric in Figure 4.9.

[ Sample Size | packets not lost | packets lost | % packets lost |
[ 5155 | 5165 | 0 | 0 ]

Table 4.9: Experiment 4 result data for packet loss metric
Findings
The upper bound packet loss provided by the internal loopback network

setup with a sample data set of 5155 packets is 0% as deduced form the schedul-
ing result data. Therefore no packets are lost.
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4,26 Discussion and Conclusion
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Figure A.17: Upper and Lower bonnds for mean lateney, peak jitter, scheduling
and packet losy

The parameter dala lype perdormance evaluatinn bas bocn conducted throgh
4 experiments measuring the metrics of mean lateney, peak jilter, scheduling
and packet loss. An wpper and lower bound has been established for cach
LAN-Lvpe nelwork with a single broadeast domain. Of particelar mmportanea is
the upper bound which determines the worst case perflonmance for Lhe prololype
parameter data type. For the mean lalency awd peak jiller melrics a benchmark
of Wms was set for each, This henchmark is a strict requirement placed on
the metric as rsical control and perfornanee reqnites less strict bencheacks
s peeeptable perdformance. However with these siricl benchmarks the mean
lalency ol the parameter data type bas an npper bound of 2.37ms and i well
within the benchmark level of [Oms set. Latency therefore does not degrade Lke
porformance of the prodotype.

The peak jiller upper bowwd] was found 1o meet exactly bot not oxeoced
the benchmark set of 1Wns. Whoen compared to MO interfiaces the pritotype
performanee with regards to peak jilter faired relatively well owiperforming tha
newer LSB MIDI iy pe inlerfaces but not the legacy older intorfaces. For mnsical
contenl this peak jittor value of 10ms s acceptable.
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The scheduling and packet loss metrics attained 100% in that all packets
received were in the same order as transmitted and that there were no packets
lost out of a large sample of about 5000 packets. The upper and lower bounds
achieved 100% for both metrics and therefore the LAN network performance
should attain the same.

4.3 Audio Experiments

COMPARISON ON AUDIO QOS BENCHMARKS FOR 3 DIFFER-
ENT QOS CONTROL MECHANISMS [NO CONTROL, AUDIORE-
CEIVER, AND OSC BUNDLE SCHEDULING]|

4.3.1 Introduction

Experiments 5 to 7 aim to test and evaluate the audio data type within the
OscVstBridge prototype. The audio data type transports uncompressed au-
dio between prototype instances. The remaining experiments therefore aim to
measure the performance of this transportation by measuring metrics such as
packet order preservation, latency, jitter and temporal fidelity. The packet or-
der preservation and jitter metrics are vitally important and if their result set
is not perfect then the audio data integrity will be compromised. The temporal
fidelity metric gives indication of the perceived quality of the received audio and
will verify packet order preservation and jitter not attaining perfection.

The OscVstBridge prototype contains three control mechanisms that inter-
face the incoming network data in the receiver to the VST host. These control
mechanisms are evaluated independently in the experiments and compared to
one another.

Audio receiver control mechanisms

The VST host controls the flow of audio data to and from the VST plugin.
The plugin processes requests of the VST host and has no control over the size
of the audio buffer received or those it has to return to the host. When the
OscVstBridge prototype plugin receives audio data from the network it has to
place that data in a holding area until the host requests it. The holding area will
receive audio data that is unordered and contains jitter but will need to return
this data to the host when requested without any jitter and ordered. A process
therefore needs to be applied to this holding area. Three separate processes
were deployed in the OscVstBridge prototype and are categorised as the audio
receiving control mechanisms. These control mechanisms are the DumbStore
{or no control mechanism), OSC Scheduler and the JitterBuffer [containing an
ordering algorithm] as seen in Figure 4.18.
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Audickeceiver contral mechanisms
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Fignre 4 18: AndioRteceiver control mechanisms

The DuymbStore i simply & byller that ceceives awdio [rom the network.
I the VET host requests andio dats from the plugin it fotches dada from 1his
DumbStore. I the Y81 host roguests moee dada dhan Lhe DoumbSiore has in
its baffor, the Dumbstore returns what 1L has aod pads with zeros to fulfill the
reqriesh, There is no managenient of jitter o order prosecvation of swdis data,

The O8C Schedubr deploys s onnoing rmechanism 4o preserve packel order
andl remove network jicter, When O5C packels are transmitted as 050 hun-
dles a seheduled execution dime [sehed Time| 15 transpocted inthe O5C bundle
header. The QsestBridge also Lransported au exira argumend in the O5C mes-
sapr hhal logged Lhe source time [seeTime] at which the message was generated
in the OSC client. When packets serive at the OSC seever, the network la-
teney [Wet Uime] 14 caleulsted by siubdraciing Lhe souree Lime from the arrival
Lire [nowTime]. Packels are then scheduled tor cxecution caleulating & “wail’
Lime [Wait] by subtracting the netwavk Intency froen the schedoled execodion
time. This meehanizm ensires that paeked execulion s wol mlversely affected
by nedwork lsdeney aud jilter since the “wait’ time eompensates for this. This
is illustraced in Figure 4.19.
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O5C Scheduling Tllustration
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Figee 4,19 O8C Scheduling Ubustral o

The last contraol mochanizm is the Jittorlnfor that ineludes a packet ordering
alporithm. When packels are received from the nelwork, they are firstly ordored
by Lhe arder algorithm before being placed o a JitterBuffer. The Jitter Budter
buffers the data recedved from the order aleorithm and removes jitter. ¥8T host
vequestd [or awldio data are mel by removing data from this bulfer,

helrics

The metrics tested in the andiv oxperiments are schodnling, lateney, jitter and
temporal fidelity. The scheduling and jiller medrics are most lwporiant since
Lhew can deprade the conlend of Lhe awdio data. Schedubing measures the preser-
vation of the order of the packets ar the recciver as compared to thoso trans-
mitted. s metrie has ne menging for ercor as & packet oot ordersd deerades
the wrisical conlenl significantly.

The latency metric measures the delay frum the time the aodio data s
wvailable to the transmitting CueVetDodge pluein 1o Lhe Lime the same dala
passes Lo the VST host from the recelving OscVstBridge plugin. The lateney
thercfive has components of the network delay and the sudio reesiver conliol
mechianizms,

The jitrer motric is derived from the latency metvie and 35 the variation
exporienced in the lateney, The jitter 15 important as it can degrade and possibly
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destroy the rmasical or mudie content.

Ternporal [delivy is the perecived guality of the audio matevial and can be
classified as a subicetive measere. The experiment hag attempled to teansform
this subjective metric inke a quantitative objeetive one. I therelore measured
glitch counts in audio data and analyses speetram data,

MNetwork Descripbion

The petwork used in the sudio exporiment can be found in Figure 420

Audio experiments netwnrk architecture

Routimy Canmipuler

itRear i d Laterioy:
¥ - ZIT1S
1-100m

Destmabion Competer

iy
- | ¥5T Host

Tigure 4.20: Audio Experiments Network Architectue

Aundio data iz reansparted between two VST hosty running; on separate com-
puters. Each VST host has s zingle stance of the OseVaiBridge protorype
plugin instantiated Dom which aodio daka is transported cver ORC, The voal-
ing compuater has twvo KOs anid the routing seftware NetDisturb installed. The
routing soft ware passes packets between the two XICs bat applics some network
effect to the rransported packeds, Tor the exporiments a fwed Batency of 2ms
aned @ jitter range botwern 1 and 100 ms wis seb vp, Althowgh this Jitter 15
somewhat exeessve, iowonlid truly cest che capabilities of the audio recesving
control mechanisms, A single uncompressed andio chanmnel wis used dadng Lhe
audio exporiments utilising network bandwideh of aboul 1.6Mhbils por secomnd.
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Sources of error

The VST host does not request audio data from the VST plugin in a synchronous
manner. The synchronicity of the audio data is dependent on the period between
host requests to the plugin and the size of the audio data requested in each
request. The VST host requests audio data from the VST plugin through the
method call processReplacing(). This method passes an audio buffer array® to
the VST plugin and receives an audio buffer array of the same size. The size
of each buffer in each call is controlled by the host and can vary but has been
found not to exceed 197. The time between processReplacing() method calls is
approximately 2ms but can vary. Through a series of exploratory experiments a
relationship between the sound card latency® on the computer running the VST
host and the time between certain processReplacing() calls has been established.

For a sound card or audio interface latency of 50ms the standard audio driver
uses a buffer size of 2240 samples when the sampling rate is 44100Hz. The
processReplacing() calls that are 2ms apart have the maximum buffer size of
197 for 12 processBeplacing calls. 187 * 12 = 2364. The last processReplacing()
call buffer size is 73 instead of 197. This totals the 2240 buffer size and satisfies
the audio interface buffer requirements. The V3T host has therefore met the
audio interface requirements in 12 calls * 2ms = 24ms and does not need to
make any more calls to the plugin for data till 50ms - 24ms = 26ms. The next
processReplacing() call therefore is only made after 26ms. This can be seen in
Figure 4.21 demonstrated that the processReplacing() calls by the host are not
synchronous.

An audio interface latency of 2ms at 44100Hz has a buffer size of 128 sam-
ples. Therefore the VST host processReplacing() calls to the plugin cannot have
a buffer size request of more than 128 samples. There is no period between pro-
cessReplacing() calls greater than 2ms as the audio interface requirements are
just met by the VST host before the next request comes along.

The VST host requests to the VST plugin through the processReplacing()
method calls are therefore not synchronous and will introduce error into the data
for the audio experiments conducted, particularly experiment 6 that measures
latency and jitter. The latency metric will be most affected but has little effect
on the jitter metric which is the conclusive metric in the experiment. It is
therefore adequate to include this source of error into the result data set.

5depending on the number of audio channels the plugin utilises
Sor bufferSize
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Asynchronous VST hosts calls to OscVstBridge
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sarrplirg rate = 443100Hz
start of

async calls ; I
--I tak rall T it i 4 - -
— S processHeplacing 197 =)
o ' ==y
<5 o/ samples 1
L. _.r[——] 2 call processReplacingl 107 —- N .

94, amp las

20ms 10 calls

o —— 1 . ~
—E 12t call praressReplacing F37) o i
Ime 2ib% samphes

S0ms g 13th call

processReplacmgl 7 3) C -

2240 samiples

| o audio interface requirement met
- No mare calls till 50ms

ctar| of '
async calls |
1

L — e processReplacingt 197) -
15t call of new buffer

Figure 4.21: Asynchronous ealling sequence by the ¥8T hast

The OszeValBridge developmeot could not acquire clock sources {rom the
VST host due to the asynchronons nature of the andia data ealls in pracessHe-
placingf]. The soundeards in both the sonrce and destinalion compuiers have
a sampling rate of 41100Hz implying that the data rare of the source sound-
card and V5T host sample requests to plagins equats that in the destination
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computer. Phovefore there s 1 net gain or boss of daera thooogh the ostwork,
In s wedl mansged jiller Luller underflow or cverllow wonld not cecur in these
eondicions. Figume 422 iHustrated this.

Asynchronous calls of VST hosts
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Figure 4.2 Asynchroneus calts of ¥5T hoats

Outline of andio experiments

Talble 4.0 indicates the strycture of the experients to be condocted oo Lhe
Audio didae twpe.

| Moetric | Scheduling | Lateney | Jitter . Temporal Fidelity |

I i cantrol rechanismm Fapd ¢ Exp6 [ Fxp 6 Kxp T |
O5C Scheduling Expao i ExpG | Kxpf Exp 7

JitLlerBulfer Exp 3 Exp G Exp 6 Exzp 7 |

Table 4100 Audip experiments aml wietrics
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The audio experiments begin with experiment 5 measuring the packet or-
der preservation or scheduling within audio data. The experiment gathers and
analyses data for no control mechanism, OSC Scheduling and the JitterBuffer
control mechanisms. Experiment 5 uses the count attribute in the OscAudio
objects received from the network to measure packet order preservation.

Experiment 6 follows measuring latency of the audio data. The variance of
the latency yields the jitter metric. A control audio channel is set up transport-
ing audio over the physical audio interfaces of the two networked computers
used. The latencies of the audio interfaces are included. No control, OSC
Scheduling and JitterBuffer control mechanisms are tested and analysed.

Experiment 7 measures temporal fidelity in the audio data. A 440Hz sinu-
soidal waveform is used and audio glitches like 'clicks’ and 'pops’ are measured.
Spectrum analysis of the received audio signal is done in order to quantify the
preservation of the original audio content for each of the control mechanisms.

4.3.2 Experiment 5:
SCHEDULING MEASURES
4.3.2.1 Introduction

OSC audio packets that are transmitted into a network contain the data found
in each attribute of an OscAudio object. This includes the count attribute.
Packets transmitted are incrementally ordered but received packets may not be
ordered due to the non-preservation of packet order that is introduced by the
underlying network. This packet order preservation is called scheduling and is
vitally important in the preservation of audio content. Qut of sequence packets
will degrade the audio content.

4.3.2.2 Aim

This experiment measures the scheduling of the OSC audio packets received
from the network. A uniform jitter range between 1-100ms is introduced by
the NetDisturb routing software. Packets received will therefore not exhibit
scheduling because of the jitter introduced. The control mechanisms are called
into action to preserve packet order before the audio data is passed to the VST
host. This experiment firstly measures the scheduling for no control mechanism,
and then for each of the O8C Scheduler and the JitterBuffer.

It is envisaged that the result set will have poor scheduling for no control
mechanism and will be directly related to the network jitter introduced. It is also
envisaged that both control mechanisms will incrementally order the unordered
packets received from the network thereby perfectly preserving the packet order
and the audio content.

4.3.2.3 Methodology, Setup and Architecture

The architecture of the experiment used is found in Figure 4.23.
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Scheduling experiment network architecture

Rauling Conyuter
e o B

Source Computer

Destination Computer

'.ﬁST Most

€

Ll
i palninin

\

Fignre 4 25 Scheduling expervnent sebwork avchiteceure

The conmt attribale o the QzcAudic olject is incrementally increasod in the
050 client of 1he souree computer. This comut 15 transmittod to the destination
compuler whore it s procossed by the conteel wechanism il any belore heing
lopeed and passed Lo the VBT hosi througl the processHeplacing () method
rall. The logeed received count waluc is compared to the incromenlal cound
value peneeated in the source compmter and grapled accordingly, The souree
rutnputer eount value will always be incrementslly inereased with peofoet packet
oreler, Thers is therelore no need to log paclots in the souree cornpuler {or the
cxperiment data set. The first connl value received will be used as the first
count. for the incremnental souree comnt and all subseguent souree connl values
will ke an inerement of that. “Uhe diference betwoen the recetved count and
the sonrce count s termed as jitler and 13 graphed as a Prohability Donsity
Funetion of packet number jiller, The distritmtion of this Probabibity Densily
Funclion 19 observed and analvecd.

The cxperitentsl wias condueted by ganevating audio comtent in the souree
vompmter and logeing the count values in the destination computer. The sample
size 5 300, Three vuns were condueted for the svarrol wechamsms including
i control mochaniso, For (e (35C Scheduler contral mechantsm, QR0 pack-
oty wrere scheduled 1o o cxeented 300ms sfter bolng gewerated e the source
vomputer. Uhis time was determined 1o be adeguate o compensate for the
introduced network Jitter. The JitterButer sive nscd was 10ms.
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Metrie 1 paclet ovder preservation / scheduling,

4.3.2.4 Result Data and Findings

CoMTROL MECAamMtsnt 1r N oconerieor MEChANISH

flesadt Lhata

The results for the scheduling, metrie for no eontrol mceehanism ace faand in
Figuyes 424, 420 and 426

Figure 4.25: Soction Blownp of Pacdket Nomber of Sample Data with no cooteol
mechanism
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: std dev 10.24
#—— vt ghev —— |

Wil

Digure 41.26: Prolabilivy Disteibation Funetion of Packer Number Jirter for oo
contril mechanism

From the data above we conosce that the connt, walue stacks al, 28632 conlin-
uing for 300 samplos. Uhe packet number counl [romw Lhe souree can be scen as
a purple siraighi line. The received data can be seen to plot irself arcwnod rhis
line a3 plot points *- 7 The probability distribation geaph sppears Lo be siimilar
tur i normal distribotion with aosbandard desialion of 10024
Fendtrgs

T'he dati indicates Lhal Lbe count value recelved from the network docs not
align to that transmitecd into the network, This i evident in that the received
plot points do nor meenratoly follow the sowece dala counl in Uhe pucple line i
Figuren 424 and 4.25. Packel order prescevation is therofore not cyvident and
henee Lhe audio dota content @l not be proservod. Uhe probsbility densily
fanction graph in Figure 426 shows the spresd of the received] cownd number
Trown the suurce count nwnber. The alandard deslation s 10024

CoNTROL MBCHANISKM 2: O5C SCHEDULING
Reswlé Dot

The results for the scheduling metels: for the Q80 Schoduling control mech-
anism ape found in Figores 427, 428 and 4,29,
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Fipure 4.27: Packet Nwmber of Sample Data with 080 Scheduler

Fipure 4.25: Section Blowep of Packel Number of Sample Data with O8C Sched-
uler
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Fizgure 4.29; Trobability Distribution Function of Packet Numher Jitter for O5C
Schoeduler

From the data above we can see that the connt valne starts ae 2874686 con-
tinuing tfor 300 samplis. The packet mnuher coant fom Lhe source can be seen
ax o purple straight line, The received data can be geen to plot itself around
Lhis line, The probability distribution sraph appesrs o be similare toos normal
distrihurion with a stoodard deviscion of 3,24,

Findings

Thi dati indicates that the courd value received from the netwerk doces not
align perfectly 1o Lhal transmitted into the network. This 3s evident in that che
received plot poiats do not perfectly follow the sounee data count in the parple
Hne in Fioures 027 and 428 However 11 15 a belier and closer match than when
comparesd 1o Lhe dala For oo control mechanism. Fxact packet order preservis
tion i ool achieved and hence the audin datp content will net be preserved,
The prohability density finction graph in Figure 4,20 shows (e spread of the
received count munber from the source count mumber. The standard deviation
is 3.20. The change in standard deviation from 10,24 to 329 when moving [nom
nr control mecharizi Lo OSC Scheduling verifies that the packet order preser-
vaLion has improved but has not achicved complete scheduling,

CoNTroL MUcHaANISM 3 JITERBUFFER
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Result Dafo

The resulis for the scheduling metric lor the JitrerBulfer control mechanizm
arc found in Figures 430, 431 and 432

Figure 1.30: Packet Number of Sample Data with Jitter Buffer

Fignee 431 Section HBlowup of Packet Number of Sample Data with JitterBulles



std dev 0.0

Fignre 4.32: Preohability ThHstribation Function of Packer XMNumber Jitrer for
JittenBuller

Fraom the data abowe we cpn see that the count value starts at 46 180 con-
titing for 300 samples. The packet number conat from the sonres can be seen
as a purple straighi line, The receiverd data can be seen 1o plot isell exactly on
this line. The prabability distvibution graph has all of its distribution ar counnt
valie of 1 with a standacd deviation of 041 Thiy indieates that the received
count data is incrementally incveased
Finslings

"Fhe data indicstes that the count value veceived tfrom the network aligng
pecfectly to thet transmitted inro the network. This is evident i dhat the
received plot points perfectly follow the souvee data count in the poeple line in
Figures 4.30 and 4.31. Exact packet arder preseryvation is achicved and bence
the sndio dati content will be proserved. The probability densicy funetion graph
it Fliguee 4342 shows that there is wo spresa] of the received connt munber fromn
the source count mumber, The standard deviation is therefore 00, Complete
seheduling s achieved.

When comparing the three control mechanisms, no coneral mechanism has
the worst performing dati with astandatd deviation of 10,24 in the jitter of the
scheduling metiie. The O8C Scheduling metric improves on this standacd de-
viation bringing its data’s standard deviation [or jitrer of the schedoling merric
dewn ta 328, This redoction however does wot contribute to the preservation of
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audio content since complete scheduling is not achieved. The JitterBuffer does
achieve complete scheduling and preserves audio content across a jitter-ridden
network.

Apart from the OSC Scheduling control mechanism the result data has been
anticipated. Tt was anticipated that the OSC Scheduler would also achieve
complete scheduling but has not proved to be the case. Further work could
explore this.

4.3.3 Experiment 6:
LATENCY AND JITTER MEASURES
4.3.3.1 Introduction

The requirements of latency introduced by a computer network depends on the
application. Transporting audio content over a network in a radio broadcast ap-
plication can accommodate relatively large latencies provided that it is constant.
Real-time interactive applications such as networked musical collaboration re-
quire low latency as large delays can make musical interaction difficult[20].

The variance of latency has a much more devastating effect on musical con-
tent than latency[37]. This variance is called jitter and can degrade the audio
content. Jitter is reduced in receiving devices by providing a buffer that intro-
duces added latency. A trade-off between jitter and latency therefore exists and
can be manipulated to suit the application in which these metrics apply. The
OscVstBridge prototype has such a buffer called the JitterBuffer. OscVstBridge
also has OSC Scheduling which also attempts to compensate for network jitter
by introducing added latency. Experiment 6 performs tests on both of these as
well as for no control mechanism.

4.3.3.2 Aim

In this experiment an audio signal that is transported over a jitter-ridden net-
work is measured against a control audio signal that uses the physical audio
interfaces or sound card to determine the latency introduced by the network
and the control mechanisms. The spread of this latency is the jitter.

This experiment collects data sets for both the OSC Scheduling and Jitter-
Buffer control mechanisms as well as data for no control mechanism. The data
sets are analysed and compared to one another.

Audio markers are inserted into a silent audio stream which will be used to
measure the latency. The audio markers are audible as clicks consisting of short
duration, 3 cycle, normalised square waves.

The experiment anticipates that the control mechanisms will remove the
network jitter introduced and hence provide the V8T host at the receiver with
a jitter free audio signal. The cost of the jitter removal is added latency intro-
duced.
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4.3.3.3  Methodology, Sctup and Architecture

The architecture of the experiment naed 12 found in Figuee 1,33,

Latancy and Jitter experimeant netwark architecture
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Fignre 4.33%: Latency and jitter expedment network srchitectume

A A410Hz sguare wave consisting of three cyele wowves was sed as the -
dios markers to ddentily audio segrienta. The periond bebween each marker was
#ti#ms. The control audio signal traversing the physical mudio interfaces through
a cable conmection 1= cartied on the richt andio channel of a stereo system. The
stnutnd card oulpur latency of the source computor is S0ms with 2240 samples
al 11100Hz sampling rate. The sound cord ioput latoney at the destination
campntey 1% 11ms with 512 samples at 44000y sampling tate, Assumiog the
cabile transmission Lime is oepligible, the Lolal laleney inlraduced by the control
path is 30111 = films,

The left chanmel transports andio data vis the OseVastDridee plogin and the
utiderlying network, The OSC clienl n the souree compuler, as well as the
inpul processing in the destination computer, introduecs negligible Istency and
is ignored. The sipnificant latencies are iofrodoced by ihe selwork and Lhe
vontrol mechanisins,

The V5T host in the destination computer receives the richt chanmel conrrol
wudio via the plesical, soundeacd, cabled inlerface and the lefi channel under
vest” audio via the OscWetBridge plugin instances and the computer notwork.
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The VST host outputs these channels into a wavelorm analvser in order Lo
determine the offsot hetwoen the left and 1ight markers in the stereo aodio
signal. Uhis measired offset s added to Glms control lsroney to detormine the
latency [or the OseVstBridee and networked awdio transport svstemn as seen in
Figure: 4.34.

Audia Marker analysis

ST
marker

‘Under Test’ latency = Contrel latency + Measured tatency

Left Channel
i, = (B S P 48 1 {5
Budia Mow wia OScVELBridyge and computer netwark marker

‘wnder kest’
Iateney

measured latency

rantral Iatepcy = Glms

Right Channel

wantrol

arker audio flow via cable and scundcard Interfaces )

Fipure 4.34: Audio Marker analyais

The: single sample in the waveform analyser consists a control marker and
an munder test’ marker. The total sarples for each control mechanism is 1040,

The experiment was conducted by preparing the wetwork architecoare in
Figare 4.33. The sudio marker samples wore [oaded into the souree computer’s
VST hest, The ourput of the destination comnputer’s V8T host was recorded and
analysed. Data was gathered for both the OSC Scheduler and the JitterBuotfer
control mechanisms as well as for no control mechanism.

Metric 1 lateney

Metric 2 Jicter

+4.3.35.4 Resnlt Data and Findings

ConTReL MeEcHANISM 1: No CONTROL MECHANISHM
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Kesult Dute

The results for the lateney and Jitter metrics for wo control mechanism are
found in Fignres 4,35 and 4,306,

Figre 4.35: Latency of Sanple Data wilh no conerol mechanism
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2 et ey

Figue 436 Prabaklity [Hstribution Fonetion of Jitter for oo control mecha-
nism

Froun the data sboso woe con soo that the lateney varies hetween BU-130ms.
The: mean valne of this 1O seople data sec iz 90,7, The probabidicy distribucion
praph shows Lhe jibrer spread and appears Lo he sitmilar to s narmal discribotion
wich & scandord devistion of 41 08 A “hest-At" deh owder polynomial vendline
can boe seen in red in Flgnee 4036,

Firdinigs

The anabvsis of the data indicatos that there 15 & bape varlanee in che lalency
of recelved packers. This i contribinted by the jitver invnoduced by the nevwarke.
The jitter range in the dala sed in Figure 135 corresponds fo che jitoer range
al the network ic, 1-100ms. The probabiltity dengity function goaph in Figue
4,36 showws che sproad of the jitter with 4 standavd devistion is 4108, The jieler
sproadd 13 flab and wide with 4 nuiform distribution

CoNTROL MEOHANISM 2 (350 SCHEDULER

Fesult Data

The resulis for the laccney and jitter metrics for the ORC Schednber conirol
mechanism are fonned in Figures 437 amd 4.04
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Figure 437 Latency of Sample Data loc (35C Scheduler

S L B L

Tigure 4.38: Probabilily Diswibucion Function of Jitrer for O8C Scheduler

From the dadn above we can see char the latency vacies between 16(-220ms,
The mean vahie of this 108 sample didie sed 39 1926, The probabiliey diserie
bution graph shows che jiller spread and appears wo be similar o A wormal
distribubion with a standard deviation of 12.9G.
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Findings

The analyvsis of the data indicates that there 3= a rediced wariance in the L
toney of rocoived packets for the 05 Schoduler than Bor oo control mechanism,
The probabiliby density funclion graph in Figure 4,38 shows the spread of che
jitrer with g standard deviation of 1296 The jitier spoead 5 woforn and s
Tews flad and naovower Chan thal for no conleol mechanism. This improved Jicter
realurtion is alsa evident in the standard deviation being redneed from 4108 o
12.56.

The OFC Scheduler does medurce The jilter inlrodiesd Ty the network bt
cddoes not. completely romove it as thege i@ 561 jitter prosent in the probability
density function in Fignee 438, The redueed jiccer will sull degrade Lhe andio
eonttemnt transported over Lhe netwaork,

ConTrOL MRCHANISM 3: NITTERBUFFER
Hesult Dt

The resulls for the larency and jitrer mereies for the Jitterlintfer control
mechanism are found in Figures 4349 and 4400

mann = |44
[y ' 7 4 PP T, s L
¥ oy P i Y B RS &
= ! 44

Lt |

Tigure 1.3% Lalency of Sample Data for JitrerBotter
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Figure 4.40; Prabability Distrilntion Function of Jitter for JitrerBafter

Teom the data above we can see that the lateney s fairly constant between
180ms wned 195ms and with a mean value of 186 4ms, The probability distri-
bution praph shows the jitler spread with the bulk of the sample data (= 75%)
hawing no jiteer. The standard deviation s 477

Fénulings

The analysis of the data indicates Lhat Lhe variance in the lateney of received
packets for Uhe JivterBulfor is nearly complotely vomoved. The graph in Figure
4.39 shows that the sample latencies are constant over a few samples bl then
jurnp to the next sample belore being constant apgain. This s artribuced to
the non-syneheonous nature of the processReplacing] moethod calls done by the
WET host. The andio dita content is fully preserved as andibly observed in Lhe
ontpit audio sigoal therehy suppesting thal a constant lalency with no jitter is
present, The probability density tunction graph in Figure .40 shows the spread
of the jitter with 4 standard deviation of 477 caosed by the non-synchronous
processReplacing() metlhiod calls,

The JecerBoffor complotely romeoves the networl: jitter presecrving the audio
gignal. The HtrerBuolfer i therelore e best conlrol mechanism in terms of the
laceney and jiller mewrics and che prescrvation of an oandio signal. The OSC
Seheduler redinees che jitcor introdnesd by the network but does not completely
rencne it s thewe 15 still Jilter present in its probabilily densily function, Ir
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was anticipated that the OS50 Scheduler would also completely rernove the net-
work jitter but ihe results show only a reduciion in the jicter and oot complers
coTiLcreal.

4.3.4 Experiment T:
TEVMMPORAT FINDETLITY MEASURES
4.3.4.1 Introduction

Ternporal Fidelity is defined in this contexr as the audible quality of the andio
Agnal received fram the jitrer-ridden network. Paclet order and jitter can de-
pracde the mulio sipnal indrodueing ‘clicks' amd 'pops" nte the andio stream with
losy of the original corwenl. Temporal Tidelity 1s therefore the povecived quality
of the andio stpeam with high ternporal fidelity having oo loss of the original
andio coutent with v ‘elicks' and "pops’. Te should be ooted that lemporal fi-
delily has a subijective evalualion associaled with it, This experiment therefore
aitns to transform those suhjective criterls ote objective messorable metics,

Dxperiments 3 and 6 measoreed schedoling, jilver aud latency metrics on an
audio spmal nsing the 3 different control mechanizsms. 'his experiment measires
the ternporal fidelity for the 3 courroel mechanisms as well as consolidating the
previous andio experiments, This experiment provides the ultimaie meteic of
perecived andio quality that end users will he exposed to

1.3.1.2  Aim

This experitnent 3% divided into teeo parts. The [est i an avalysis at the receiver
of the spectral content of the alio signal when a pure sinuscidal wavefoem is
injected at the source. The introduclion of addirional spretral content to tha
sinuzoid will give indication that ‘clicks’ and ‘pops’ are observed 100 the aadio
streann, The secowd part measures Lhe glitches such as clicks and pops in 250ms
by observing the audic wavctoem ar rhe roeciver.

Both sections are conduered lor each ol the control mechanisms, The resulls
are analysed awl combined with that of experiments 5 and 6 to produce a
cotclysive snmmary for the 3 cortrol mechanisms.

Hased on the resolt data for experiments 5 awd 6, the JitlerBufler conirol
wechanism 15 expected 1o reproduce the source awlio siccam povfectly. [ is
thorefore anticipated that its spectral conteni will only cortain the lojecteld
sitnsodd and no plitches will be ohaerveal o the reeeived audio steear. The
OS50 Schesuler and no conlrol mechanizm will display plitches and conlain added
spoctral contont.

4.3.4.5  Methodoelozy, Setup and Architecture

The architectnre of 1the experiment nsed 18 buod in Fipure 4410



Temporal fidelity expariment network architecture
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Figure 4.41: Tomporal Fidelicy expoiment notwink archiceclure

This experiment’s architecture is similar to that of experiment 6§ exeept 1t
the physieal cable audio interface path is not present. A conlinuous sinusoidal
waveform of 4400y is injected as the sonree andie slgnal and transported acrvoss
sthe jitter nelwork, The injected source audio signal and its speetram analysis
can be seen in Frpires 442 and 443 rospectively, Bach of the conltol mecha-
st are applied and separate data sets ave collecied [or each at the waveform
analyser, A spectrum analysis of the received audice stgnal is porfinemed using
Blagleman-Harvis smocehing window and o FFT sive of 16 334, It the injected
andic sipnal is fully preserved then Lhe spectrum analysis will yield o 'spilae’ ar
AAHz vopresenting the injectod pure simsoidal waveforrn, I the awdio signal
is nor preserved . plitehes as clicks’ and Cpops’ will introdnes new spectral in-
formation. | second of mono audio data is spectrally smalysed in the waveform
analyser.

Figure 4.42: Tnjocted 440Hz sinnsoidal wavefor
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Tigue A-0% Spectoum analysis of Injected 440Hz simisioidal waseform

The second pact of Lhe experiment visually analvaes 260ms of the audissigna)
recarded in the waweform analyser and idennfes veegulacibies called glitches in
the received audio gignal, The plitches are counted and prosentod for ench of the
control imechanisms. Figure 444 illnstrates o plitch in the sanusoida] wavelocm,

Aucha Glilah

JA40Hz sinmusiwd

01 A
ghkch

as
e

Fipnre 4 44: Mustraien of an awlio glitch

Metric 1 Temporal Adelity

Metric 2 Andio glitches
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4344 DMesult Data amd Findings

CONTROL MECHANTSM 1: NO CONTROL MECOHANISW
Besulf Dt

The results for the teraporal fidelity and andio plibeh inetrics for no control
miwhanisme are founed in Figures 4,45 and 446

.

A N

Figure 4.45: Hecelved sinsoldal wavelorm for no control mechanism
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Figure 4 46: Spectrum analvsis of recelved sinusoidal wavefurm for ne control
mechanism

From the dats above we can see that the sinusoidal shape is visible in Fipure
4.45 bt ddoes contain glitches. The pliteh count amonnted to 57 plitches b
250 of this received andio data, The spectrum analyaiz graph in Flgare 4,46
shows that while the prominent fregqnencies sre around the 440Hz mark, the
maguitude of all unanly audible [regpuencies 4 abuae -S540,

Findings

The analy=is of the data indicares glitches were introduced into the system
ad seent in Fipure 4,45 The plitches are confinned by analysing the spectrue
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of Lhe received audio sipral and fieding additioeal spectral coetene. This oate
of glitches [57/250ms| significantly degrades the andio signal. While the visual
inspoection of the simsoid micht soem not adversely affected, the speetrum snal-
vsis as well an audille evalualion shows that Lhe simusoid is completely masked
by the gliteh offoet. The audible evalination sounds like static white noise with
adow frequency element with vo ovidenee of the iwjectod 44011 simiseid.

CONTROL MECHANISM 2; (5C SCHEDULER
Frsult Date

The resulis for the wmporal fidelity and audio glicch melrics for the OSC
Scheduler are found i Figures 4.47 and 4.48
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Figure 4,47 Received sinusoidal waveform for O5C Scheduler
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Figure 4 48: Spectrum analysis of recoived simsaidal waveform for OS50 Sched-

uler

From the data sbove we can see that the sinusoidal shape s visible in Figure
4.47 but does alse contaie glitches, The gliteh couwt monutod to 49 gliteles
for 230ms of this recelved audio data. The spectrun analysis graph in Figure
448 shows that while the prominone froquencies are aronnd the 440H2 matk,
the magnitude of all humaoly andible frequenecios is above -350,
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Findinngs

The analysis of the data indicates plitehes were introduced inlo the system
as seen in Figure 4,470 The ghtehes are confirmed by analysing the spectrum of
the received andio sipnal and finding additional spectral content. This rate of
glicches [19,250ms] is shighely redueed when compared Lo nsing no cantral mech-
anism hut still sigmficantly degrades the audio signal. The froquency content
around the A40ILe mark in Fignre 4,48 15 slightly more prominent than that
for no coperal wechanism. While the visual inspection of the sinisaid might
seern not adversely affected, the spoctriim analysis as well an aodibde evaluation
shows thal Lhe sinusnid 15 completely masked by Lhe pglileh effect. The audible
cvalnation for the OS50 Schedoler also sounds like stacic while noise with a low
froqpency clement with no ovidence of the injecred 440Hz sinusodd.

CoNTROL MECHANIEM 3 ATTELBUNFER

Pesult Dutu

The resulls for the Lemporal ldelity and audio gliteh wetries or the Titer-
Buffor are foumd in Figores 419 and 4,30,

A,

NN PO
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Figure 4.4%: Dteceived sinuoidal wavelorm for JilterBulfer
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Fignre 4500 Spectram analysis of received sinnsoidal waseform for JitterButfor

From the data above we can see that the sinusoldal shape i perfeetly pres
served in Figure 4.4% and deoes not contain any glitches, There was therelore
no gliteh connt for the JitterButffer control mechanism. The spectnum analyvsis
graph in Fipuree 4.50 shows that Lhare 14 only fregquency content at the 400
matk and no other additional Bequency conlent above -2adB.

Finditins

The analysis of the dals show that no plitehes were introdoeed into the
svslem as seen in Figpures 149 and -L.50. There is no evidence Lo indicate degra-
dation of the andio signal. "The audible cvaluation confirms this with a pare
(requency tone observesl, The JicterBnffer control meebanism therefore removes
all jitter and preserves the order of packels al the receiving el and complelely
reeprodnees the injected auedio sipnal.

The resulls data for the 3 conleol rechanismy proved as expected with
anly the JitterBoffer completely prosceving the injected avdio signal. The OS5
Seheduler and no control mechanism resnles displayed glitehes and confirmes thae
they could not coupletely order packels and cormpletely remove jitter introduced
by the neotwork,

A.3.5  Thscussion and Conclusion

Experiments 5, 6 and 7 bave done an evplnation of the jdio data type and the
performance requirernents when tkansporling uncompressed awdio dala between
OseVat Bridpe prototype plugin instanees. The metries measared are pacloet ar-
der preservalion in experiment 5, lavency sl jitber o experiment & and vem-
paral fidelity in experiment 7. Each experiment evaluated each of the contral
merhanisms in the prototype.

Experiment 5 showsd chat che JitterBuffer conurol wechanism achieved the
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best results with complete packet order preservation. The OSC Scheduler fol-
lowed with its standard deviation on the jitter of packet number being 3.29.
This is an improvement on the standard deviation of 10.24 for no control mech-
anism but does not achieve complete packet order preservation and therefore
will degrade the audio signal.

Experiment 6 measured latency and jitter for each of the control mecha-
nisms. The JitterBuffer control mechanism has been demonstrated to be the
best control mechanism in terms of the latency and jitter metrics and the preser-
vation of an audio signal. The OSC Scheduler reduces the jitter introduced by
the network but does not completely remove it as there is still jitter present in
its probability density function. This remaining jitter will degrade the audio
signal and therefore neither the OSC Scheduler nor no control mechanisms can
be used to transport audio data over jitter-ridden networks.

The results data for experiment 7 shows that only the JitterBuffer com-
pletely preserves the injected audio signal. The OSC Scheduler and no control
mechanism results displayed glitches and confirm that they could not completely
order packets and completely remove jitter introduced by the network.

Experiment 7 is an ’end-user’ application-type test and confirms the results
obtained in experiments 5 and 6. The JitterBuffer control mechanism outper-
formed the other control mechanisms in both experiments 5 and 6 and hence
also in experiment 7. The JitterBuffer completely preserved the audio signal in
experiment 7 and therefore must have full packet order preservation and com-
plete jitter removal. Experiment 5 confirms the packet order preservation and
experiment 6 has most of the sample data [>75%] having no jitter for the Jitter-
Buffer. The jitter introduced is due to the non-synchronous processReplacing()
method calls done by the VST host and if this cause is removed there will be
100% complete jitter removal as shown in experiment 7 with the audio signal
being preserved completely.

The OSC Scheduling control mechanism shows an improvement when com-
pared to no control mechanism. In experiment 5 the standard deviation on
the jitter of packet number is reduced, and in experiment 6 the jitter is also
reduced. This reduction is however of no benefit to transporting audio over a
jitter network since full packet order preservation and complete jitter removal
is necessary.

4.4 Summary of Results and Findings

The experiments evaluating the parameter and audio data types have positive
results for the performance of the OscVstBridge prototype.

The results for the experiments conducted on parameter data type with mean
latency, peak jitter, scheduling and packet loss metrics have surpassed or met
the benchmark set against which to measure. The mean latency upper bound
of 2.57ms fell within its requirement benchmark of 10ms. The peak jitter upper
bound met its benchmark at 10ms. The scheduling and packet loss achieved an
upper bound of 100% each.
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The performance of the parameter data type within the OscVstBridge plugin
should be acceptable when comparing to the benchmarks set.

The audio data type experiment set with scheduling, latency, jitter and tem-
poral fidelity metrics have been performed on each of the control mechanisms.
The JitterBuffer control mechanism is the only control mechanism that can
preserve audio data transportation over a jitter-ridden network. OSC Schedul-
ing does reduce the jitter and packet order preservation but is not suitable to
transport audio data over a jitter network.

135



Chapter 5

Discussion and Conclusions

5.1 Summary of research done, aims and goals

The focus of this research was to develop a prototype VST plugin called OscVst-
Bridge bridging VST systems to the OSC network domain. OscVstBridge would
share audio resources such as parameter control, audio, transport and synchro-
nisation data between VST and OSC systems. The prototype core features
developed are:

¢ a VST host spoofer, a data bridge between OSC and VST,
s OSC data type development,

¢ OSC environment development,

e VSTXML to OSC namespace mapping, and

e JitterBuffer and OSC Scheduling control mechanism implementations.

Upon completion of the prototype development the research evaluated the per-
formance of the OscVstBridge prototype by conducting 7 experiments. The first’
4 experiments focussed on the parameter data type with mean latency, peak jit-
ter, scheduling and packet loss metrics. The result data for these experiments
were compared against industry benchmarks. The last 3 experiments focussed
on the audio data type and control mechanisms with scheduling, latency, jitter
and temporal fidelity metrics. The control mechanisms are compared against
one another.
The main research goals of this dissertation were:

1. Can we use Open Sound Control [OSC] as an open protocol interface to
implement networked communications between VST systems and OSC en-
vironments facilitating distributed audio processing. This was done by
developing the OscVstBridge prototype plugin that bridged between VST
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and OSC systems. The prototype development constituted a large por-
tion of this dissertation with 4791 lines of code, 52 classes and 10 packages
being developed. The data types of parameter, audio, transport and syn-
chronisation deployed in the OscVstBridge prototype allowed data to be
shared between the two systems. This data sharing facilitated distributed
audio processing.

2. Can we build a rich OSC namespace using the VstXml definition. This
was achieved in the development of the OscVstBridge prototype plugin by
accepting a VSTXML file upon plugin instantiation and constructing the
OSC address space from this XML file. The mapping from VSTXML to
0OSC was achieved using the JDOM library.

3. How can we measure and evaluate system performance based on QOS and
industry accepted benchmarks for control [parameter] data. This was done
by conducting and evaluating the parameter experiments. Conservative
music control benchmarks (such as using the music instrument interface
design system maximum latency of 10ms) were set against which the ex-
perimental data was evaluated.

4. To determine and compare the system performance in applying different
QOS8 control mechanisms on audio date. This was achieved by conducting
and evaluating the audio experiments in experiments 5 to 7. The Jitter-
Buffer, OSC Scheduling as well as no control mechanism were evaluated
and compared to each other.

5.2 Overview of experiments and results

5.2.1 Parameter experiments

The parameter experiments measured lower and upper bounds for the mean
latency, peak jitter, scheduling and packet loss metrics. The upper bound gives
the worst-case results for the metric under test. The mean latency metric results
are compared to the maximum instrument interface design latency of 10ms|20]
used in the audio and music industry. The peak jitter benchmark is obtained
by comparing MIDI interface technology results|37]. A peak jitter of 10ms is
used.

Figure 5.1 shows the upper and lower bounds for the mean latency, peak
jitter, scheduling and packet loss metrics evaluated in the experiments.
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The meenn Lrbency upper boand achieved 2.57ms - woell within the benchmark
of 10ms get. The lateney metric therofore does not degrade the porformancea of
the Os=cValBridpe prototype. The peak jitter upper boand for the peotolype is
Hhuns which met the benchmark sct. When this roctric s compared to MIDI
interfacos. the prototype ontperformed the newer U058 MIDT type interfoees but
ot the legaey older interfaces. This can be seen in Figure 520 In the context
of mmsical control this peak jitter value of 10ms is aceoptable. The schednling
and packet loss metrie obtained perfect results, achieving I00% scheduling aod
lurwing no pached loss for i gample nomber of abowae 3000 packets. The perfor-
manee of the parameter data type within the OseVatliridze plugin is aceoptable,
cxcecding or meeting, the benchmarks set.
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5.2.2 Audio experiments

The audio experiments evaluate and compare the control mechanisms deployed
in the OseVstBridge prototype with scheduliog, latency, jitter amd temporal
Odelity metrics. OF particular itmportance are the scheduling and jitter metrics
sinee if they do not achieve perfeat results, the rransported uncompressed andio
ilata, will he depraded. The contral mechanismy aim o have an improved ellect
on the metrics, The ternporal Gdelicy metric consolidates the scheduling. latency
and jitter metrics as it measures the pereeived andio quality thae the end user
will be exposed to, The vetwork jitter sroulation vange i 1- 1o,

No control mechianism bas o degrading effect on vhe transporied andio signal
over a jitter-ridden notwork.  The scheduling metric performed poorly with a
stomdard devistion on the packet nomber received being 10024 The latency aud
jitter metries alse perfortn poorly with a latency of 90.Yms and a. jitrer standard
deviation of 41.08, The consolidating temparal fidelity metrie conehides with
37 pliteches oblserved in 260ms of veceived audio data, An audible evaluatioo
of the received audio signal is observed as static whire noisc with a o fre-
queney element despite g pure 440Hy sinnsoid being injected at the soures. The
schedoling and jitter for we coutrol mechanism do nor achieve perlect results.
The temparal lidelity merrie results confirm that the aadio sipnal 3= depraded
when no control mechanizm s used over 4 jitter-cidden vecwork,
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The OSC Scheduler control mechanism also degrades a received audio signal
when transported over a jitter network. The scheduling metric achieves better
results than for no control mechanisms with a standard deviation on packet
number of 3.29. The latency and jitter metric also attain improved results with
a latency of 192.6ms and a jitter standard deviation of 12.96. The scheduling
and jitter metrics are improved upon going from 10.24 to 3.29 for the former
and from 41.08 to 12.96 for the latter. However since the scheduling and jitter
metrics do not attain perfect results, the audio signal is expected to be degraded.
The temporal fidelity metric confirms this by 49 glitches observed in the received
audio signal. The received audio signal is also audibly observed as degraded
static white noise with some low frequency content. The O5C Scheduler control
mechanism therefore does not preserve an audio signal when transported over
a jitter network.

The JitterBuffer control mechanism obtained promising results and was
found not to degrade the audio signal over a jitter-ridden network. The schedul-
ing metric obtained perfect result data with a standard deviation on packet num-
ber of 0. The jitter metric also obtained near perfect results with a standard
deviation of 4.77. The cause of this imperfection is due to the non-synchronous
nature of VST host calls to the plugin. The mean latency is 186.4ms. The tem-
poral fidelity metric contained no glitches and perfectly reproduced the injected
source audio signal of 440Hz. This indicates that the standard deviation on
the jitter metric is indeed caused by the non-synchronous VST host calls. The
JitterBuffer control mechanism does preserve the audio signal when transported
over a jitter-ridden network.

The jitter for the JitterBuffer has presented interesting results. By observing
the preserved non-degraded audio signal in the temporal fidelity experiments the
expected jitter should be 0 with a constant latency. However there is latency
variance that is caused by the non-synchronous calls from the VST host to the
plugin.

The JitterBuffer as well as no control mechanism performed as expected
with the former perfectly preserving audio data and the latter not at all. The
OSC Scheduler results are surprising as it was expected that this control mech-
anism would preserve the audio signal over a jitter network by yielding perfect
metric results for scheduling and jitter. The reduction in these metrics was not
adequate for audio reconstruction.

5.3 Contributions

5.3.1 Prototype contributions

The OscVstBridge prototype has provided a novel bridging interface between
the widely used VST system and the open OSC network domain and therefore
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has facilitated modern network communications amongst VST audio processes.

OSC has been compared to MIDI[13] and is proposed as its successor. The
OscVstBridge prototype developed assists towards OSC achieving this successor
status by contributed towards OSC establishing itself within the audio process-
ing system of VST and in industry.

The benefits of the OscVstBridge prototype providing high speed musical
networking in VST systems allows audio processing to be distributed amongst
many networked computers. This network is scalable and therefore VST pro-
cessing farms become possible in such a networked system. Other benefits are
that multiple, simultaneous and possibly remote access to audio resources be-
come possible, as well as location independent musical collaborations such as
NMP.

The open framework which OSC implements allows inter-vendor networked
communications amongst VST host and plugins. This facilitates inter-operability
of audio and musical systems promoting standardisation.

The OscVstBridge prototype has also developed a novel process to facili-
tate the construction of a rich, hierarchical OSC namespace using VSTXML.
The mapping from VSTXML to the OSC namespace provides improved con-
trol structure within VST plugins by utilising the flexible namespace provided
by O8C. Multiple, intuitive parameter names as well as aliases, high level con-
trols and range mapping with multiple parameter addressing and OSC pattern
matching can be deployed, simplifying user control in V8T plugins.

The OscVstBridge prototype also developed an O8C type in Java using the
NetUtil OSC library that would transport uncompressed PCM audio data. This
O8C type was developed as the non-standard vector of floats v’ type encapsu-
lating audio data within an O5C message.

5.3.2 Experiment contributions

The parameter experiments show that transporting parameter data over an OSC
network has no performance issues. The worst case latency of 2.57ms meets the
audio interface guideline latency{20]. The peak jitter obtained is also 10ms
which performs better than USB type MIDI interfaces[37]. The scheduling and
packet loss metrics achieve perfect results and therefore the parameter data type
performance measures are acceptable.

The OSC Scheduler control mechanism does not completely remove jitter
and perfectly preserve packet order when transporting OSC packets over a jitter-
ridden network with a jitter range of 1-100ms. The OSC Scheduler does reduce
the jitter and improve on the packet order preservation but this is not adequate
to prevent audio data degradation at the receiver. Therefore the OSC Scheduling
control mechanism is not suitable for real-time transportation of uncompressed
audio using OSC over a jitter-ridden network.
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54 Recommendations for future work

5.4.1 OSC Scheduler performance investigation

The OSC Scheduling control mechanism’s inability to transport audio data over
a jitter network is amongst the most surprising results in this dissertation. The
jitter network deployed for the evaluation was extreme, with up to 100ms jitter
experienced between packets. Further investigation into the reasons for the
08C Scheduler not preserving audio over this jitter network needs to be done.
This future work could be coupled with experiments evaluating the performance
of the OSC Scheduler in the transportation of audio over a lesser jitter-ridden
network.

5.4.2 Compression of audio for transportation over OSC
network

Transporting 1 channel of 44100Hz uncompressed PCM audio data over a com-
puter network requires substantial bandwidth. The float type used in the float
vector type v’ is 32-bit and therefore the bandwidth requirement is 44100Hz *
32bit = 1.411 Mbit/sec. A typical VST plugin would be configured as a stereo
plugin with 2 input channels and 2 output channels. Therefore a total of 4 chan-
nels amounts to 5.64Mbit/sec. This is a large amount of bandwidth and future
work could comprise compression and decompression schemes for this uncom-
pressed PCM audio data for efficient transportation over computer networks.
This would result in reduced bandwidth consumption with added latency in-
troduced to the overall transport system due to codec compression latencies.
Exploration into loss-less compression algorithms would add most value.

5.4.3 Transport and synchronisation data type implemen-
tations

The OscVstBridge prototype developed a Timelnfo class or data type that con-
tains information regarding transport and synchronisation of musical and audio
systems such as VST. This data type is fully developed but has no application
implementation in the OscVstBridge prototype. The benefits of an implementa-
tion include synchronisation of multiple VST hosts and plugins and facilitates a
master control VST host with all slave VST hosts following using the transport
attributed in the data type. Future work could include such an implementation.

5.4.4 OscVstBridge prototype evaluation over the Inter-
net

The evaluation of the OscVstBridge prototype was done over a LAN for the pa-
rameter experiments and a jitter emulated network for the audio experiments.
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Future work could include evaluating the performance of the OscVstBridge pro-
totype over the Internet since this network is most likely to have applications
deployed over it. Separate evaluations for each data type can be done.
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Nomenclature

AUDIO AND CONTROL LATENCY are the latencies associated with the per-
formance of the VST wrapper.

AUDIO BLOCK SIZE is the buffer size that the VST host passes to the VST
plugin to let it know of the size of the audio data block sent to it.

AUDIO DATA is the type for the audio objects contained within the VST wrap-
per

DATA BRIDGE bridges data between the OSC and VST domains

DISTRIBUTED AUDIO PROCESSING distributes the processing load across
networked processing units.

EXTERNAL OSC DEVICES are deviced located outside the boundary of the
VST wrapper that are capable of transmitting and receiving valid OSC
messages

IP ADDRESS is a unique address utilised on a computer network that together
with a IP port forms an IP socket

IP PORT are the ports attached to an IP address forming a IP socket.
JAVA is the programming language used to develop the VST wrapper

JVSTWRAPPER is the Java plugin framework that is used to develop the VST
wrapper.

LOOPBACK COMMUNICATIONS uses the ’localhost’ or ethernet loopback
address of '127.0.0.1° to direct traffic back into the same IP address

NETWORK is an Ethernet datalink layer using the TCP/IP protocol suite.

OSC  is Open Sound Control and is a message based protocol developed to
facilitate modern networked communications amongst audio processing
units,

OSC ADDRESS PATTERN is the destination address target within an OSC
server.
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OSC ADDRESS SPACE is the hierarchical tree structure of the addressable
nodes within an OSC server for which OSC messages can be processed

OSC CLIENT sends OSC data over networked technology to OSC servers.

OSC DATA is data transmitted and received from the OSC domain complying
to the OSC protocol definition

OSC DATA TYPE is a type identifying the data contained within an OSC mes-
sage

08SC ENVIRONMENT contains external OSC servers and clients capable of
interfacing to the VST wrapper.

OSC HIERARCHICAL NAMESPACE is the structured hierachical namespace
within OSC servers.

OSC METHOD is a certain behaviour of the OSC server that is executed when
an O5C message is matched via the OSC address space to that O8C
method

OSC SERVER receives OSC data from OSC clients and processes it through
its address space matching and OS5C methods

O8C SETTINGS are settings within the VST wrapper for configuring the com-
munication parameters of the OSC server and client

PARAMETER CONTROL DATA is the type for the parameter objects con-
tained within the VST wrapper

PLUGIN U is the user interface of the VST wrapper system

PROCEDURE CALLS are used by the V5T host to communicate with the
VST plugin and transfer data between the two entities.

REAL TIME INFO DISPLAY is a display in the plugin Ul that shows real time
data about the VST wrapper

ROUTING ELEMENTS will allow for mapping of OSC data to VST data and
vice versa.

STATISTICAL INFO DISPLAY is a display in the plugin Ul that shows sta-
tistical data about the VST wrapper

SYNCHRONISATION CONTROL DATA is the type for the synchronisation
objects contained within the V8T wrapper

TRANSPORT CONTROL DATA is the type for the transport objects con-
tained within the VST wrapper

V8T is Virtual Studio Technology by Steinberg is the informal standard for
audio plugin processing
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VST DATA is data sourced and supplied directly to the VST host.

VST DATATYPES has two favours of audio and control types. Control types
are further subdivided into parameter, event, transport and synchroni-
sation.

VST HOST is an audio application capable of loading and hosting VST plugins

VST HOST SPOOFER is an implementation of a VST plugin providing all the
procedure calls required by the VST host.

VST PARAMETER is hosted by V5T plugins and are controllable by VST host
and the OSC domain through the VST wrapper

VST SDK v2.4 is arelease of the VST plugin SDK that accomodates the VSTXML
definition

VST SYSTEM is a VST plugin attaching to a VST host.

VST TRANSCEIVER is a combination of a VST Transmitter and VST Re-
ceiver that will interface to the VST environment.

VST WRAPPER is functionally a VST plugin that can be loaded by a VST
host. It bridges data between OSC and VST domains

VSTXML DEFINITION released with the VST SDK v2.4 by Steinberg allows
for a hierarchical namespace of vst plugin parameters to be constructed.
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Appendix A

Class Descriptions of
OscVstBridge prototype

A.1 VstPlugin Class

DESCRIPTION

This is the main class of the prototype. The VST host call the methods
defined in this class upon instantiating the plugin as well as during real time
operations. The interfacing between the VST host and the VST plugin environ-
ment is done through this class. Blocks of code that send and receive parameter
data from the OSC domain are the getParameter() and setParameter() methods.
The equivalent methods for audio data are processReplacing() and the imple-
mented method from the Observer interface update(). The processReplacing()
method is called by the host frequently as it is responsible for the transfer of
audio data between VST host and plugin.

This class also registers Observer classes with Observable classes which pro-
vides the conduit for data flow within the plugin. ‘

PACKAGE

vst.spoof

INHERITS THESE CLASSES

This class inherits from the V8TPluginAdapter class from the JVSTwRap-
per library. This library facilitates development of VST plugins from the Java
environment through an implementation of the JNL

IMPLEMENTS THESE INTERFACES

The VstPlugin class also implements the Observer for observing changes in
other objects. The Observer class and Observable interface are core to the data
flow processes within the plugin

INSTANTIATES OBJECTS FROM THESE CLASSES

e Gui

e VstProgram
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IconFlashthread

XmlParser

AudioReceiverThread
Bridge

OscManager

VstManager
VstAudio

A.2 Gui Class

DESCRIPTION

This class is responsible for the user interface associated with the plugin
displaying information about the plugin internals to the user. The configuration
settings, real time data, the OSC Address space are displayed to the user. This
class constructs the OSC Address Space that is displayed to the user.

PACKAGE

vst.spoof

INHERITS THESE CLASSES

VSTPluginGUIAdapter

IMPLEMENTS THESE INTERFACES

ChangelListener

INSTANTIATES OBJECTS FROM THESE CLASSES

e VstPlugin
¢ DefaultMutableTreeNode

A.3 VstProgram Class

DESCRIPTION

A simple class used to create a VstProgram object used by the VstPlugin
class.

PACKAGE

vst.spoof

INHERITS THESE CLASSES

none

IMPLEMENTS THESE INTERFACES

none

INSTANTIATES OBJECTS FROM THESE CLASSES

none
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A.4 Config Class

DESCRIPTION

A static class used to store static variables that are used throughout the
prototype especially within constructors of different classes. It stores data rel-
evant to the core VstPlugin, Vst Audio, O8C server, O8C client, JitterBuffer,
and Gui.

PACKAGE

vst.spoof

INHERITS THESE CLASSES

none

IMPLEMENTS THESE INTERFACES

none

INSTANTIATES OBJECTS FROM THESE CLASSES

none

A.5 OscManager Class

DESCRIPTION

A class that is primarily used for instantiating OSC server and OSC client
objects. It is also used in the data flow process for parameter and audio data.

PACKAGE

osc

INHERITS THESE CLASSES

none

IMPLEMENTS THESE INTERFACES

Observer

INSTANTIATES OBJECTS FROM THESE CLASSES

e (sclerver

# OscClient

A.6 OscServer Class

DESCRIPTION

This is the receiving class for OSC messages. This is achieved through the
messageReceived() method in the OSClistener interface. All OSC messages re-
ceived at the Socket Address is addressed by different blocks of the messageRe-
ceived() method. This caters for all OSC data types.

PACKAGE

08¢

INHERITS THESE CLASSES

Observable

IMPLEMENTS THESE INTERFACES
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none
INSTANTIATES OBJECTS FROM THESE CLASSES

08CS8erver from the NetUtil library

OSClListener from the NetUtil library
Socket Address

ByteBuffer

A.7 OscClient Class

DESCRIPTION

This class sends data from the plugin to the OSC domain through the Data-
gramChannel. There are methods for opening and closing the DatagramChan-
nel. This class constructs OSC messages from the V8T data types it receives
before transmitting it onto the network. The three main data type are param-
eter, audio and VstTimelnfo.

PACKAGE

08¢

INHERITS THESE CLASSES

none

IMPLEMENTS THESE INTERFACES

none

INSTANTIATES OBJECTS FROM THESE CLASSES

e OSCBundle

s OSCPacket

e OSCMessage
OSCPacketCodec

DatagramChannel

Socket Address

ByteBuffer

A.8 VstManager Class

DESCRIPTION

Primarily used as a parent class for objects such as VstData, VstAudioRe-
ceiver and VstTransmitter. There are no methods within this class besides the
constructor.

PACKAGE
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vst.transceiver

INHERITS THESE CLASSES

QObservable

IMPLEMENTS THESE INTERFACES

none

INSTANTIATES OBJECTS FROM THESE CLASSES

e VstData
¢ VstAudioReceiver
o VstTransmitter

e VstParameter

A.9 VstData Class

DESCRIPTION

this class is used for creating VST objects of the parameter, audio and VST-
Timelnfo data types. It also creates a XmliParser object used in the translation
of VSTXML data for the population of data within the parameter data type.

This class extends and implements the Observable and Observer classes re-
spectively which are used in the data flow processes for the different data types.

PACKAGE

vst.transceiver

INHERITS THESE CLASSES

Observable

IMPLEMENTS THESE INTERFACES

Observer

INSTANTIATES OBIJECTS FROM THESE CLASSES

e XmlParser
s VstParameter
& V5T Timelnfo
e VstAudio

A.10 Bridge Class

DESCRIPTION

This class is a critical path in the data flow process. All data in any data
flow process uses this class. The class uses the Mapping object as argument into
determining whether objects are bridged or not.

Package

bridge
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INHERITS THESE CLASSES

Observable

IMPLEMENTS THESE INTERFACES

Observer

INSTANTIATES OBJECTS FROM THESE CLASSES

e Mapping

VstParameter

VstAudio

VSTTimelnfo

OscParameter

OscAudio

OscTimelnfo

A.11 Mapping Class

DESCRIPTION

This class serves as arguments in the bridging class to determine whether
data objects are bridged or not. There are get() and set() methods associated
to each variable within the class in order to dynamically change the bridging
within the bridge class.

PACKAGE

bridge

INHERITS THESE CLASSES

none

IMPLEMENTS THESE INTERFACES

none

INSTANTIATES OBJECTS FROM THESE CLASSES

none

A.12 XmlParser Class

DESCRIPTION

This class is responsible for importing a VSTXML file and converting its
data to local variables. The local variables are then used to populate the data
within the parameter objects as well as to construct the OSC Address Space for
use by the plugin.

PACKAGE

xmiParser

INHERITS THESE CLASSES

none
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IMPLEMENTS THESE INTERFACES
none
INSTANTIATES OBJECTS FROM THESE CLASSES

e Document from JDOM library

SAXBuilder from JDOM library
e File

XMLOutputter from JDOM library

Element from JDOM library

e List

JTreeOutputter from JDOM library

A.13 VstAudioReceiver Class

DESCRIPTION

This class as the name suggests is used in the receiving of network audio by
the plugin. It handles the ordering of audio packets and provides a buffer that
is used to handle the network jitter experienced.

PACKAGE

vst.transceiver

INHERITS THESE CLASSES

VSTV10ToHost

IMPLEMENTS THESE INTERFACES

none

INSTANTIATES OBIECTS FROM THESE CLASSES

e OscAudio
# LinkedList
e AudioJitterBuffer

A.14 AudioJitterBuffer Class

DESCRIPTION

This class implements a buffer that is used to manage jitter experienced on
the network. This is required as the audio traffic destination application requires
fixed rate audio data and cannot handle network jitter. The implementation of
a jitter buffer introduces latency into the plugin of the range of 5-20 ms.

PACKAGE

vst.transceiver

INHERITS THESE CLASSES
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VSTV10ToHost

IMPLEMENTS THESE INTERFACES

none

INSTANTIATES OBJECTS FROM THESE CLASSES
none

A.15 TIconFlashThread Class

DESCRIPTION

This class allows for the Gui object to use its own threads for the processing
required for intensive JLabels required to give the appearance of a flashing LED.
This threading affords more processing to the plugin core functions.

PACKAGE

threads

INHERITS THESE CLASSES

Thread

IMPLEMENTS THESE INTERFACES

none

INSTANTIATES OBJECTS FROM THESE CLASSES

e JLabel
e Gui

A.16 Parameter Class

DESCRIPTION

A Parameter data type class defining the variables required for objects of
the parameter type.

PACKAGE

datatypes

INHERITS THESE CLASSES

none

IMPLEMENTS THESE INTERFACES

none

INSTANTIATES OBJECTS FROM THESE CLASSES

none

A.17 Awudio Class

DESCRIPTION

An Audio data type class defining the variables required for objects of the
audio type.

PACKAGE
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datatypes

INHERITS THESE CLASSES

none

IMPLEMENTS THESE INTERFACES

none

INSTANTIATES OBJECTS FROM THESE CLASSES
none

A.18 Timelnfo Class

An Timelnfo data type class defining the variables required for objects of the
Timelnfo type.

PACKAGE

datatypes

INHERITS THESE CLASSES

none

IMPLEMENTS THESE INTERFACES

none

INSTANTIATES OBJECTS FROM THESE CLASSES

none

A.19 VstParameter Class

DESCRIPTION
The VST version of the Parameter class
PACKAGE
datatypes.vst
INHERITS THESE CLASSES
Parameter
IMPLEMENTS THESE INTERFACES
none
INSTANTIATES OBJECTS FROM THESE CLASSES
none

A.20 VstAudio Class

DESCRIPTION
The VST version of the Audio class
PACKAGE
datatypes.vst
INHERITS THESE CLASSES
Audio
IMPLEMENTS THESE INTERFACES
none
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INSTANTIATES OBJECTS FROM THESE CLASSES
none

A.21 VstTimelnfo Class

DESCRIPTION
The VST version of the Timelnfo class
PACKAGE
datatypes.vst
INHERITS THESE CLASSES
Timelnfo
IMPLEMENTS THESE INTERFACES
none
INSTANTIATES OBRJECTS FROM THESE CLASSES
none

A.22 OscParameter Class

DESCRIPTION
An OSC version of the Parameter class
PACKAGE
datatypes.osc
INHERITS THESE CLASSES
Parameter
IMPLEMENTS THESE INTERFACES
none
INSTANTIATES OBJECTS FROM THESE CLASSES
none

A.23 OscAudio Class

DESCRIPTION
An OSC version of the Audio class
PACKAGE
datatypes.osc
INHERITS THESE CLASSES
Audio
IMPLEMENTS THESE INTERFACES
none
INSTANTIATES OBJECTS FROM THESE CLASSES
none
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A.24 OscTimelnfo Class

DESCRIPTION
An OSC version of the Timelnfo class
PACKAGE
datatypes.osc
INHERITS THESE CLASSES
Timelnfo
IMPLEMENTS THESE INTERFACES
none
INSTANTIATES OBJECTS FROM THESE CLASSES
none
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Appendix B

VSTXML file definition

<?xml version="1.0" encoding="UTF-8"7>
<!DOCTYPE VSTPluginProperties SYSTEM "vstXml.dtd">
<¥STPluginProperties>
<¥5TParametersStructure>
<i--Value types:-->
<ValueType name="Switch">
<Entry name="0ff" value="{0,0.5]"/>
<Entry name="0n" value="[0.5,1.0]"/>
</ValueType>
<ValueType name="(scTypeSelect">
<Entry name="Sawtooth" value="[0,0.33]"/>
<Entry name="Sine Wave" value="[0.33,0.66]"/>
<Entry name="Square Wave" value="[0.66,1.0]"/>
</ValueType>
<ValueType name="FilterTypeSelect'>
<Entry name="LowPassFilter" value="{0,0.33]"/>
<Entry name="BandPassFilter" value="[0.33,0.66]"/>
<Entry name="HighPassFilter" value="[0.66,1.0]"/>
</ValueType>
<i--Templates: -->
<Template name="0Osc">
<Param name="Type" shortName="type" type="OscTypeSelect" id="offset+0"/>
<Param name="Frequency" shortName="freq" label="Hz" id="offset+1"/>
<Param name="PulseWidth" shortName="pw" id="offset+2"/>

</Template>

<!--Parameters: -->

<Param name="SynthActive" shortName="synAct" type="Switch" id="0"/>
<i--Groups: -->

<Group name="Global" values="offset=1">
<Param name="Volume" shortName="vol" label="dB" id="offset+(Q"/>
<Param name="Pan" shortName="pan" id="offset+1"/>
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</Group>

<Group name="Envelope" values="offset=3">
<Param name="Attack" shortName="A" label="mg" id="offset+0"/>
<Param name="Decay" shortName="D" label="ms" id="offset+i"/>
<Param name="Sustain" shortName="8§" label="ms" id="offset+2"/>
<Param name="Release" shortName="R" label="ms" id="offset+3"/>

</Group>

<Group name="Filter" values="offset=7">
<Param name="Type" shortName="type" type="FilterTypeSelect" id="offset+0"/>
<Param name="Cutoff" shortName="cutoff" label="Hz" id="offset+1"/>
<Param name="Resolution" shortName="res" id="offset+2"/>
<Param name="Envelope" shortName="env" id="offset+3"/>

</Group>

<!--Global: -->
<Group name="0Oscillatorl” shortName="oscl" template="(sc"” values="offset=11
<Group name="Oscillator2" shortName="osc2" template="(sc" values="offset=14

</VSTParametersStructure>
</VSTPluginProperties>
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