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Abstract

Over the last years an increasing number of music applitattmd games have been
released. The iPhone platform has good variety in this fidlovever, most often the

audio quality is not a prioritised feature, having bad intgatthe perceived product
quality.

This bachelor thesis describes the different sound progriaginterfaces available
on the iPhone platform and how to use them to generate a higlitfidealtime audio
stream. This is achieved using techniques for variatiorsbimds and multi channel
mixing while keeping a low latency and high sound quality.

This thesis shows that real time audio synthesizing is ptessin the iPhone plat-
form through the library framework provided by Apple.

After reading this work, one will have a broader knowledgewlthe available
sound API on the Apple iPhone and sound usage in general.
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CHAPTER 1. INTRODUCTION

Chapter 1

| ntroduction

As technology develop further and further devices beconta bmaller and more
powerful 18]. With small portable devices such as Appl&kane the only interface
is the touch screen, therefore we have in this project ilgatstd the use of alternative
input using the microphone. This has been done by develapiegl time instrument
simulator. To make the instrument sound more natural, sectaiques such as vari-
ating sounds has been investigated.

This thesis is one of two in the project, my (Benjamin Erikggeart describes how
to handle high quality audio in and output in the Apple iPhengironment with it's
limited resources and how it is implemented in the iPhongegtoTomas Hardin’s part
is about classifying sounds on a real time audio stream. Tdjegt has been developed
at a software developing company called CodeMill AB.

1.1 Background

In late december 2008 CodeMill AB wanted to participate inrajgrt with another
local company specialized in audio software. The partnerteéhto expand to the
iPhone market and therefore choose to work with CodeMill.

An idea of a real-time drum application which would get thetitfrom the device’
microphone was invented. The idea was inspired by two papessratch inpuil5] and
acustic emanations of computer keybodrds[25].

One of the criteria for the application was to have high figiediudio with a latency
lower than 25 nfk This was necessary as the partnership company’s reputioin
giving the end user the most high quality sound availible.

1Upper limit suggested by professional drummers
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1.2 Chapter overview

Chapter 1 Introducion:
This chapter, an introduction to this thesis.

Chapter 2 Problem Description:
An description of the underlying problem resulting in theadof writing this
writing.

Chapter 3 Sound Programming on iPhone;
An walkthrough of different APIs and sound technics avdéadnd suitable for
the target platform.

Chapter 4 Application:
This chapter is an description of how the system is implesttand which al-
gorithms that are used.

Chapter 5 Future Features:
Here is a discussion of what can be made to improve the apiplica

Chapter 6 Tests:
Describes how the system has been tested.

Chapter 7 Analysis:
An overview of how well the work stands up to the expectatifvom the prob-
lem description.




CHAPTER 2. PROBLEM DESCRIPTION

Chapter 2

Problem Description

The objective of this thesis is to study how sound qualityiiea time music instrument
application can be achieved in the Apple iPhone environnigm application should
also be easy to port to other similar platforms and thereédtatked to some specific
libraries or computer languages.

If the following is achieved, the product can be called a sssc

sound output without buffer underifin

sound samples at 44100 Hz with 16 bit precession

more than four voices playing at the same time

limiting algorithm that reduces distortion during othesevioverflow intervals

sample variation for different instruments
e latencfl under 23 ms

The goal is to create a user intractable high fidelity rea¢tinstrument application.
The application should be fun to use for both the generalipihit also for music
enthusiasts.

The purpose is to see how high quality real time applicat@arsbe implemented
in an embedded environment as the Apple iPhone and still &et such high level
that the project can be portable to similar platforms if detha

1 When a buffer is drained at a faster rate than it has been filled
2The time it takes for signal to be recorded, processed and wésented
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CHAPTER 3. SOUND PROGRAMMING ON IPHONE

Chapter 3

Sound Programming in the
AppleiPhone OS Environment

To be able to develop applications to Apple’s iPhone envirent one must use Apple’s
own development suite. This since the iPhone environmentiesed platform.

The development environment is free for everyone to dowhhad install. Ap-
plications can be installed and debugged on the iPhone Storuh the development
suite. But in order to debug on the target device, such astthenie and iPod touch,
one must apply for the iPhone Developer Progfaim|[10].

The iPhone Simulator is however not an emulator, and dogs simulate high
level APIs on the host native architecture and can therafotde used for low level
API's and performance tests.

The Apple App Store is where the end user buys iPhone apiplisat The App
Store can either be accessed via the iTunes Store in iTune@$a@or Mac, or directly
via an application on the device. The price for an applicaisoset by the developer.
Apple takes a 30% cut of the revenue for providing the diatidn channel.

3.1 iPhone Development Setup

The iPhone development setup includes Xbede development environment, which
includes an integrated text editor as well as a graphicalgigér[10]. | nterface
Bui | der is a design tool for creating graphical user interface fextoaToch frame-
work. | nst runment s is used for measuring processor and memory in real{fimhe[10]

Xcode is build on top of open source tools such@sld Conpil er Col | ection
andSubver si on[2] and can also be used via a terminal as a standard UNIX @rdm
line interface.

3.1.1 iPhone Developer Program Portal

The iPhone developer program pcﬂt'&l a web portal for managing team members,
certificates and provisioning profiles used for signing agapions. All applications
must be signed to be able to executed on a real dévice[11].

Lhttp://developer.apple.com/iphone/manage/overviahek.action
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3.1.2 Audacity

Audacity is a free software for recording and editing audics available on the Mac
OS X operation system and can export to iPhone friendly ftgsraach ag\l FF, WAV
andMP3[23,[4].

3.1.3 App StoreLimitations

When an application is ready for distribution it gets consgesl and uploaded to Ap-
ple’'s review service. When the application has been acdeptdoe distributed on
Apple’s App Store it will be re-compressed by Apple with &I P format with the
suffix . i pad. If this .ipa file is more than 10 MB it will not be distributetirough
3d EDCE on iPhone and must therefor be downloaded via iTunes. Thisldibe taken
into consideration to avoid limiting the application to aadhar market. It is possible
to decrease the application size with compression of theefdas. For instance images
can be decreased in size with tools sucbragsquantﬁ and other data files can be com-
pressed witflzl i b which is included in the standard SDK. More on audio compoass
can be find in section-3.5.2.1 on pdgé 15.

3.2 AppleiPhone OSLimitations

Since Apple chose to make the iPhone a closed platform a nuoflienitations has
beenintroduced. Even though some of these limitations eavooked around it should
be avoided, due to the iPhone SDK Agreement, if the applina intended to be
distributed through Apple’s App Stofe[13].

3.2.1 Sandbox

When a user starts an application the system creates a sd salhdbox around the
process. This sandbox both protects the user integrity mititing which files a third
party application can reach and protects the iPhone oparsyistem from crashing due
to malfunctioning code. All applications has its own vittaeemory address space and
can therefore not accidently bring another process doWn[16

3.21.1 Filesystem

Files bundled with the application cannot be modified dudltagplications need to
be signed. To be able to modify files, they need to be copiedhéoad the following
folders:

e <Application Hone>/Docunents

e <Application Home>/Library/Preferences
e <Application Home>/Library/Caches

e <Application Home>/tnp

Only the first two folders are automatically saved duringkogedS].

2 ipa = IPhoneApplication
3Rt tp: /7 Wi, 11 bpnad. of g/ pub/ pna/ apps/ pngauant . At m



http://www.libpng.org/pub/png/apps/pngquant.html
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3.2.1.2 HardwareAccess

All hardware access has to be done through Apple’s APIs,tth&ssoid the program
from going outside the sandbox. This command tunnelinguthinadifferent API layers
introduces an overhead which adds to the latency.

Another problem introduced with the usage of a sandbox isitlimimpossible to
use all features the hardware offers because of limitafiotise generalization of the
API that Apple is offering. For example, it is not possiblestt the size of an audio
buffer, it is only possible to request a preferred audio y[8la

The iPhone (2g) usesWl f son WMB758 chip for audio processing[P2] which is
equivalent to th&l f son WBI78[2]], this audio processor includes support fob32
signals at a sample rate of #8221 which is not configurable via the Apple provided
API. Only up to 4kHzis.

3.2.1.3 Dynamic Execution

Apple does not allow dynamic linking, plugin usage or intetpd codé[14]. This may
also restrict iPhone applications to not be able to use LGP&tatic linking may be
considered as the application is a derived work of the sliatied LGPL part.

3.2.2 Resources

Apple does not have a specified limit for how much memory adiegon can use,
what is said in the documentation is that a notification waldent whenever memory
runs low. If such a notification is received it is up to the égggion to clean up caches.
It is not only the active application that will receive thistification, background pro-
cesses will receive it too. User tests has shown that sonikalaleaapplications uses
up to 6MB however other have found that they get a “low memory” notifaoa at
40MBIH].

As for OpenGL EB, there is a hardware BB limit in how much the GARIl can
address at a frame. Performance hits will occur if this lxtiin is ignoredld].

3.3 Audio APIs

The music integration is an important part of the iPhone pecbdince it shares the
operation system and much of the architecture design anitappns with the iPod
Touch music player. This audio specialty does not show inddsgned API:s and
documentation for those. Developers are more or less Iditjtwe out the API:s for
themselves or ask other developers at the iPhone develcnﬂmnenﬂ

As for the audio data format; even though some of the intediggal analog con-
verter supports a wide range of audio formats natiely[2ily inear PCM at 16itsis
considered canonical on iPhohe[7].

4Used for 3D graphics on embedded systems
5Graphics Address Remapping Table
€ntt ps: /7 devi or uns. appl €. com communi ty/ 1 phone
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3.3.1 OpenAL

The iPhone SDK includes the OperlAlramework as default. OpenAL a cross-
platform 3D sound positional API[17] original designed &P games by.oki En-
tertai nment Software for desktop computels[4]. OpenAL on iPhone has a fairly
low latency, since it deploys internally &0 Renote Audi o Unit. OpenAL supports
multiple sounds simultaneous and level control on eachcgoudowever, this adds a
latency.

The iPhone implementations does not feature the effechsixr, thus does not
supportroger beep, distortion, reverb, obstruction, andoccl usi on. Audio
capture is also not available in the curreRtone CS implementation of OpenAL[15].

3.3.2 Audio Queue

TheAudi o Queue API is designed to provide the highest control of the audiutent,
including synchronizatiohl17].Audio Queue does handIging of multiple channels
and it can be requested to use the end nodes which makes iblpo®s minimize
latency using thédudi o Sessi on API.

Audio Queue is built like a graph where each node is eitheruaceddestination
or effect. Because of this setup all nodes are independenttjered. An overhead is
added for each node due to memory access times in tight lodps.makes one big
node which does many operation better to use than many sodgbkrwith on operation
each.

To minimize latency all mixing and effects should be doneha &udio render
callback. The motivation for this is to minimize loops andtmid reading and writing
to buffers between nodes. More about Software mixing careaé in sectiof 314.

3.4 AudioMixing

An important step in how to achieve minimum audio latencyhwitultiple samples
is to useRenot e | O Audi 0 Queue with an inline software mixer in the audio render
callback.

Due to the physical properties of audio waves, two or morendswan be mixed
into a new audio signal by only summing the signals.

Gain needs to be added to the implementation if the amplitoidthe in and out
signals need to be configurable. More about gain can be fousektior"3.Z11.

Some signal distortions calleaverfl ow artifacts can be introduced in this
mixing. How to handle these distortions will be discussedéntio"3.Z on the next

page.

341 Gain

The gain value is multiplied to an audio channel to adjusi&timglitude. Gain is mea-
sured in how much to reduce the signalBds 100% of the original volume and5dB
is 56.234%. The output signal can be calculated with followingagtpn:

out = in-10%0 (3.1)

7Open Audio Library
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If possible, positive gain should be avoided due to the distcproperty of the
amplitude in digital audio. When a digital signal is amptifigo will the error.

3.4.2 Signal Limiting

There is always a risk of getting overflow problems when twonore digital values
are summed, or when multiplying two values. This is also &@l@m with digital audio
signals since they are vectors quantified of samples. Cavgpaormalized sine wave
(Figure[31) to an overdriven sound wave (Figlrel 3.2 on tixépege). When a signal
is overdriven several overtones are added to the timbeis diertones are shown in
figure[33B on the following page, notice how the wanted freqyds reduced to less
than a fifth of the original amplitude and that the first ovagdas become three times
the amplitude of the reduced frequency.

amplitude

Figure 3.1: Sine wave within the limits

One way to detect overflow errors is to add the samples to adalata type and
when all samples in the different voices are summed, conthanesulted value to the
maximum value for the source data type. When problem aresakraown, different
filters can be applied to minimize distortions. An overviefttee result for the filters
described in this section can be found in figrd 3.4 on pabe 11.

3.4.2.1 Hard Clipping

Hard clipping is one of the easiest algorithm to implemerat oftware mixer, one way
to preform hard clipping is as shown in algoritbtm=314.1 ongiad. This algorithm will
truncate the signal so no overflow occurs as in fifiurke 3.5 oalfi@dgOnly a conditional
store operation is needed per sample.

A problem with the hard clipping algorithm is that high fremncy signals are in-
troduced in the output audio as shown in figiird 3.6 on pabe 12.
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Figure 3.2: Overdriven sine wave resulting in a two’s compat overflow
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Figure 3.3: Fourier Transformation of an overdriven sineyayacompared to a non

overdriven, more about FTs see appendix A on iaye 29

3.4.2.2 Signal Compression

Signal compression can be achieved by letting the outpoéélze a nonlinear function
of the input signal, see figukeB.7 on pégk 13. The pseudo cods type of overflow
prevention is shown in the algorithtn -3 1.2 on pégk 13. Theuwuwignal for this

function is shown in figurEZ318 on pafd 13.
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Figure 3.4: Overview of how different filters effects the kire of a sine wave

Algorithm 3.4.1: HARD CLIPPINGsamples,index)

extern smallDataTypeMax

local bigDataTypeVariable < O,out put

for each voice € voices
do bigDataTypeVariable — bigDataTypeVariable+ voice. frame[index|.sample

if bigDataTypeVariable > smallDataTypeMax or higDataTypeVariable < smallDataTypeMax
then out put < smallDataTypeMax
else out put — bigDataTypeVariable

return out put

3.4.2.3 Soft limiting

As shown earlier in this section there will always be somallon distortion when a
signal needs to be limited. Signal compression with an sigrfumction yields a near
approximation to the original signal, compared to othecuaésed methods. A problem
though is that the signal will always be compressed even \tligenot overdriven. This
creates additional distortions compared to hard clippifigminimize the distortion,
compression can be added to signals in problem areas ontythBuwvould however
add some latency depending on how it is implemented sincengtbod needs data
from all channels before any computation of problem areasbeafound. To reduce
the mentioned problems above the compression process cdonieeas described in

11 October 12, 2009
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hardclipped 12- sin(x)

maxvalue ----------
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Figure 3.5: An overdriven sine wave with a hard clipping filore applied to avoid
overflow distorsions.
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Figure 3.6: Fourier transformation of a hard clipped sine@yacompared to non-
clipped.

algorithmZZB on padell4.

3.5 Sound Variations

Sound variations between each time a sound effect is playpeierable to make the
sounds sound more natural, since it is often very hard toodapre the exact sounds
twice in real life. Sound variation can be in amplitude, piemd timbre.

12
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Figure 3.7: Sigmoid function in this Casefggfx —1.

Algorithm 3.4.2: SIGNAL COMPRESSIONsamples,index)

extern smallDataTypeMax
local bigDataTypeVariable < O,out put
for each voice € voices
do bigDataTypeVariable — bigDataTypeVariable+ voice. frame[index|.sample

return small DataTypeMax- ( 1—o—smgpaarypevarans — 1)

hardclipped 12- sin(x)

non-altered R#sin(X) s

amplitude

Figure 3.8: Output signal from a sine function through a sightilter

These variations can be achieved by using different sounctes or by applying
filters. This works for both sample based sounds and for \aines.
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Figure 3.9: FT of a sine wave through a sigmoid filter comp#oetinon-altered

Algorithm 3.4.3: SMART COMPRESSIONsounds, buffer Sze, lookAhead)

extern roof, lastCompression
local problemPeaks, i, mixed — MIx ToBIGTYPEsounds, buffer Sze)
problemPeaks < ABOVE(GETPEAKS(|mixed|),roof)
roofCrossings «<— CROSSING$|mixed|,roof)
for each i € [0: bufferSze— 1]

do if INSIDEPROBLEMA REA(roofCrossings, problemPeaks, i)

then CoMPRESSSOUND(GETCOMRESSIONRATE(roofCrossings, problemPeaks, i ), mixed)

return TOSMALL TYPE(mixed)

3.5.1 TheWavetable Approach

The wavetable is a technique that has been around since tllye80& designed by
Wolfgang Palm([24].

A wavetable synthesizer uses a lookup table to store senatiematical func-
tions. These functions are then mixed together to createdfeested instrument
sound. Another key feature for wavetables is to not only geathe amplitude over
time, but also change the timber dynamically [3].

Because of the nearly periodic nature of instrument tohestanes can be approx-
imated in a much smaller data set than a real BdiM 3].

This sound synthesization can also be used to generateediffémbre, intensity
and pitch depending on how the user strikes a key, if multjglend data sets are
stored[Z20]. But can also randomly variety to get a more m@iswund on binary user
input.

8pulse-code modulation

14
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3.5.2 SamplesBased Variations

Sample based sound variations should be considered if liglit§i sound is needed.
This approach uses two or more sounds to alternate betwédws approach do how-
ever require more memory than the wave table approach fagaime number of vari-
ations. To encounter the large memory footprint that is edddr natural variations
in the sound, different methods can be used, for instanealing sound data asyn-
chronous and by using data compression algorithms.

3.5.21 Audio Data Compression

There are two kinds of compression available for audioJéssscompression and lossy
compression. They both have advantages and disadvantagesding on implemen-
tation context.

lossless encoding: Lossless encoding has high sound quality, when no signalidat
lost in the compression and decompression stage. Howessleks files are
generally larger in size compared to lossy formats[19]. sless compression
tends to need more CPU time at higher compression rates.

lossy encoding: Lossy encoding such a4°3 uses psychoacoustic models to remove
low priority sound data. Lossy encoding is often variablednnd quality, audio
files can be compressed to smaller files with the loss of souatitg|19].

3.5.2.2 Asynchronousloading of sound variations

As the internal RAM is limited on embedded system such asRherie not all sounds
can be kept in there. To be able to have a larger sound dathasetmhat fits in the
RAM, sound data can be exchanged asynchronously duringrrenThis can be done
by alternating a few sound files for each variety sound anddd hew sounds from
disk in the background. Once a new sound is loaded an old canlbaded. This way
there is only need fon + 1 sounds in RAM per sound source, wheris the number
of sounds to randomly choose from.

To avoid RAM fragmentations, sounds should be around thesare in memory
and be statically allocated with a size determined as in therithm[351. If the
memory is allocated that way there will not be no need for dyical allocating and
deallocating memory in which causes fragmentation problewer time.

Algorithm 3.5.1: DETERMINBLOCKSIzE(sounds, minFilesl nMemory)

local largestSound < GETLARGEST(sounds)
return largestSound.size- (MIN(minFileslnMemory, sounds.length) + 1)
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Chapter 4

Application

The application created for this thesis is a drum simulapptiaation made for people
interested in music. The user is playing drum beats usingsiminput via the built
in microphone and the realtime generated sound is playdidevice’ speaker or in
connected earphones.

The application uses the APl Cocoa Touch for receiving data the touchscreen
and Audio Unit Remote 10 for audio in and output. The layeusture can be found
in figure[41.

/Graphical User Interfacé Acustic Input Recognitiony Sound Signal Generatioy
Interactions Procedure Output Procedure
Cocoa Touch Audio Unit Remote 10

S Apple iPhone Hardware )

Figure 4.1: The different API layers used

An overview flow graph of the system design can be found in &gLR on the next
page.

4.1 User Input

A library has been created to determine which instrumentilshbe played when a
certain sound is recorded by the iPhone. The library doeg suphport sounds that
have a short audio envelope and fast decay, this while ordiogaeaks are processed
due to timber changes over time in souhds|[6].

When a sound has been classified it is inserted as a note totdraal music
sheet. The music sheet is a node data set abstraction aedttyionly contains a fixed
number of notes, but this can be changed in a later versidreditirary implementation
to include other functions without changing the API.

A non acoustic interface is also implemented to make theieatjn usable in
a noisy environment. Due to restrictions in the providedoifth API the interface
introduces an extra latency.
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iPhone OS
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Figure 4.2: Flow graph of the system design

4.2 Audio mixing

All mixing is done directly in the audio rendering functioalled byAudi o Unit. This
to avoid latency build ups as discussef1d 3.3 on jphge 7.

4.3 Sound Variations

The sound library module is responsible for maintaining taof§esounds in the main
memory to be instant processed by the mixer to an outputlsigna

Since a drum set is not an melodic instrument no change i pitlt be done.
Because of this, the drum sound will only change slightlyeetn strikes, and only in
timbre. Since only the timber will change and no pitch aitgris needed, the chosen
sound variation path for this applicationSanmpl ed Based Vari ati ons. Read more
on sample based variations in secfion 3.5.2 on pabe 15.

The sample based variation technique needs a large dathsmirals but iPhone
platform has very limited RAM and no swapping. An algorithastbeen designed to
keep only a small part of the variation data set i main memBgach time a sound in
the data set is accessed, a new randomly chosen soundomsitits to load into main
memory. When this sound is loaded an old will be removed. T penalty for this
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is a relative bad random algorithm but only if the data setiseased faster than new
sounds are loaded. This procedure is shown in figule 4.3.

Timber changes on volume is not implemented at all. A muafpelam memory
data set would be needed to be able to use the same algorithiotio8s for this is
further discussed i secfion¥.1.

Thread 1

Thread 0 - Get Sound Variation

’ Get number of non-loaded variatio‘ﬂs

Is there
any non-loaded
variations?

other loaded
sounds?

Load a sound immediately and returr{ t ’ Enqueue sound to unload cueFe

Return one of the loaded variations rando+ly

Figure 4.3: Flow cart of how the sound variation library werk
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Chapter 5

Tests

In this chapter we will go through a couple of tests made tlet¢mnins if the criteria
specified in chaptdll 2 on palge 3 is meet or not.

5.1 Latency
A test has been made that involves a user to make a sound asdmaéaw long time
it takes to generate a new sound.

This is how the test has been preformed

1. a computer with Audacﬂ/start recording sounds in the environment

2. auser makes a sound that is heard by both the computeighare and by the
iPhone software

3. the sound is recored on the computer and processed byttheaRoftware

4. when the iPhone software is finished processing the sauwdl ioutput the
resulting sound on its speaker

5. this sound is also recorded by the computer
6. the recording session is ended

7. the time between the first sounds start point and the sesmuntts start point is
measured.

The measured time is around 12@1ﬂepending on if the request to configurate the
audio buffers are accepted by the system or not. It appedes! tmore frequently if
another program made audio API calls in a short period of tiefere this request is
made.

Laudio software
2most often 20.00580%
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5.2 Morethan four voices playing at the sametime

A buffer underrun will occur if the audio mixer cannot mix athices together at the
same time.

And since we have not been able to get any underrun for 10 &imedusly playing
voices it is safe to say that the system can handel more then fo

5.3 Bitrateand precision

A part from that the API provided by Apple can return how theliauevice is cur-
rently configured, one can also hear and measure if thed#rad pression is correctly
configured.

If a sound is being played at the wrong bitrate, then the seuithéither be played
faster or slower depending on if the bitrate is lower or highan the original bitrate.
This yields that one can easily distinguish if the corretrilté is being used simply by
either comparing frequency or how long time a sound take$aty p

If the precision is wrong an audio stream will sound distditedlependently of the
number of channels and if they are interlaced or not.

In the tests wi have done we have not found any disturbances in the output for
both mono and stereo signal. This and the fact that the dévig&ing the wanted
configuration parameters back when asked for the curreffigtoation, points at both
the bitrate and the precision is correctly configured.

5.4 Limiting algorithm

The clipping algorithm has been tested by increasing theagogain.
A clear difference can be heard between not using any limiigorithm and by
using the hard clipping algorithm.

5,5 Variations

Recordings of the numbers between 0 and 9 has been inputéfieasrd variations
of the same instruments. The algorithm works if it alteradietween the different
numbers. Otherwise it does not work.

During the test the algorithm seems to work to some degreeever the underly-
ing memory management.

3at Codemill
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Chapter 6
Analysis

As stated in chapté&l 2 on palJe 3, a few criteria was set tordeterif the project was
a success or not.

Latency under 23 ms: As with using Remote IO (discussed in secfiond.3.2 on phge 8)
the audio buffers have been successfully reduced to 12 mgevo the size can
not be guaranteed and must sometimes be requested sevesl ti

However since the program is handling when the system doeaauept the
buffer configurations, the conclusion is that it does meefttiiteria of a latency
under 23 ms.

Sound output without buffer underrun: Several sound sources of both stereo and mono
audio has been successfully mixed in realtime. No testsdwstrin buffer un-
derrun, including test involving loading of other paralleteads such as the Ul
thread and disk loading thread.

More than four voices playing at the sametime: A limitis set to a maximum of 8 par-
allel voices at the same time. The oldest voice is replacél the new one if
the limit is reached.

Sound samples at 44100 Hz with 16bit precession: Sounds are being played at 44100
Hz with 16 bit precession without problem.

Limiting algorithm that reduces distortion: Most of the methods mentionedIn-3K.2
on pagdP has been tested. Currently hardclipping is beied asd voices are
held at a low input volume to reduce distortions. A soft limitis recommended
for best result though.

Sample variation for different instruments. The variation algoritm described [0 %.3
on pagd_IB has been implemented at a early stage but stils rseede caring
before it is stable enough as a release candidate.

Four out of six items are completely fulfilled, and the othas partly fulfilled. Most
items still have room for improvements, but | feel that theutedoes satisfy the stated
criteria.
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Chapter 7

Conclusion

7.1 Variation improvement

Systems with more RAM could be expanded with more instruserith variations

for each tone. The algorithm used would however not be deitaib a range of keys
when it does not support random access without a heavy timaltye A solution that

might be considered is to use filters to make the sounds eatlis would also make
it possible to changing the timbre on volume.

7.2 Sound Mixing

The usage of floating point should be investigated if it cardbee in realtime. The
VFA] might be able to handle it. This would both increase audidityuand make it
easier to add filter effects.

lvector Floating Point coprocessor
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APPENDIX A. FOURIER TRANSFORMATION

Appendix A

Fourier Transformation

A Fourier Transformation is a transformation used to tramafa time domain function
into a frequency domain representation. This can, for imstabe used to split an audio
signal to it's base tone and overtones. More about FT's cardxat:

http://en.w Kipedia.org/wki/Fourier transform

and:

http://en.w Kl pedl a. ora/ W Ki/ Fast _Fourier transtorm
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