
PREFACE

$SOUND�IS�ONE�OF�THE�BEST�KNOWN�AND�LONGEST�ESTABLISHED�PROGRAMS�IN�THE�FIELD�OF�AUDIO�
PROGRAMMING��*T�WAS�DEVELOPED�IN�THE�MID�����S�AT�THE�.ASSACHUSETTS�*NSTITUTE�OF
5ECHNOLOGY�	.*5
�BY�#ARRY�7ERCOE�

$SOUND�S�HISTORY�LIES�DEEP�IN�THE�ROOTS�OF�COMPUTER�MUSIC��*T�IS�A�DIRECT�DESCENDANT�OF�THE
OLDEST�COMPUTER�PROGRAM�FOR�SOUND�SYNTHESIS
��.USIC/��BY�.AX�.ATHEWS��$SOUND�IS�FREE
AND�0PEN�4OURCE
�DISTRIBUTED�UNDER�THE�-(1-�LICENCE�AND�IS�TENDED�AND�EXPANDED�BY�A
CORE�OF�DEVELOPERS�WITH�SUPPORT�FROM�A�WIDER�COMMUNITY�

$SOUND�HAS�BEEN�GROWING�FOR�MORE�THAN����YEARS��5HERE�IS�RARELY�ANYTHING�RELATED�TO
AUDIO�YOU�CANNOT�DO�WITH�$SOUND��:OU�CAN�WORK�BY�RENDERING�OFFLINE
�OR�IN�REAL�TIME�BY
PROCESSING�LIVE�AUDIO�AND�SYNTHESIZING�SOUND�ON�THE�FLY��:OU�CAN�CONTROL�$SOUND�VIA
.*%*
�04$
�OR�VIA�THE�$SOUND�"1*�	"PPLICATION�1ROGRAMMING�*NTERFACE
��*N�$SOUND
�YOU
WILL�FIND�THE�WIDEST�COLLECTION�OF�TOOLS�FOR�SOUND�SYNTHESIS�AND�SOUND�MODIFICATION

INCLUDING�SPECIAL�FILTERS�AND�TOOLS�FOR�SPECTRAL�PROCESSING�

*S�$SOUND�DIFFICULT�TO�LEARN �(ENERALLY�SPEAKING
�GRAPHICAL�AUDIO�PROGRAMMING�LANGUAGES

LIKE�1URE�%ATA
� .AX�OR�3EAKTOR�ARE�EASIER�TO�LEARN�THAN�TEXT�CODED�AUDIO�PROGRAMMING
LANGUAGES�LIKE�$SOUND
�4UPER$OLLIDER�OR�$HUC,��:OU�CANNOT�MAKE�A�TYPO�WHICH
PRODUCES�AN�ERROR�WHICH�YOU�DO�NOT�UNDERSTAND��:OU�PROGRAM�WITHOUT�BEING�AWARE�THAT
YOU�ARE�PROGRAMMING��*T�FEELS�LIKE�PATCHING�TOGETHER�DIFFERENT�UNITS�IN�A�STUDIO��5HIS�IS�A
FANTASTIC�APPROACH��#UT�WHEN�YOU�DEAL�WITH�MORE�COMPLEX�PROJECTS
�A�TEXT�BASED
PROGRAMMING�LANGUAGE�IS�OFTEN�EASIER�TO�USE�AND�DEBUG
�AND�MANY�PEOPLE�PREFER�TO
PROGRAM�BY�TYPING�WORDS�AND�SENTENCES�RATHER�THAN�BY�WIRING�SYMBOLS�TOGETHER�USING�THE
MOUSE�
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5HANKS�TO�THE�WORK�OF�7ICTOR�-AZZARINI�AND�%AVIS�1YON
�IT�IS�ALSO�VERY�EASY�TO�USE
$SOUND�AS�A�KIND�OF�AUDIO�ENGINE�INSIDE�1D�OR�.AX��)AVE�A�LOOK�INTO�THE�CHAPTERCsound
in Other ApplicationsFOR�FURTHER�INFORMATION�

"MONGST�TEXT�BASED�AUDIO�PROGRAMMING�LANGUAGES
�$SOUND�IS�ARGUABLY�THE�SIMPLEST��:OU
DO�NOT�NEED�TO�KNOW�ANY�SPECIFIC�PROGRAMMING�TECHNIQUES�OR�BE�A�COMPUTER�SCIENTIST�
5HE�BASICS�OF�THE�$SOUND�LANGUAGE�ARE�A�STRAIGHTFORWARD�TRANSFER�OF�THE�SIGNAL�FLOW
PARADIGM�TO�TEXT�

'OR�EXAMPLE
�TO�CREATE�A�����)Z�SINE�OSCILLATOR�WITH�AN�AMPLITUDE�OF����
�THIS�IS�THE�SIGNAL
FLOW�

5HIS�IS�A�POSSIBLE�TRANSFORMATION�OF�THE�SIGNAL�GRAPH�INTO�$SOUND�CODE�

instr Sine
aSig      oscils    0.2, 400, 0

out       aSig
endin

5HE�OSCILLATOR�IS�REPRESENTED�BY�THE�OPCODEoscilsAND�GETS�ITS�INPUT�ARGUMENTS�ON�THE
RIGHT�HAND�SIDE��5HESE�ARE�AMPLITUDE�	���

�FREQUENCY�	���
�AND�PHASE�	�
��*T�PRODUCES�AN
AUDIO�SIGNAL�CALLEDaSigAT�THE�LEFT�SIDE
�WHICH�IS�IN�TURN�THE�INPUT�OF�THE�SECOND�OPCODE
out��5HE�FIRST�AND�LAST�LINES�ENCASE�THESE�CONNECTIONS�INSIDE�AN�INSTRUMENT�CALLEDSine�
5HAT�S�IT�

#UT�IT�IS�OFTEN�DIFFICULT�TO�FIND�UP�TO�DATE�RESOURCES�THAT�SHOW�AND�EXPLAIN�WHAT�IS�POSSIBLE
WITH�$SOUND��%OCUMENTATION�AND�TUTORIALS�PRODUCED�BY�DEVELOPERS�AND�EXPERIENCED�USERS
TEND�TO�BE�SCATTERED�ACROSS�MANY�DIFFERENT�LOCATIONS��5HIS�WAS�ONE�OF�THE�MAIN
MOTIVATIONS�IN�PRODUCING�THIS�MANUAL��TO�FACILITATE�A�FLOW�BETWEEN�THE�KNOWLEDGE�OF
CONTEMPORARY�$SOUND�USERS�AND�THOSE�WISHING�TO�LEARN�MORE�ABOUT�$SOUND�

5EN�YEARS�AFTER�THE�MILESTONE�OF�3ICHARD�#OULANGER�S$SOUND�#OOK
�THE�$SOUND�'-044
.ANUAL�IS�INTENDED�TO�OFFER�AN�EASY�TO�UNDERSTAND�INTRODUCTION�AND�TO�PROVIDE�A�CENTRE�OF

http://mitpress.mit.edu/catalog/item/default.asp?ttype=2&tid=3349


UP�TO�DATE�INFORMATION�ABOUT�THE�MANY�FEATURES�OF�$SOUND���NOT�AS�DETAILED�AND�IN�DEPTH
AS�THE�$SOUND�#OOK
�BUT�INCLUDING�NEW�INFORMATION�AND�SHARING�THIS�KNOWLEDGE�WITH�THE
WIDER�$SOUND�COMMUNITY�

5HROUGHOUT�THIS�MANUAL�WE�WILL�ATTEMPT�A�DIFFICULT�BALANCING�ACT��WE�WANT�TO�PROVIDE
USERS�WITH�MOST�OF�THE�IMPORTANT�ASPECTS�OF�$SOUND
�BUT�WE�ALSO�WANT�TO�STAY�CONCISE�AND
SIMPLE�ENOUGH�TO�KEEP�YOU�FROM�DROWNING�UNDER�THE�MULTITUDE�OF�WHAT�CAN�BE�SAID�ABOUT
$SOUND��'REQUENTLY�THIS�MANUAL�WILL�LINK�TO�OTHER�MORE�DETAILED�RESOURCES�LIKE�THE
$ANONICAL�$SOUND�3EFERENCE�.ANUAL
�THE�PRIMARY�DOCUMENTATION�PROVIDED�BY�THE
$SOUND�DEVELOPERS�AND�ASSOCIATED�COMMUNITY�OVER�THE�YEARS
�AND�THE$SOUND�+OURNAL
	EDITED�BY�4TEVEN�:I�AND�+AMES�)EARON

�A�QUARTERLY�ONLINE�PUBLICATION�WITH�MANY�GREAT
$SOUND�RELATED�ARTICLES�

&NJOY�AND�HAPPY�$SOUNDING�

�� MORE�COMMONLY�KNOWN�AS�1D���SEE�THE1URE�%ATA�'-044�.ANUALFOR�FURTHER

INFORMATION?

http://csounds.com/manual/html/index
http://www.csounds.com/journal/articleIndex.html
http://en.flossmanuals.net/puredata/
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HOW TO USE THIS MANUAL
5HE�GOAL�OF�THIS�MANUAL�IS�TO�PROVIDE�A�READABLE�INTRODUCTION�TO�$SOUND��*N�NO�WAY�IS�IT
MEANT�AS�A�REPLACEMENT�FOR�THE$ANONICAL�$SOUND�3EFERENCE�.ANUAL��*T�IS�INTENDED�AS�AN
INTRODUCTION�TUTORIAL�REFERENCE�HYBRID
�GATHERING�THE�MOST�IMPORTANT�INFORMATION�YOU�NEED
TO�WORK�WITH�$SOUND�IN�A�VARIETY�OF�SITUATIONS��*N�MANY�PLACES
�LINKS�ARE�PROVIDED�TO�OTHER
RESOURCES
�SUCH�ASTHE�OFFICIAL�MANUAL
�THE$SOUND�+OURNAL
�EXAMPLE�COLLECTIONS
�AND
MORE�

*T�IS�NOT�NECESSARY�TO�READ�EACH�CHAPTER�IN�SEQUENCE
�FEEL�FREE�TO�JUMP�TO�ANY�CHAPTER�THAT
INTERESTS�YOU
�ALTHOUGH�BEAR�IN�MIND�THAT�OCCASIONALLY�A�CHAPTER�WILL�MAKE�REFERENCE�TO�A
PREVIOUS�ONE�

*F�YOU�ARE�NEW�TO�$SOUND
�THE�26*$,�45"35�CHAPTER�WILL�BE�THE�BEST�PLACE�TO�GO�TO�GET
STARTED��#"4*$4�PROVIDES�A�GENERAL�INTRODUCTION�TO�KEY�CONCEPTS�ABOUT�DIGITAL�SOUND�VITAL
TO�UNDERSTANDING�HOW�$SOUND�DEALS�WITH�AUDIO��5HE�$406/%�-"/(6"(&�CHAPTER
PROVIDES�GREATER�DETAIL�ABOUT�HOW�$SOUND�WORKS�AND�HOW�TO�WORK�WITH�$SOUND�

406/%�4:/5)&4*4�INTRODUCES�VARIOUS�METHODS�OF�CREATING�SOUND�FROM�SCRATCH�AND
406/%�.0%*'*$"5*0/�DESCRIBES�VARIOUS�METHODS�OF�TRANSFORMING�SOUNDS�THAT
ALREADY�EXIST�WITHIN�$SOUND��4".1-&4�OUTLINES�WAYS�IN�WHICH�TO�RECORD�AND�PLAY�AUDIO
SAMPLES�IN�$SOUND
�AN�AREA�THAT�MIGHT�BE�OF�PARTICULAR�INTEREST�TO�THOSE�INTENT�ON�USING
$SOUND�AS�A�REAL�TIME�PERFORMANCE�INSTRUMENT��5HE�.*%*�AND�01&/�406/%
$0/530- CHAPTERS�FOCUS�ON�DIFFERENT�METHODS�OF�CONTROLLING�$SOUND�USING�EXTERNAL
SOFTWARE�OR�HARDWARE��5HE�FINAL�CHAPTERS�INTRODUCE�VARIOUS�FRONT�ENDS�THAT�CAN�BE�USED�TO
INTERFACE�WITH�THE�$SOUND�ENGINE�AND�$SOUND�S�COMMUNICATION�WITH�OTHER�APPLICATIONS�

*F�YOU�WOULD�LIKE�TO�KNOW�MORE�ABOUT�A�TOPIC
�AND�IN�PARTICULAR�ABOUT�THE�USE�OF�ANY
OPCODE
�REFER�FIRST�TO�THE$ANONICAL�$SOUND�3EFERENCE�.ANUAL�

"LL�FILES���EXAMPLES�AND�AUDIO�FILES���CAN�BE�DOWNLOADED�ATWWW�CSOUND�TUTORIAL�NET��*F
YOU�USE�$SOUND2T
�YOU�CAN�FIND�ALL�THE�EXAMPLES�IN�$SOUND2T�S�EXAMPLES�MENU�UNDER
�'LOSS�.ANUAL�&XAMPLES���8HEN�LEARNING�$SOUND�	OR�ANY�OTHER�PROGRAMMING�LANGUAGE


YOU�MAY�BENEFIT�FROM�TYPING�OUT�THE�EXAMPLES�YOURSELF
�AS�IT�WILL�HELP�YOU�MEMORISE
$SOUND�S�SYNTAX�AS�WELL�AS�HOW�TO�USE�THE�OPCODES��5HE�MORE�YOU�GET�USED�TO�TYPING�OUT
$SOUND�CODE
�THE�MORE�PROFICIENT�YOU�WILL�BE�AT�INTEGRATING�NEW�TECHNIQUES
�AS�YOUR
CONCENTRATION�WILL�SHIFT�FROM�THE�CODE�TO�THE�IDEA�BEHIND�THE�CODE
�AND�THE�EASIER�IT�WILL�BE
FOR�YOU�TO�DESIGN�YOUR�OWN�INSTRUMENTS�AND�COMPOSITIONS�

-IKE�OTHER�"UDIO�5OOLS
�$SOUND�CAN�PRODUCE�EXTREME�DYNAMIC�RANGE��#E�CAREFUL�WHEN
YOU�RUN�THE�EXAMPLES��4TART�WITH�A�LOW�VOLUME�SETTING�ON�YOUR�AMPLIFIER�AND�TAKE�SPECIAL
CARE�WHEN�USING�HEADPHONES�

http://www.csounds.com/manual/html/index.html
http://www.csounds.com/manual/html/index.html
http://www.csounds.com/journal/articleIndex.html
http://www.csounds.com/manual/html/index.html
http://www.csound-tutorial.net


:OU�CAN�HELP�TO�IMPROVE�THIS�MANUAL
�EITHER�BY�REPORTING�BUGS�OR�REQUESTS
�OR�BY�JOINING
AS�A�WRITER��+UST�CONTACT�ONE�OF�THE�MAINTAINERS�	SEE�THE�LIST�IN�0/�5)*4�3&-&"4&
�

5HANKS�TO�"LEX�)OFMANN
�THIS�MANUAL�CAN�BE�ORDERED�AS�A�PRINT�ON�DEMAND�AT
WWW�LULU�COM��+UST�USE�THE�SEARCH�UTILITY�THERE�AND�LOOK�FOR��$SOUND���+UST�THE�LINKS�WILL
NOT�WORK����
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ON THIS RELEASE
*T�IS�WITH�GREAT�PRIDE�THAT�WE�OFFER�THIS�THIRD�RELEASE�OF�THE�$SOUND�'LOSS�.ANUAL��0NCE
AGAIN�IT�HAS�BEEN�AN�EXCITING�YEAR�FOR�$SOUND�AND�$SOUND�DEVELOPMENT��4INCE�THE
PREVIOUS�RELEASE�OF�THE�$SOUND�'LOSS�.ANUAL
�$SOUND�HAS�TAKEN�GREAT�STRIDES�IN�ITS�MOVE
FROM�$SOUND���TO�$SOUND���AND�THANKS�TO�THE�WORK�OF�7ICTOR�-AZZARINI
�4TEVEN�:I
�+OHN
FFITCH�AND�"NDRaS�$ABRERA
�$SOUND�WILL�SOON�BE�ABLE�TO�OFFER�MANY�NEW�POSSIBILITIES
WHICH�$SOUND�USERS�LONGED�FOR�FOR�MANY�YEARS��5HESE�INCLUDE�

d 5HE�USE�OF�ARRAYS�IN�A�COMMON�NOTATION�SUCH�AS�I"RR<�>�OR�K"RR<K*NDX>�
d 5HE�USE�OF�MORE�THAN�ONE�STRING�IN�A�SCORE�LINE�
d -IVE�CODING�IN�THE�FORM�OF��ON�THE�FLY��COMPILATION
�LOADING
�UNLOADING�OF

INSTRUMENTS�
d 4IGNIFICANT�IMPROVEMENTS�IN�REAL�TIME�PERFORMANCE�AND�STABILITY�

5HE�$SOUND�'LOSS�.ANUAL�HAS�BECOME�A�COMPANION�TO�THIS�DEVELOPMENT��8E�ARE�TRYING
TO�KEEP�IT�UP�TO�DATE
�AND�WE�ARE�VERY�HAPPY�THAT�SO�MANY�PEOPLE�ARE�CONTRIBUTING�
1ARTICULAR�THANKS�GOES�TO�"LEXANDRE�"BRIOUX�WHOSE�DILIGENT�PROOF�READING�HAS�BROUGHT
ABOUT�CONSIDERABLE�IMPROVEMENTS�AND�CONSISTENCY�IN�THE�WHOLE�BOOK�

What's new in this Release

d /EW�CHAPTERS�
o ��&�"33":4�	5ARMO�+OHANNES
�+OACHIM�)EINTZ

o ��)�4$"//&%�4:/5)&4*4�	$HRISTOPHER�4AUNDERS

o ��#�$406/%�"/%�"3%6*/0�	*AIN�.C$URDY

o ��#�1:5)0/�*/4*%&�$406/%�	"NDRaS�$ABRERA
�+OACHIM�)EINTZ

o ��$�1:5)0/�*/�$406/%25�	5ARMO�+OHANNES
�+OACHIM�)EINTZ


d 3EVISED�CHAPTERS�
o ��"�.",&�$406/%�36/��6PDATED�SECTION�ABOUT�8INDOWS�INSTALL

	+IM�"IKIN
�AND�NEW�SECTIONS�ABOUT�$SOUND�ON�"NDROID�AND�I04
	+ACQUES�-APLAT


o ��"�*/*5*"-*;"5*0/�"/%�1&3'03."/$&�1"44�HAS�COMPLETELY
BEEN�REWRITTEN�	+OACHIM�)EINTZ


o ��"�"%%*5*7&�4:/5)&4*4�HAS�BEEN�EXPANDED�	*AIN�.C$URDY
�#JfRN
)OUDORF


o ��#�1"//*/(�"/%�41"5*"-*;"5*0/�NOW�CONTAINS�DESCRIPTIONS
ABOUT�MULTI�CHANNEL�AUDIO�IN�$SOUND�IN�GENERAL
�AND�7#"1�AND
"MBISONICS�IN�PARTICULAR�	*AIN�.C$URDY
�+OACHIM�)EINTZ


o ��"�$406/%25�NOW�CONTAINS�A�DESCRIPTION�OF�THE�OPTIONS�AND�CHOICES
IN�$SOUND2T�S�$ONFIGURE�1ANEL�	1EIMAN�,HOSRAVI
�+OACHIM�)EINTZ


o ��%�$"##"(&�HAS�BEEN�UPDATED�AND�COVERS�NOW�SOME�OF�THE�EXCITING
NEW�DEVELOPMENTS�	3ORY�8ALSH




o ��"�5)&�$406/%�"1*�HAS�BEEN�REVISED�AND�EXTENDED�	'RANCOIS�1INOT

o 5HE�01$0%&�(6*%&�HAS�BEEN�UPDATED�	*AIN�.C$URDY

o 5HE�.&5)0%4�0'�83*5*/(�$406/%�4$03&4�NOW�CONTAIN�A

DESCRIPTION�OF�1YSCO�	+ACOB�+OAQUIN

d (ENERAL�ADDITIONS�AND�CHANGES�

o 5HE�CODE�EXAMPLES�NOW�ALSO�CARRY�SOME�	HOPEFULLY
�MEANINGFUL�NAMES
IN�ADDITION�TO�THE�NUMBERS�

o .ANY�IMPROVEMENTS�TO�EXISTING�EXAMPLES�HAVE�BEEN�MADE�BY�*AIN
.C$URDY�

5HANKS�IN�ADVANCE�TO�"LEX�)OFMANN�WHO�WILL�AGAIN�MAKE�GETTING�THIS�RELEASE�OF�THE
$SOUND�'LOSS�.ANUAL�AS�A�PRINTED�BOOK�AT�LULU�COM�POSSIBLE�

#ERLIN�AND�)ANNOVER
��TH�"PRIL�����

*AIN�.C$URDY�AND�+OACHIM�)EINTZ

Foreword on the Second Release

8E�ARE�HAPPY�TO�ANNOUNCE�THE�SECOND�RELEASE�OF�THE�$SOUND�'LOSS�.ANUAL��*T�HAS�BEEN�AN
EXCITING�YEAR�FOR�$SOUND
�WITH�MANY�ACTIVITIES�AND�IMPORTANT�DEVELOPMENTS��5HANKS�TO
THE�LONG�AND�HARD�WORK�OF�4TEVEN�:I
�+OHN�FFITCH
�5ITO�-ATINI�AND�OTHERS
�A�NEW�PARSER�HAS
BEEN�WRITTEN��5HIS�OPENS�UP�MANY�NEW�POSSIBILITIES�FOR�FUTURE�LANGUAGE�ADAPTATIONS�AND
MORE�FLEXIBILITY�WITHIN�THE�$SOUND�SYNTAX��*N�AUTUMN�����
�THE�FIRST�INTERNATIONAL$SOUND
$ONFERENCETOOK�PLACE�AT�).5.�)ANNOVER
�WITH�MANY�INSPIRING�WORKSHOPS
�CONCERTS

PAPERS�AND�MOST�NOTABLY�DISCUSSIONS�BETWEEN�DEVELOPERS�AND�USERS��*N�EARLY�����
�+IM
"IKIN�SCsound Power!WAS�PUBLISHED�AND�IT�REPRESENTS�A�VERY�WELL�WRITTEN�INTRODUCTION
TO�$SOUND��*N�EARLY�SPRING
�7ICTOR�-AZZARINI�AND�4TEVEN�:I�PUBLISHED�THE�FIRST�RELEASE�OF
$SOUND�ON�"NDROID�DEVICES
�AND�ALL�DEVELOPERS�ARE�CURRENTLY�PUSHING�TOWARDS�$SOUND��

5HE�FIRST�EDITION�OF�THE�$SOUND�'LOSS�.ANUAL�HAS�BEEN�A�HUGE�SUCCESS��8E�ARE�PROUD�AND
GLAD�TO�SEE�IT�USED
�LINKED�AND�QUOTED�IN�MANY�PLACES��*T�HAS�COME�TO�BE�REGARDED�AS�A
COMPLEMENT�TO�THE�$SOUND�.ANUAL��8E�HOPE�WE�CAN�CONTINUE�TO�REFLECT�$SOUND�S

http://www.incontri.hmtm-hannover.de/de/elektronisches-studio/csound-conference/
http://www.incontri.hmtm-hannover.de/de/elektronisches-studio/csound-conference/
http://www.amazon.com/Csound-Power-Jim-Aikin/dp/1435460049


DEVELOPMENT�IN�THIS�MANUAL��5HE�CORE�WRITERS�OF�THE�$SOUND�'LOSS�MANUAL�WOULD�LIKE�TO
EXTEND�THEIR�THANKS�TO�3ICHARD�#OULANGER
�+OHN�$LEMENTS�AND�OTHERS�FOR�THEIR�SUPPORT
�AND
TO�ALL�THE�WRITERS�FOR�THEIR�VARIOUS�CONTRIBUTIONS��5HANKS�ALSO�ARE�DUE�TO�"DAM�)YDE�AND
THE�TEAM�AT�FLOSSMANUALS�NET�FOR�MAINTAINING�AND�DEVELOPING�THIS�IMPORTANT�PLATFORM�FOR
FREE�LIBRE�OPEN�SOURCE�SOFTWARE�

What's new in this Release

d /EW�CHAPTERS�
o ."$304�	$SOUND�-ANGUAGE

o $"##"(&�	$SOUND�'RONTENDS

o #6*-%*/(�$406/%�	"PPENDIX

o .&5)0%4�0'�83*5*/(�$406/%�4$03&4�	"PPENDIX


d $HAPTERS�NOW�COMPLETED�
o 8"7&4)"1*/(�	4OUND�4YNTHESIS

o 1):4*$"-�.0%&--*/(�	4OUND�4YNTHESIS

o $0/70-65*0/�	4OUND�.ODIFICATION

o $406/%�7*"�5&3.*/"-�	$SOUND�'RONTENDS

o $406/%�65*-*5*&4

d 4IGNIFICANT�AMENDMENTS�AND�ADDITIONS�TO�THE�FOLLOWING�CHAPTERS�
o ".���3.���8"7&4)"1*/(�	4OUND�.ODIFICATION

o (3"/6-"3�4:/5)&4*4�	4OUND�.ODIFICATION

o $406/%�*/�1%�	$SOUND�IN�0THER�"PPLICATIONS

o -*/,4�	"PPENDIX


d /EW�CHAPTERS�AS�DRAFTS�
o $406/%�*/�"#-&50/�-*7&�	$SOUND�IN�0THER�"PPLICATIONS

o $406/%�"4�"�745�1-6(*/�	$SOUND�IN�0THER�"PPLICATIONS

o 1:5)0/�*/�$406/%25
o -6"�*/�$406/%

d 4LIGHT�CHANGES�IN�THE�STRUCTURE�	THE�5&3.*/"-�IS�NOW�CONSIDERED�AS�A�FRONTEND

AND�5)&�$406/%�"1*�CHAPTER�IS�NOW�PART�OF�THE�SECTION�$SOUND�AND�OTHER
1ROGRAMMING�-ANGUAGES


Still on the To-Do-List:

d .ORE�AND�BETTER�ILLUSTRATIONS
d "DDING�EXAMPLES�FOR�7#"1
�"MBISONICS�ETC�IN�1"//*/(�"/%

41"5*"-*;"5*0/�	4OUND�.ODIFICATION

d "DDING�EXAMPLES�AND�EXPLANATIONS�IN�.&5)0%4�0'�83*5*/(�$406/%

4$03&4�	"PPENDIX

d 6PDATE�01$0%&�(6*%&�	AND�MORE�EYES�ON�IT�AT�ALL

d .UCH�MORE�SHOULD�BE�WRITTEN�IN�THE�(-044"3:
d &XCEPT�THE�NEW�DRAFTED�CHAPTERS�1:5)0/�*/4*%&�$406/%�AND

&95&/%*/(�$406/%�ARE�STILL�TO�WRITE�



-AST�SUMMER�"LEX�)OFMANN�PUT�A�LOT�OF�WORK�INTO�MAKING�THIS�MANUAL�AVAILABLE�AS�A
BOOK�ONWWW�LULU�COM��+UST�USE�THE�SEARCH�UTILITY�THERE�AND�LOOK�FOR��$SOUND�
�IF�YOU
WOULD�LIKE�TO�OBTAIN�A�PRINTED�VERSION��5HIS�SECOND�RELEASE�WILL�BE�AVAILABLE�SOON�

4URROUND�8UNDERBAR�4TUDIOS
�#ERLIN
���TH�.ARCH
�����

+OACHIM�)EINTZ���*AIN�.C$URDY

Foreword on the First Release

*N�SPRING������A�GROUP�OF�$SOUNDERS�DECIDED�TO�START�THIS�PROJECT��5HE�CHAPTER�OUTLINE�WAS
SUGGESTED�BY�+OACHIM�)EINTZ�WITH�SUGGESTIONS�AND�IMPROVEMENTS�PROVIDED�BY�3ICHARD
#OULANGER
�0EYVIND�#RANDTSEGG
�"NDRaS�$ABRERA
�"LEX�)OFMANN
�+ACOB�+OAQUIN
�*AIN
.C$URDY
�3ORY�8ALSH�AND�OTHERS��3ORY�ALSO�POINTED�US�TO�THE�'-044�.ANUALS�PLATFORM
AS�A�POSSIBLE�ENVIRONMENT�FOR�WRITING�AND�PUBLISHING��4TEFANO�#ONETTI
�'RAN`OIS�1INOT

%AVIS�1YON�AND�4TEVEN�:I�JOINED�LATER�AND�WROTE�CHAPTERS�

*N�A�VOLUNTEER�PROJECT�LIKE�THIS
�IT�IS�NOT�ALWAYS�EASY�TO�SUSTAIN�MOMENTUM�SO�IN�THE�SPRING
OF������SOME�MEMBERS�OF�THE�TEAM�MET�IN�#ERLIN�FOR�A��BOOK�SPRINT��TO�ACHIEVE�A�LEVEL�OF
COMPLETION
�AND�PUBLISH�A�FIRST�RELEASE�

8ITH�HEADS�SPINNING�AND�SQUARE�EYES�WE�ARE�HAPPY�AND�PROUD�TO�OFFER�THIS�MANUAL�TO�YOU�
"T�THE�SAME�TIME�WE�REALIZE�THAT�THIS�IS�A�FIRST�RELEASE�WITH�MUCH�POTENTIAL�FOR�FURTHER
IMPROVEMENT��4EVERAL�CHAPTERS�HAVE�YET�TO�BE�WRITTEN
�OTHERS�ARE�NOT�YET�COMPLETE�AND�THE
DIFFERENCES�BETWEEN�THE�VARIOUS�AUTHORS�IN�TERMS�OF�THE�LEVEL�AT�WHICH�THEY�AIM�AND�THEIR
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DIGITAL AUDIO
"T�A�PURELY�PHYSICAL�LEVEL
�SOUND�IS�SIMPLY�A�MECHANICAL�DISTURBANCE�OF�A�MEDIUM��5HE
MEDIUM�IN�QUESTION�MAY�BE�AIR
�SOLID
�LIQUID
�GAS�OR�A�MIXTURE�OF�SEVERAL�OF�THESE��5HIS
DISTURBANCE�TO�THE�MEDIUM�CAUSES�MOLECULES�TO�MOVE�TO�AND�FRO�IN�A�SPRING�LIKE�MANNER�
"S�ONE�MOLECULE�HITS�THE�NEXT
�THE�DISTURBANCE�MOVES�THROUGH�THE�MEDIUM�CAUSING�SOUND
TO�TRAVEL��5HESE�SO�CALLED�COMPRESSIONS�AND�RAREFACTIONS�IN�THE�MEDIUM�CAN�BE�DESCRIBED
AS�SOUND�WAVES��5HE�SIMPLEST�TYPE�OF�WAVEFORM
�DESCRIBING�WHAT�IS�REFERRED�TO�AS��SIMPLE
HARMONIC�MOTION�
�IS�A�SINE�WAVE�

&ACH�TIME�THE�WAVEFORM�SIGNAL�GOES�ABOVE���THE�MOLECULES�ARE�IN�A�STATE�OF�COMPRESSION
MEANING�THEY�ARE�PUSHING�TOWARDS�EACH�OTHER��&VERY�TIME�THE�WAVEFORM�SIGNAL�DROPS
BELOW���THE�MOLECULES�ARE�IN�A�STATE�OF�RAREFACTION�MEANING�THEY�ARE�PULLING�AWAY�FROM
EACH�OTHER��8HEN�A�WAVEFORM�SHOWS�A�CLEAR�REPEATING�PATTERN
�AS�IN�THE�CASE�ABOVE
�IT�IS
SAID�TO�BE�PERIODIC��1ERIODIC�SOUNDS�GIVE�RISE�TO�THE�SENSATION�OF�PITCH�

ELEMENTS OF A SOUND WAVE

1ERIODIC�WAVES�HAVE�FOUR�COMMON�PARAMETERS
�AND�EACH�OF�THE�FOUR�PARAMETERS�AFFECTS
THE�WAY�WE�PERCEIVE�SOUND�

d Period� 5HISISTHELENGTHOFTIMEITTAKESFORAWAVEFORMTOCOMPLETEONECYCLE�
5HIS�AMOUNT�OF�TIME�IS�REFERRED�TO�ASt

d Wavelength()� THEDISTANCEITTAKESFORAWAVETOCOMPLETEONEFULLPERIOD�5HISIS
USUALLY�MEASURED�IN�METERS�



d Frequency� THENUMBEROFCYCLESORPERIODSPERSECOND�'REQUENCYISMEASURED
IN )ERTZ�*FA SOUNDHASA FREQUENCYOF���)Z ITCOMPLETES��� CYCLESEVERY
SECOND�(IVEN A FREQUENCY
ONECANEASILYCALCULATETHEPERIODOFANYSOUND�
.ATHEMATICALLY
THEPERIODISTHERECIPROCALOFTHEFREQUENCY	ANDVICEVERSA
�*N
EQUATION�FORM
�THIS�IS�EXPRESSED�AS�FOLLOWS�

Frequency = 1/Period         Period = 1/Frequency

5HEREFORETHEFREQUENCYISTHEINVERSEOFTHEPERIOD
SOAWAVEOF��� )Z FREQUENCYHAS
APERIODOF�� ��� OR���� SECS
LIKEWISEAFREQUENCYOF���)Z HASAPERIODOF�� ���
 OR
����� SECS�5OCALCULATETHEWAVELENGTHOFASOUNDINANYGIVENMEDIUMWECANUSETHE
FOLLOWING�EQUATION�

�
�����������
������ ��������� 

)UMANSCANHEARFREQUENCIESFROM��)Z TO�����)Z 	ALTHOUGHTHISCANDIFFERDRAMATICALLY
FROM�INDIVIDUAL�TO�INDIVIDUAL
��:OU�CAN�READ�MORE�ABOUT�FREQUENCY�IN�THENEXT�CHAPTER�

d Phase:5HIS�IS�THE�STARTING�POINT�OF�A�WAVEFORM��5HE�STARTING�POINT�ALONG�THE�:�
AXIS�OF�OUR�PLOTTED�WAVEFORM�IS�NOT�ALWAYS����5HIS�CAN�BE�EXPRESSED�IN�DEGREES�OR
IN�RADIANS��"�COMPLETE�CYCLE�OF�A�WAVEFORM�WILL�COVER�����DEGREES�OR�	��X�PI

RADIANS�

d Amplitude: "MPLITUDEISREPRESENTEDBYTHEY�AXISOFAPLOTTEDPRESSUREWAVE�
5HESTRENGTHATWHICHTHEMOLECULESPULLORPUSHAWAYFROMEACHOTHERWILL
DETERMINEHOWFARABOVEANDBELOW� THEWAVEFLUCTUATES�5HEGREATERTHEY�
VALUETHEGREATERTHEAMPLITUDEOFOURWAVE�5HEGREATERTHECOMPRESSIONSAND
RAREFACTIONS�THE�GREATER�THE�AMPLITUDE�

TRANSDUCTION

5HE�ANALOGUE�SOUND�WAVES�WE�HEAR�IN�THE�WORLD�AROUND�US�NEED�TO�BE�CONVERTED�INTO�AN
ELECTRICAL�SIGNAL�IN�ORDER�TO�BE�AMPLIFIED�OR�SENT�TO�A�SOUNDCARD�FOR�RECORDING��5HE�PROCESS
OF�CONVERTING�ACOUSTICAL�ENERGY�IN�THE�FORM�OF�PRESSURE�WAVES�INTO�AN�ELECTRICAL�SIGNAL�IS
CARRIED�OUT�BY�A�DEVICE�KNOWN�AS�A�A�TRANSDUCER�

"�TRANSDUCER
�WHICH�IS�USUALLY�FOUND�IN�MICROPHONES
�PRODUCES�A�CHANGING�ELECTRICAL
VOLTAGE�THAT�MIRRORS�THE�CHANGING�COMPRESSION�AND�RAREFACTION�OF�THE�AIR�MOLECULES�CAUSED
BY�THE�SOUND�WAVE��5HE�CONTINUOUS�VARIATION�OF�PRESSURE�IS�THEREFORE��TRANSDUCED��INTO
CONTINUOUS�VARIATION�OF�VOLTAGE��5HE�GREATER�THE�VARIATION�OF�PRESSURE�THE�GREATER�THE
VARIATION�OF�VOLTAGE�THAT�IS�SENT�TO�THE�COMPUTER�

*DEALLY
�THE�TRANSDUCTION�PROCESS�SHOULD�BE�AS�TRANSPARENT�AND�CLEAN�AS�POSSIBLE��I�E�

WHATEVER�GOES�IN�COMES�OUT�AS�A�PERFECT�VOLTAGE�REPRESENTATION��*N�THE�REAL�WORLD�HOWEVER
THIS�IS�NEVER�THE�CASE��/OISE�AND�DISTORTION�ARE�ALWAYS�INCORPORATED�INTO�THE�SIGNAL��&VERY
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TIME�SOUND�PASSES�THROUGH�A�TRANSDUCER�OR�IS�TRANSMITTED�ELECTRICALLY�A�CHANGE�IN�SIGNAL
QUALITY�WILL�RESULT��8HEN�WE�TALK�OF��NOISE��WE�ARE�TALKING�SPECIFICALLY�ABOUT�ANY�UNWANTED
SIGNAL�CAPTURED�DURING�THE�TRANSDUCTION�PROCESS��5HIS�NORMALLY�MANIFESTS�ITSELF�AS�AN
UNWANTED��HISS��

SAMPLING

5HE�ANALOGUE�VOLTAGE�THAT�CORRESPONDS�TO�AN�ACOUSTIC�SIGNAL�CHANGES�CONTINUOUSLY�SO�THAT
AT�EACH�INSTANT�IN�TIME�IT�WILL�HAVE�A�DIFFERENT�VALUE��*T�IS�NOT�POSSIBLE�FOR�A�COMPUTER�TO
RECEIVE�THE�VALUE�OF�THE�VOLTAGE�FOR�EVERY�INSTANT�BECAUSE�OF�THE�PHYSICAL�LIMITATIONS�OF
BOTH�THE�COMPUTER�AND�THE�DATA�CONVERTERS�	REMEMBER�ALSO�THAT�THERE�ARE�AN�INFINITE
NUMBER�OF�INSTANCES�BETWEEN�EVERY�TWO�INSTANCES�
�

8HAT�THE�SOUNDCARD�CAN�DO�HOWEVER�IS�TO�MEASURE�THE�POWER�OF�THE�ANALOGUE�VOLTAGE�AT
INTERVALS�OF�EQUAL�DURATION��5HIS�IS�HOW�ALL�DIGITAL�RECORDING�WORKS�AND�IS�KNOWN�AS
�SAMPLING���5HE�RESULT�OF�THIS�SAMPLING�PROCESS�IS�A�DISCRETE�OR�DIGITAL�SIGNAL�WHICH�IS�NO
MORE�THAN�A�SEQUENCE�OF�NUMBERS�CORRESPONDING�TO�THE�VOLTAGE�AT�EACH�SUCCESSIVE�SAMPLE
TIME�

#ELOW�LEFT�IS�A�DIAGRAM�SHOWING�A�SINUSOIDAL�WAVEFORM��5HE�VERTICAL�LINES�THAT�RUN
THROUGH�THE�DIAGRAM�REPRESENTS�THE�POINTS�IN�TIME�WHEN�A�SNAPSHOT�IS�TAKEN�OF�THE�SIGNAL�
"FTER�THE�SAMPLING�HAS�TAKEN�PLACE�WE�ARE�LEFT�WITH�WHAT�IS�KNOWN�AS�A�DISCRETE�SIGNAL
CONSISTING�OF�A�COLLECTION�OF�AUDIO�SAMPLES
�AS�ILLUSTRATED�IN�THE�DIAGRAM�ON�THE�RIGHT�HAND
SIDE�BELOW��*F�ONE�IS�RECORDING�USING�A�TYPICAL�AUDIO�EDITOR�THE�INCOMING�SAMPLES�WILL�BE
STORED�IN�THE�COMPUTER�3".�	3ANDOM�"CCESS�.EMORY
��*N�$SOUND�ONE�CAN�PROCESS�THE
INCOMING�AUDIO�SAMPLES�IN�REAL�TIME�AND�OUTPUT�A�NEW�STREAM�OF�SAMPLES
�OR�WRITE�THEM
TO�DISK�IN�THE�FORM�OF�A�SOUND�FILE�

*T�IS�IMPORTANT�TO�REMEMBER�THAT�EACH�SAMPLE�REPRESENTS�THE�AMOUNT�OF�VOLTAGE
�POSITIVE�OR
NEGATIVE
�THAT�WAS�PRESENT�IN�THE�SIGNAL�AT�THE�POINT�IN�TIME�THE�SAMPLE�OR�SNAPSHOT�WAS
TAKEN�

5HE�SAME�PRINCIPLE�APPLIES�TO�RECORDING�OF�LIVE�VIDEO��"�VIDEO�CAMERA�TAKES�A�SEQUENCE�OF
PICTURES�OF�SOMETHING�IN�MOTION�FOR�EXAMPLE��.OST�VIDEO�CAMERAS�WILL�TAKE�BETWEEN���
AND����STILL�PICTURES�A�SECOND��&ACH�PICTURE�IS�CALLED�A�FRAME��8HEN�THESE�FRAMES�ARE



PLAYED�WE�NO�LONGER�PERCEIVE�THEM�AS�INDIVIDUAL�PICTURES��8E�PERCEIVE�THEM�INSTEAD�AS�A
CONTINUOUS�MOVING�IMAGE�

ANALOGUE VERSUS DIGITAL

*N�GENERAL
�ANALOGUE�SYSTEMS�CAN�BE�QUITE�UNRELIABLE�WHEN�IT�COMES�TO�NOISE�AND
DISTORTION��&ACH�TIME�SOMETHING�IS�COPIED�OR�TRANSMITTED
�SOME�NOISE�AND�DISTORTION�IS
INTRODUCED�INTO�THE�PROCESS��*F�THIS�IS�DONE�MANY�TIMES
�THE�CUMULATIVE�EFFECT�CAN
DETERIORATE�A�SIGNAL�QUITE�CONSIDERABLY��*T�IS�BECAUSE�OF�THIS
�THE�MUSIC�INDUSTRY�HAS�TURNED
TO�DIGITAL�TECHNOLOGY
�WHICH�SO�FAR�OFFERS�THE�BEST�SOLUTION�TO�THIS�PROBLEM��"S�WE�SAW
ABOVE
�IN�DIGITAL�SYSTEMS�SOUND�IS�STORED�AS�NUMBERS
�SO�A�SIGNAL�CAN�BE�EFFECTIVELY
�CLONED���.ATHEMATICAL�ROUTINES�CAN�BE�APPLIED�TO�PREVENT�ERRORS�IN�TRANSMISSION
�WHICH
COULD�OTHERWISE�INTRODUCE�NOISE�INTO�THE�SIGNAL�

SAMPLE RATE AND THE SAMPLING THEOREM

5HE�SAMPLE�RATE�DESCRIBES�THE�NUMBER�OF�SAMPLES�	PICTURES�SNAPSHOTS
�TAKEN�EACH�SECOND�
5O�SAMPLE�AN�AUDIO�SIGNAL�CORRECTLY�IT�IS�IMPORTANT�TO�PAY�ATTENTION�TO�THE�SAMPLING
THEOREM�

�	�����������������
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"CCORDING�TO�THIS�THEOREM
�A�SOUNDCARD�OR�ANY�OTHER�DIGITAL�RECORDING�DEVICE�WILL�NOT�BE
ABLE�TO�REPRESENT�ANY�FREQUENCY�ABOVE�����THE�SAMPLING�RATE��)ALF�THE�SAMPLING�RATE�IS
ALSO�REFERRED�TO�AS�THE�/YQUIST�FREQUENCY
�AFTER�THE�4WEDISH�PHYSICIST�)ARRY�/YQUIST�WHO
FORMALIZED�THE�THEORY�IN�THE�����S��8HAT�IT�ALL�MEANS�IS�THAT�ANY�SIGNAL�WITH�FREQUENCIES
ABOVE�THE�/YQUIST�FREQUENCY�WILL�BE�MISREPRESENTED��'URTHERMORE�IT�WILL�RESULT�IN�A
FREQUENCY�LOWER�THAN�THE�ONE�BEING�SAMPLED��8HEN�THIS�HAPPENS�IT�RESULTS�IN�WHAT�IS
KNOWN�AS�ALIASING�OR�FOLDOVER�

ALIASING

)ERE�IS�A�GRAPHICAL�REPRESENTATION�OF�ALIASING�

5HE�SINUSOIDAL�WAVE�FORM�IN�BLUE�IS�BEING�SAMPLED�AT�EACH�ARROW��5HE�LINE�THAT�JOINS�THE
RED�CIRCLES�TOGETHER�IS�THE�CAPTURED�WAVEFORM��"S�YOU�CAN�SEE�THE�CAPTURED�WAVE�FORM�AND
THE�ORIGINAL�WAVEFORM�HAVE�DIFFERENT�FREQUENCIES��)ERE�IS�ANOTHER�EXAMPLE�



8E�CAN�SEE�THAT�IF�THE�SAMPLE�RATE�IS���
����THERE�IS�NO�PROBLEM�SAMPLING�A�SIGNAL�THAT�IS
��,)Z��0N�THE�OTHER�HAND
�IN�THE�SECOND�EXAMPLE�IT�CAN�BE�SEEN�THAT�A���K)Z�WAVEFORM
IS�NOT�GOING�TO�BE�CORRECTLY�SAMPLED��*N�FACT�WE�END�UP�WITH�A�WAVEFORM�THAT�IS���K)Z

RATHER�THAN���K)Z�

5HE�FOLLOWING�$SOUND�INSTRUMENT�PLAYS�A������)Z�TONE�FIRST�DIRECTLY
�AND�THEN�BECAUSE
THE�FREQUENCY�IS������)Z�LOWER�THAN�THE�SAMPLE�RATE�OF�������)Z�

EXAMPLE 01A01_Aliasing.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1
asig    oscils  .2, p4, 0

outs    asig, asig
endin

</CsInstruments>
<CsScore>



i 1 0 2 1000 ;1000 Hz tone
i 1 3 2 43100 ;43100 Hz tone sounds like 1000 Hz because of aliasing
</CsScore>
</CsoundSynthesizer>

5HE�SAME�PHENOMENON�TAKES�PLACES�IN�FILM�AND�VIDEO�TOO��:OU�MAY�RECALL�HAVING�SEEN
WAGON�WHEELS�APPARENTLY�MOVE�BACKWARDS�IN�OLD�8ESTERNS��-ET�US�SAY�FOR�EXAMPLE�THAT�A
CAMERA�IS�TAKING����FRAMES�PER�SECOND�OF�A�WHEEL�MOVING��*F�THE�WHEEL�IS�COMPLETING�ONE
ROTATION�IN�EXACTLY�����TH�OF�A�SECOND
�THEN�EVERY�PICTURE�LOOKS�THE�SAME����AS�A�RESULT�THE
WHEEL�APPEARS�TO�STAND�STILL��*F�THE�WHEEL�SPEEDS�UP
�I�E�
�INCREASES�FREQUENCY
�IT�WILL
APPEAR�AS�IF�THE�WHEEL�IS�SLOWLY�TURNING�BACKWARDS��5HIS�IS�BECAUSE�THE�WHEEL�WILL
COMPLETE�MORE�THAN�A�FULL�ROTATION�BETWEEN�EACH�SNAPSHOT��5HIS�IS�THE�MOST�UGLY�SIDE�
EFFECT�OF�ALIASING���WRONG�INFORMATION�

"S�AN�ASIDE
�IT�IS�WORTH�OBSERVING�THAT�A�LOT�OF�MODERN��GLITCH��MUSIC�INTENTIONALLY�MAKES�A
FEATURE�OF�THE�SPECTRAL�DISTORTION�THAT�ALIASING�INDUCES�IN�DIGITAL�AUDIO�

"UDIO�$%�2UALITY�USES�A�SAMPLE�RATE�OF������,Z�	�����K)Z
��5HIS�MEANS�THAT�$%
QUALITY�CAN�ONLY�REPRESENT�FREQUENCIES�UP�TO������)Z��)UMANS�TYPICALLY�HAVE�AN�ABSOLUTE
UPPER�LIMIT�OF�HEARING�OF�ABOUT���,HZ�THUS�MAKING�����,)Z�A�REASONABLE�STANDARD
SAMPLING�RATE�

BITS, BYTES AND WORDS. UNDERSTANDING
BINARY.

"LL�DIGITAL�COMPUTERS�REPRESENT�DATA�AS�A�COLLECTION�OF�BITS�	SHORT�FOR�BINARY�DIGIT
��"�BIT�IS
THE�SMALLEST�POSSIBLE�UNIT�OF�INFORMATION��0NE�BIT�CAN�ONLY�BE�ONE�OF�TWO�STATES���OFF�OR
ON
���OR����5HE�MEANING�OF�THE�BIT
�WHICH�CAN�REPRESENT�ALMOST�ANYTHING
�IS�UNIMPORTANT�AT
THIS�POINT��5HE�THING�TO�REMEMBER�IS�THAT�ALL�COMPUTER�DATA���A�TEXT�FILE�ON�DISK
�A�PROGRAM
IN�MEMORY
�A�PACKET�ON�A�NETWORK���IS�ULTIMATELY�A�COLLECTION�OF�BITS�

#ITS�IN�GROUPS�OF�EIGHT�ARE�CALLED�BYTES
�AND�ONE�BYTE�USUALLY�REPRESENTS�A�SINGLE�CHARACTER
OF�DATA�IN�THE�COMPUTER��*T�S�A�LITTLE�USED�TERM
�BUT�YOU�MIGHT�BE�INTERESTED�IN�KNOWING�THAT
A�NIBBLE�IS�HALF�A�BYTE�	USUALLY���BITS
�

THE BINARY SYSTEM

"LL�DIGITAL�COMPUTERS�WORK�IN�A�ENVIRONMENT�THAT�HAS�ONLY�TWO�VARIABLES
���AND����"LL
NUMBERS�IN�OUR�DECIMAL�SYSTEM�THEREFORE�MUST�BE�TRANSLATED�INTO���S�AND���S�IN�THE�BINARY
SYSTEM��*F�YOU�THINK�OF
BINARY�NUMBERS�IN�TERMS�OF�SWITCHES��8ITH�ONE�SWITCH�YOU�CAN�REPRESENT�UP�TO�TWO
DIFFERENT�NUMBERS�



��	0''
���%ECIMAL��
��	0/
���%ECIMAL��

5HUS
�A�SINGLE�BIT�REPRESENTS���NUMBERS
�TWO�BITS�CAN�REPRESENT���NUMBERS
�THREE�BITS
REPRESENT���NUMBERS
�FOUR�BITS�REPRESENT����NUMBERS
�AND�SO�ON�UP�TO�A�BYTE
�OR�EIGHT�BITS

WHICH�REPRESENTS�����NUMBERS��5HEREFORE�EACH�ADDED�BIT�DOUBLES�THE�AMOUNT�OF�POSSIBLE
NUMBERS�THAT�CAN�BE�REPRESENTED��1UT�SIMPLY
�THE�MORE�BITS�YOU�HAVE�AT�YOUR�DISPOSAL�THE
MORE�INFORMATION�YOU�CAN�STORE�

BIT-DEPTH RESOLUTION

"PART�FROM�THE�SAMPLE�RATE
�ANOTHER�IMPORTANT�PARAMETER�WHICH�CAN�AFFECT�THE�FIDELITY�OF�A
DIGITAL�SIGNAL�IS�THE�ACCURACY�WITH�WHICH�EACH�SAMPLE�IS�KNOWN
�IN�OTHER�WORDS�KNOWING
HOW�STRONG�EACH�VOLTAGE�IS��&VERY�SAMPLE�OBTAINED�IS�SET�TO�A�SPECIFIC�AMPLITUDE�	THE
MEASURE�OF�STRENGTH�FOR�EACH�VOLTAGE
�LEVEL��5HE�NUMBER�OF�LEVELS�DEPENDS�ON�THE
PRECISION�OF�THE�MEASUREMENT�IN�BITS
�I�E�
�HOW�MANY�BINARY�DIGITS�ARE�USED�TO�STORE�THE
SAMPLES��5HE�NUMBER�OF�BITS�THAT�A�SYSTEM�CAN�USE�IS�NORMALLY�REFERRED�TO�AS�THE�BIT�DEPTH
RESOLUTION�

*F�THE�BIT�DEPTH�RESOLUTION�IS���THEN�THERE�ARE���POSSIBLE�LEVELS�OF�AMPLITUDE�THAT�WE�CAN
USE�FOR�EACH�SAMPLE��8E�CAN�SEE�THIS�IN�THE�DIAGRAM�BELOW��"T�EACH�SAMPLING�PERIOD�THE
SOUNDCARD�PLOTS�AN�AMPLITUDE��"S�WE�ARE�ONLY�USING�A���BIT�SYSTEM�THE�RESOLUTION�IS�NOT
GOOD�ENOUGH�TO�PLOT�THE�CORRECT�AMPLITUDE�OF�EACH�SAMPLE��8E�CAN�SEE�IN�THE�DIAGRAM�THAT
SOME�VERTICAL�LINES�STOP�ABOVE�OR�BELOW�THE�REAL�SIGNAL��5HIS�IS�BECAUSE�OUR�BIT�DEPTH�IS
NOT�HIGH�ENOUGH�TO�PLOT�THE�AMPLITUDE�LEVELS�WITH�SUFFICIENT�ACCURACY�AT�EACH�SAMPLING
PERIOD�

example here for 4, 6, 8, 12, 16 bit of a sine signal ...
... coming in the next release

5HE�STANDARD�RESOLUTION�FOR�$%S�IS����BIT
�WHICH�ALLOWS�FOR�������DIFFERENT�POSSIBLE
AMPLITUDE�LEVELS
�������EITHER�SIDE�OF�THE�ZERO�AXIS��6SING�BIT�RATES�LOWER�THAN����IS�NOT�A
GOOD�IDEA�AS�IT�WILL�RESULT�IN�NOISE�BEING�ADDED�TO�THE�SIGNAL��5HIS�IS�REFERRED�TO�AS
QUANTIZATION�NOISE�AND�IS�A�RESULT�OF�AMPLITUDE�VALUES�BEING�EXCESSIVELY�ROUNDED�UP�OR



DOWN�WHEN�BEING�DIGITIZED��2UANTIZATION�NOISE�BECOMES�MOST�APPARENT�WHEN�TRYING�TO
REPRESENT�LOW�AMPLITUDE�	QUIET
�SOUNDS��'REQUENTLY�A�TINY�AMOUNT�OF�NOISE
�KNOWN�AS�A
DITHER�SIGNAL
�WILL�BE�ADDED�TO�DIGITAL�AUDIO�BEFORE�CONVERSION�BACK�INTO�AN�ANALOGUE
SIGNAL��"DDING�THIS�DITHER�SIGNAL�WILL�ACTUALLY�REDUCE�THE�MORE�NOTICEABLE�NOISE�CREATED�BY
QUANTIZATION��"S�HIGHER�BIT�DEPTH�RESOLUTIONS�ARE�EMPLOYED�IN�THE�DIGITIZING�PROCESS�THE
NEED�FOR�DITHERING�IS�REDUCED��"�GENERAL�RULE�IS�TO�USE�THE�HIGHEST�BIT�RATE�AVAILABLE�

.ANY�ELECTRONIC�MUSICIANS�MAKE�USE�OF�DELIBERATELY�LOW�BIT�DEPTH�QUANTIZATION�IN�ORDER�TO
ADD�NOISE�TO�A�SIGNAL��5HE�EFFECT�IS�COMMONLY�KNOWN�AS��BIT�CRUNCHING��AND�IS�RELATIVELY
EASY�TO�DO�IN�$SOUND�

ADC / DAC

5HE�ENTIRE�PROCESS
�AS�DESCRIBED�ABOVE
�OF�TAKING�AN�ANALOGUE�SIGNAL�AND�CONVERTING�IT�INTO
A�DIGITAL�SIGNAL�IS�REFERRED�TO�AS�ANALOGUE�TO�DIGITAL�CONVERSION�OR�"%$��0F�COURSE�DIGITAL
TO�ANALOGUE�CONVERSION
�%"$
�IS�ALSO�POSSIBLE��5HIS�IS�HOW�WE�GET�TO�HEAR�OUR�MUSIC
THROUGH�OUR�1$�S�HEADPHONES�OR�SPEAKERS��'OR�EXAMPLE
�IF�ONE�PLAYS�A�SOUND�FROM�.EDIA
1LAYER�OR�I5UNES�THE�SOFTWARE�WILL�SEND�A�SERIES�OF�NUMBERS�TO�THE�COMPUTER�SOUNDCARD��*N
FACT�IT�WILL�MOST�LIKELY�SEND�������NUMBERS�A�SECOND��*F�THE�AUDIO�THAT�IS�PLAYING�IS����BIT
THEN�THESE�NUMBERS�WILL�RANGE�FROM��������TO��������

8HEN�THE�SOUND�CARD�RECEIVES�THESE�NUMBERS�FROM�THE�AUDIO�STREAM�IT�WILL�OUTPUT
CORRESPONDING�VOLTAGES�TO�A�LOUDSPEAKER��8HEN�THE�VOLTAGES�REACH�THE�LOUDSPEAKER�THEY
CAUSE�THE�LOUDSPEAKERS�MAGNET�TO�MOVE�INWARDS�AND�OUTWARDS��5HIS�CAUSES�A�DISTURBANCE
IN�THE�AIR�AROUND�THE�SPEAKER�RESULTING�IN�WHAT�WE�PERCEIVE�AS�SOUND�



FREQUENCIES
"S�MENTIONED�IN�THE�PREVIOUS�SECTION�FREQUENCY�IS�DEFINED�AS�THE�NUMBER�OF�CYCLES�OR
PERIODS�PER�SECOND��'REQUENCY�IS�MEASURED�IN�)ERTZ��*F�A�TONE�HAS�A�FREQUENCY�OF����)Z�IT
COMPLETES�����CYCLES�EVERY�SECOND��(IVEN�A�TONE�S�FREQUENCY
�ONE�CAN�EASILY�CALCULATE�THE
PERIOD�OF�ANY�SOUND��.ATHEMATICALLY
�THE�PERIOD�IS�THE�RECIPROCAL�OF�THE�FREQUENCY�AND
VICE�VERSA��*N�EQUATION�FORM
�THIS�IS�EXPRESSED�AS�FOLLOWS�

Frequency = 1/Period         Period = 1/Frequency

5HEREFORETHEFREQUENCYISTHEINVERSEOFTHEPERIOD
SOAWAVEOF��� )Z FREQUENCYHASA
PERIODOF�� ��� OR���� SECONDS
LIKEWISEAFREQUENCYOF���)Z HASAPERIODOF�� ���
 OR
����� SECONDS�5OCALCULATETHEWAVELENGTHOFASOUNDINANYGIVENMEDIUMWECANUSE
THE�FOLLOWING�EQUATION�

"���
������ ��������� 

'OR�INSTANCE
�A�WAVE�OF������)Z�IN�AIR�	VELOCITY�OF�DIFFUSION�ABOUT�����M�S
�HAS�A�LENGTH
OF�APPROXIMATELY����������M������CM�

LOWER AND HIGHER BORDERS FOR HEARING

5HE�HUMAN�EAR�CAN�GENERALLY�HEAR�SOUNDS�IN�THE�RANGE����)Z�TO���
����)Z�	��K)Z
��5HIS
UPPER�LIMIT�TENDS�TO�DECREASE�WITH�AGE�DUE�TO�A�CONDITION�KNOWN�AS�PRESBYACUSIS
�OR�AGE
RELATED�HEARING�LOSS��.OST�ADULTS�CAN�HEAR�TO�ABOUT���K)Z�WHILE�MOST�CHILDREN�CAN�HEAR
BEYOND�THIS��"T�THE�LOWER�END�OF�THE�SPECTRUM�THE�HUMAN�EAR�DOES�NOT�RESPOND�TO
FREQUENCIES�BELOW����)Z
�WITH����OF����)Z�BEING�THE�LOWEST�MOST�PEOPLE�CAN�PERCEIVE�

4O
�IN�THE�FOLLOWING�EXAMPLE
�YOU�WILL�NOT�HEAR�THE�FIRST�	���)Z
�TONE
�AND�PROBABLY�NOT
THE�LAST�	���K)Z
�ONE
�BUT�HOPEFULLY�THE�OTHER�ONES�	����)Z
������)Z
�������)Z
�

EXAMPLE 01B01_BordersForHearing.csd

<CsoundSynthesizer>
<CsOptions>
-odac -m0
</CsOptions>
<CsInstruments>
;example by joachim heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1
prints  "Playing %d Hertz!\n", p4



asig    oscils  .2, p4, 0
outs    asig, asig

endin

</CsInstruments>
<CsScore>
i 1 0 2 10
i . + . 100
i . + . 1000
i . + . 10000
i . + . 20000
</CsScore>
</CsoundSynthesizer>

LOGARITHMS, FREQUENCY RATIOS AND
INTERVALS

"�LOT�OF�BASIC�MATHS�IS�ABOUT�SIMPLIFICATION�OF�COMPLEX�EQUATIONS��4HORTCUTS�ARE�TAKEN�ALL
THE�TIME�TO�MAKE�THINGS�EASIER�TO�READ�AND�EQUATE��.ULTIPLICATION�CAN�BE�SEEN�AS�A
SHORTHAND�OF�ADDITION
�FOR�EXAMPLE
��X��������������������������&XPONENTS�ARE

SHORTHAND�FOR�MULTIPLICATION
��� ���X�X�X�X���-OGARITHMS�ARE�SHORTHAND�FOR�EXPONENTS
AND�ARE�USED�IN�MANY�AREAS�OF�SCIENCE�AND�ENGINEERING�IN�WHICH�QUANTITIES�VARY�OVER�A
LARGE�RANGE��&XAMPLES�OF�LOGARITHMIC�SCALES�INCLUDE�THE�DECIBEL�SCALE
�THE�3ICHTER�SCALE
FOR�MEASURING�EARTHQUAKE�MAGNITUDES�AND�THE�ASTRONOMICAL�SCALE�OF�STELLAR�BRIGHTNESSES�
.USICAL�FREQUENCIES�ALSO�WORK�ON�A�LOGARITHMIC�SCALE
�MORE�ON�THIS�LATER�

*NTERVALS�IN�MUSIC�DESCRIBE�THE�DISTANCE�BETWEEN�TWO�NOTES��8HEN�DEALING�WITH�STANDARD
MUSICAL�NOTATION�IT�IS�EASY�TO�DETERMINE�AN�INTERVAL�BETWEEN�TWO�ADJACENT�NOTES��'OR
EXAMPLE�A�PERFECT��TH�IS�ALWAYS�MADE�UP�OF���SEMITONES��8HEN�DEALING�WITH�)Z�VALUES
THINGS�ARE�DIFFERENT��"�DIFFERENCE�OF�SAY����)Z�DOES�NOT�ALWAYS�EQUATE�TO�THE�SAME
MUSICAL�INTERVAL��5HIS�IS�BECAUSE�MUSICAL�INTERVALS�AS�WE�HEAR�THEM�ARE�REPRESENTED�IN�)Z
AS�FREQUENCY�RATIOS��"N�OCTAVE�FOR�EXAMPLE�IS�ALWAYS������5HAT�IS�TO�SAY�EVERY�TIME�YOU
DOUBLE�A�)Z�VALUE�YOU�WILL�JUMP�UP�BY�A�MUSICAL�INTERVAL�OF�AN�OCTAVE�

$ONSIDER�THE�FOLLOWING��"�FLUTE�CAN�PLAY�THE�NOTE�"�AT�����)Z��*F�THE�PLAYER�PLAYS�ANOTHER
"�AN�OCTAVE�ABOVE�IT�AT�����)Z�THE�DIFFERENCE�IN�)Z�IS������/OW�CONSIDER�THE�PICCOLO
�THE
HIGHEST�PITCHED�INSTRUMENT�OF�THE�ORCHESTRA��*T�CAN�PLAY�A�FREQUENCY�OF������)Z�BUT�IT�CAN
ALSO�PLAY�AN�OCTAVE�ABOVE�THIS�AT������)Z�	��X������)Z
��8HILE�THE�DIFFERENCE�IN�)ERTZ
BETWEEN�THE�TWO�NOTES�ON�THE�FLUTE�IS�ONLY�����)Z
�THE�DIFFERENCE�BETWEEN�THE�TWO�HIGH
PITCHED�NOTES�ON�A�PICCOLO�IS������)Z�YET�THEY�ARE�BOTH�ONLY�PLAYING�NOTES�ONE�OCTAVE
APART�

8HAT�ALL�THIS�DEMONSTRATES�IS�THAT�THE�HIGHER�TWO�PITCHES�BECOME�THE�GREATER�THE
DIFFERENCE�IN�)ERTZ�NEEDS�TO�BE�FOR�US�TO�RECOGNIZE�THE�DIFFERENCE�AS�THE�SAME�MUSICAL
INTERVAL��5HE�MOST�COMMON�RATIOS�FOUND�IN�THE�EQUAL�TEMPERAMENT�SCALE�ARE�THE�UNISON�



	���

�THE�OCTAVE��	���

�THE�PERFECT�FIFTH�	���

�THE�PERFECT�FOURTH�	���

�THE�MAJOR�THIRD
	���
�AND�THE�MINOR�THIRD�	���
�

5HE�FOLLOWING�EXAMPLE�SHOWS�THE�DIFFERENCE�BETWEEN�ADDING�A�CERTAIN�FREQUENCY�AND
APPLYING�A�RATIO��'IRST
�THE�FREQUENCIES�OF����
�����AND�����)Z�ALL�GET�AN�ADDITION�OF����
)Z��5HIS�SOUNDS�VERY�DIFFERENT
�THOUGH�THE�ADDED�FREQUENCY�IS�THE�SAME��4ECOND
�THE�RATIO
����	PERFECT�FIFTH
�IS�APPLIED�TO�THE�SAME�FREQUENCIES��5HIS�SOUNDS�ALWAYS�THE�SAME

THOUGH�THE�FREQUENCY�DISPLACEMENT�IS�DIFFERENT�EACH�TIME�

EXAMPLE 01B02_Adding_vs_ratio.csd

<CsoundSynthesizer>
<CsOptions>
-odac -m0
</CsOptions>
<CsInstruments>
;example by joachim heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1
prints  "Playing %d Hertz!\n", p4

asig    oscils  .2, p4, 0
outs    asig, asig

endin

instr 2
prints  "Adding %d Hertz to %d Hertz!\n", p5, p4

asig    oscils  .2, p4+p5, 0
outs    asig, asig

endin

instr 3
prints  "Applying the ratio of %f (adding %d Hertz)

to %d Hertz!\n", p5, p4*p5, p4
asig    oscils  .2, p4*p5, 0

outs    asig, asig
endin

</CsInstruments>
<CsScore>
;adding a certain frequency (instr 2)
i 1 0 1 100
i 2 1 1 100 100
i 1 3 1 400
i 2 4 1 400 100
i 1 6 1 800
i 2 7 1 800 100
;applying a certain ratio (instr 3)
i 1 10 1 100
i 3 11 1 100 [3/2]



i 1 13 1 400
i 3 14 1 400 [3/2]
i 1 16 1 800
i 3 17 1 800 [3/2]
</CsScore>
</CsoundSynthesizer>

4O�WHAT�OF�THE�ALGORITHMS�MENTIONED�ABOVE��"S�SOME�READERS�WILL�KNOW�THE�CURRENT
PREFERRED�METHOD�OF�TUNING�WESTERN�INSTRUMENTS�IS�BASED�ON�EQUAL�TEMPERAMENT�
&SSENTIALLY�THIS�MEANS�THAT�ALL�OCTAVES�ARE�SPLIT�INTO����EQUAL�INTERVALS��5HEREFORE�A

SEMITONE�HAS�A�RATIO�OF��	����
 
�WHICH�IS�APPROXIMATELY����������

4O�WHAT�ABOUT�THE�REFERENCE�TO�LOGARITHMS�IN�THE�HEADING�ABOVE �"S�STATED�PREVIOUSLY


LOGARITHMS�ARE�SHORTHAND�FOR�EXPONENTS���	����
 �����������CAN�ALSO�BE�WRITTEN�AS
LOG�	��������
��������5HEREFORE�MUSICAL�FREQUENCY�WORKS�ON�A�LOGARITHMIC�SCALE�

MIDI NOTES

$SOUND�CAN�EASILY�DEAL�WITH�.*%*�NOTES�AND�COMES�WITH�FUNCTIONS�THAT�WILL�CONVERT�.*%*
NOTES�TO�)ERTZ�VALUES�AND�BACK�AGAIN��*N�.*%*�SPEAK�"����IS�EQUAL�TO�"��AND�IS�.*%*
NOTE�����:OU�CAN�THINK�OF�"��AS�BEING�THE�FOURTH�"�FROM�THE�LOWEST�"�WE�CAN�HEAR
�WELL
ALMOST�HEAR�

Caution: like many 'standards' there is occasional disagreement about the mapping
between frequency and octave number. You may occasionally encounter A440 being
described as A3.



INTENSITIES

REAL WORLD INTENSITIES AND AMPLITUDES

5HERE�ARE�MANY�WAYS�TO�DESCRIBE�A�SOUND�PHYSICALLY��0NE�OF�THE�MOST�COMMON�IS�THE
4OUND�*NTENSITY�-EVEL�	4*-
��*T�DESCRIBES�THE�AMOUNT�OF�POWER�ON�A�CERTAIN�SURFACE
�SO�ITS

UNIT�IS�8ATT�PER�SQUARE�METER�	��CLASS��".�� 
��5HE�RANGE�OF�HUMAN�HEARING�IS

ABOUT��CLASS��".�� AT�THE�THRESHOLD�OF�HEARING�TO�
CLASS��".�� AT�THE�THRESHOLD�OF�PAIN��'OR�ORDERING�THIS�IMMENSE�RANGE
�AND�TO�FACILITATE
THE�MEASUREMENT�OF�ONE�SOUND�INTENSITY�BASED�UPON�ITS�RATIO�WITH�ANOTHER
�A�LOGARITHMIC
SCALE�IS�USED��5HE�UNITBelDESCRIBES�THE�RELATION�OF�ONE�INTENSITY*��CLASS��".��* TO�A
REFERENCE�INTENSITY*���CLASS��".��*� AS�FOLLOWS�

��CLASS��".�� Sound Intensity Level in Bel

*F
�FOR�INSTANCE
�THE�RATIO��CLASS��".�� ��CLASS��".�� IS���
�THIS�IS���#EL��*F�THE�RATIO
IS����
�THIS�IS���#EL�

'OR�REAL�WORLD�SOUNDS
�IT�MAKES�SENSE�TO�SET�THE�REFERENCE�VALUE��CLASS��".�� TO�THE

THRESHOLD�OF�HEARING�WHICH�HAS�BEEN�FIXED�AS��CLASS��".�� AT�����
)ERTZ��4O�THE�RANGE�OF�HEARING�COVERS�ABOUT����#EL��6SUALLY���#EL�IS�DIVIDED�INTO����DECI
#EL
�SO�THE�COMMON�FORMULA�FOR�MEASURING�A�SOUND�INTENSITY�IS�

��CLASS��".�� Sound Intensity Level (SIL) in Decibel (dB)WITH�

CLASS��".��

8HILE�THE�SOUND�INTENSITY�LEVEL�IS�USEFUL�TO�DESCRIBE�THE�WAY�IN�WHICH�THE�HUMAN�HEARING
WORKS
�THEmeasurementOF�SOUND�IS�MORE�CLOSELY�RELATED�TO�THE�SOUND�PRESSURE
DEVIATIONS��4OUND�WAVES�COMPRESS�AND�EXPAND�THE�AIR�PARTICLES�AND�BY�THIS�THEY�INCREASE
AND�DECREASE�THE�LOCALIZED�AIR�PRESSURE��5HESE�DEVIATIONS�ARE�MEASURED�AND�TRANSFORMED
BY�A�MICROPHONE��4O�THE�QUESTION�ARISES��WHAT�IS�THE�RELATIONSHIP�BETWEEN�THE�SOUND
PRESSURE�DEVIATIONS�AND�THE�SOUND�INTENSITY �5HE�ANSWER�IS��SOUND�INTENSITY�CHANGES�
CLASS��".�� ARE�PROPORTIONAL�TO�THEsquareOF�THE�SOUND�PRESSURE�CHANGES�
CLASS��".�� ��"S�A�FORMULA�



��CLASS��".�� ��CLASS��".�� Relation between Sound Intensity and Sound
Pressure

-ET�US�TAKE�AN�EXAMPLE�TO�SEE�WHAT�THIS�MEANS��5HE�SOUND�PRESSURE�AT�THE�THRESHOLD�OF
HEARING�CAN�BE�FIXED�AT��CLASS��".�� ��5HIS�VALUE�IS�THE�REFERENCE�VALUE�OF
THE�4OUND�1RESSURE�-EVEL�	41-
��*F�WE�HAVE�NOW�A�VALUE�OF��CLASS��".��

�THE�CORRESPONDING�SOUND�INTENSITY�RELATION�CAN�BE�CALCULATED�AS�

��CLASS��".��

��CLASS��".�� 4O
�A�FACTOR�OF����AT�THE�PRESSURE�RELATION�YIELDS�A�FACTOR�OF�����AT�THE
INTENSITY�RELATION��*N�GENERAL
�THE�D#�SCALE�FOR�THE�PRESSURE1��CLASS��".��1 RELATED�TO
THE�PRESSURE1���CLASS��".��1� IS�

��CLASS��".��

Sound Pressure Level (SPL) in Decibel (dB)WITH��CLASS��".��

8ORKING�WITH�%IGITAL�"UDIO�BASICALLY�MEANS�WORKING�WITHamplitudes��8HAT�WE�ARE
DEALING�WITH�MICROPHONES�ARE�AMPLITUDES��"NY�AUDIO�FILE�IS�A�SEQUENCE�OF�AMPLITUDES�
8HAT�YOU�GENERATE�IN�$SOUND�AND�WRITE�EITHER�TO�THE�%"$�IN�REALTIME�OR�TO�A�SOUND�FILE

ARE�AGAIN�NOTHING�BUT�A�SEQUENCE�OF�AMPLITUDES��"S�AMPLITUDES�ARE�DIRECTLY�RELATED�TO�THE
SOUND�PRESSURE�DEVIATIONS
�ALL�THE�RELATIONS�BETWEEN�SOUND�INTENSITY�AND�SOUND�PRESSURE
CAN�BE�TRANSFERRED�TO�RELATIONS�BETWEEN�SOUND�INTENSITY�AND�AMPLITUDES�

��CLASS��".�� Relation between Intensity and Ampltitudes

��CLASS��".�� Decibel (dB) Scale of AmplitudesWITH�ANY�AMPLITUDE�
CLASS��".�� RELATED�TO�AN�OTHER�AMPLITUDE��CLASS��".��

*F�YOU�DRIVE�AN�OSCILLATOR�WITH�THE�AMPLITUDE��
�AND�ANOTHER�OSCILLATOR�WITH�THE�AMPLITUDE
���
�AND�YOU�WANT�TO�KNOW�THE�DIFFERENCE�IN�D#
�YOU�CALCULATE�



��CLASS��".��

4O
�THE�MOST�USEFUL�THING�TO�KEEP�IN�MIND�IS��WHEN�YOU�DOUBLE�THE�AMPLITUDE
�YOU�GET���
D#��WHEN�YOU�HAVE�HALF�OF�THE�AMPLITUDE�AS�BEFORE
�YOU�GET����D#�

WHAT IS 0 DB?

"S�DESCRIBED�IN�THE�LAST�SECTION
�ANY�D#�SCALE���FOR�INTENSITIES
�PRESSURES�OR�AMPLITUDES���IS
JUST�A�WAY�TO�DESCRIBE�Arelationship��5O�HAVE�ANY�SORT�OF�QUANTITATIVE�MEASUREMENT�YOU
WILL�NEED�TO�KNOW�THE�REFERENCE�VALUE�REFERRED�TO�AS����D#���'OR�REAL�WORLD�SOUNDS
�IT
MAKES�SENSE�TO�SET�THIS�LEVEL�TO�THE�THRESHOLD�OF�HEARING��5HIS�IS�DONE
�AS�WE�SAW
�BY

SETTING�THE�4*-�TO�NBSP���CLASS��".�� AND�THE�41-�TO�
CLASS��".�� ��CLASS��".�� �

#UT�FOR�WORKING�WITH�DIGITAL�SOUND�IN�THE�COMPUTER
�THIS�DOES�NOT�MAKE�ANY�SENSE��8HAT
YOU�WILL�HEAR�FROM�THE�SOUND�YOU�PRODUCE�IN�THE�COMPUTER
�JUST�DEPENDS�ON�THE
AMPLIFICATION
�THE�SPEAKERS
�AND�SO�ON��*T�HAS�NOTHING
�PER�SE
�TO�DO�WITH�THE�LEVEL�IN�YOUR
AUDIO�EDITOR�OR�IN�$SOUND��/EVERTHELESS
�THEREis A�RATIONAL�REFERENCE�LEVEL�FOR�THE
AMPLITUDES��*N�A�DIGITAL�SYSTEM
�THERE�IS�A�STRICT�LIMIT�FOR�THE�MAXIMUM�NUMBER�YOU�CAN
STORE�AS�AMPLITUDE��5HIS�MAXIMUM�POSSIBLE�LEVEL�IS�CALLED���D#�

&ACH�PROGRAM�CONNECTS�THIS�MAXIMUM�POSSIBLE�AMPLITUDE�WITH�A�NUMBER��6SUALLY�IT�IS����
WHICH�IS�A�GOOD�CHOICE
�BECAUSE�YOU�KNOW�THAT�EVERYTHING�ABOVE���IS�CLIPPING
�AND�YOU
HAVE�A�HANDY�RELATION�FOR�LOWER�VALUES��#UT�ACTUALLY�THIS�VALUE�IS�NOTHING�BUT�A�SETTING

AND�IN�$SOUND�YOU�ARE�FREE�TO�SET�IT�TO�ANY�VALUE�YOU�LIKE�VIA�THE�DBFSOPCODE��6SUALLY
YOU�SHOULD�USE�THIS�STATEMENT�IN�THE�ORCHESTRA�HEADER�

0dbfs = 1

5HIS�MEANS���4ET�THE�LEVEL�FOR�ZERO�D#�AS�FULL�SCALE�TO���AS�REFERENCE�VALUE���/OTE�THAT
BECAUSE�OF�HISTORICAL�REASONS�THE�DEFAULT�VALUE�IN�$SOUND�IS�NOT���BUT��������4O�YOU�MUST
HAVE�THIS0dbfs = 1STATEMENT�IN�YOUR�HEADER�IF�YOU�WANT�TO�SET�$SOUND�TO�THE�VALUE
PROBABLY�ALL�OTHER�AUDIO�APPLICATIONS�HAVE�

DB SCALE VERSUS LINEAR AMPLITUDE

-ET�S�SEE�SOME�PRACTICAL�CONSEQUENCES�NOW�OF�WHAT�WE�HAVE�DISCUSSED�SO�FAR��0NE�MAJOR
POINT�IS��FOR�GETTING�SMOOTH�TRANSITIONS�BETWEEN�INTENSITY�LEVELS�YOU�MUST�NOT�USE�A�SIMPLE
LINEAR�TRANSITION�OF�THE�AMPLITUDES
�BUT�A�LINEAR�TRANSITION�OF�THE�D#�EQUIVALENT��5HE

http://www.csounds.com/manual/html/Zerodbfs.html


FOLLOWING�EXAMPLE�SHOWS�A�LINEAR�RISE�OF�THE�AMPLITUDES�FROM���TO��
�AND�THEN�A�LINEAR�RISE
OF�THE�D#�S�FROM�����TO���D#
�BOTH�OVER����SECONDS�

EXAMPLE 01C01_db_vs_linear.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;example by joachim heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1 ;linear amplitude rise
kamp      line    0, p3, 1 ;amp rise 0->1
asig      oscils  1, 1000, 0 ;1000 Hz sine
aout      =       asig * kamp

outs    aout, aout
endin

instr 2 ;linear rise of dB
kdb       line    -80, p3, 0 ;dB rise -60 -> 0
asig      oscils  1, 1000, 0 ;1000 Hz sine
kamp      =       ampdb(kdb) ;transformation db -> amp
aout      =       asig * kamp

outs    aout, aout
endin

</CsInstruments>
<CsScore>
i 1 0 10
i 2 11 10
</CsScore>
</CsoundSynthesizer>

:OU�WILL�HEAR�HOW�FAST�THE�SOUND�INTENSITY�INCREASES�AT�THE�FIRST�NOTE�WITH�DIRECT�AMPLITUDE
RISE
�AND�THEN�STAYS�NEARLY�CONSTANT��"T�THE�SECOND�NOTE�YOU�SHOULD�HEAR�A�VERY�SMOOTH
AND�CONSTANT�INCREMENT�OF�INTENSITY�

RMS MEASUREMENT

4OUND�INTENSITY�DEPENDS�ON�MANY�FACTORS��0NE�OF�THE�MOST�IMPORTANT�IS�THE�EFFECTIVE
MEAN�OF�THE�AMPLITUDES�IN�A�CERTAIN�TIME�SPAN��5HIS�IS�CALLED�THE�3OOT�.EAN�4QUARE
	3.4
�VALUE��5O�CALCULATE�IT
�YOU�HAVE�	�
�TO�CALCULATE�THE�SQUARED�AMPLITUDES�OF�NUMBER
/�SAMPLES��5HEN�YOU�	�
�DIVIDE�THE�RESULT�BY�/�TO�CALCULATE�THE�MEAN�OF�IT��'INALLY�	�

TAKE�THE�SQUARE�ROOT�



-ET�S�SEE�A�SIMPLE�EXAMPLE
�AND�THEN�HAVE�A�LOOK�HOW�GETTING�THE�RMS�VALUE�WORKS�IN
$SOUND��"SSUMEING�WE�HAVE�A�SINE�WAVE�WHICH�CONSISTS�OF����SAMPLES
�WE�GET�THESE
AMPLITUDES�

5HESE�ARE�THE�SQUARED�AMPLITUDES�



5HE�MEAN�OF�THESE�VALUES�IS�

	�����������������������������������������������������������������������
������
�������
CLASS��".��	�����������������������������������������������������������������������
������
������

"ND�THE�RESULTING�3.4�VALUE�IS�����������CLASS��".����������� �

5HERMSOPCODE�IN�$SOUND�CALCULATES�THE�3.4�POWER�IN�A�CERTAIN�TIME�SPAN
�AND
SMOOTHES�THE�VALUES�IN�TIME�ACCORDING�TO�THEihp PARAMETER��THE�HIGHER�THIS�VALUE�	THE
DEFAULT�IS����)Z

�THE�SNAPPIER�THE�MEASUREMENT
�AND�VICE�VERSA��5HIS�OPCODE�CAN�BE�USED
TO�IMPLEMENT�A�SELF�REGULATING�SYSTEM
�IN�WHICH�THE�RMS�OPCODE�PREVENTS�THE�SYSTEM�FROM
EXPLODING��&ACH�TIME�THE�RMS�VALUE�EXCEEDS�A�CERTAIN�VALUE
�THE�AMOUNT�OF�FEEDBACK�IS

REDUCED��5HIS�IS�AN�EXAMPLE� �

EXAMPLE 01C02_rms_feedback_system.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>

http://www.csounds.com/manual/html/rms.html
c-intensities#InsertNoteID_6


<CsInstruments>
;example by Martin Neukom, adapted by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1 ;table with a sine wave

instr 1
a3        init      0
kamp      linseg    0, 1.5, 0.2, 1.5, 0 ;envelope for initial input
asnd      poscil    kamp, 440, giSine ;initial input

if p4 == 1 then ;choose between two sines ...
adel1     poscil    0.0523, 0.023, giSine
adel2     poscil    0.073, 0.023, giSine,.5

else ;or a random movement for the delay lines
adel1     randi     0.05, 0.1, 2
adel2     randi     0.08, 0.2, 2

endif
a0        delayr    1 ;delay line of 1 second
a1        deltapi   adel1 + 0.1 ;first reading
a2        deltapi   adel2 + 0.1 ;second reading
krms      rms       a3 ;rms measurement

delayw    asnd + exp(-krms) * a3 ;feedback depending on rms
a3        reson     -(a1+a2), 3000, 7000, 2 ;calculate a3
aout      linen     a1/3, 1, p3, 1 ;apply fade in and fade out

outs      aout, aout
endin
</CsInstruments>
<CsScore>
i 1 0 60 1 ;two sine movements of delay with feedback
i 1 61 . 2 ;two random movements of delay with feedback
</CsScore>
</CsoundSynthesizer>

FLETCHER-MUNSON CURVES

)UMAN�HEARING�IS�ROUGHLY�IN�A�RANGE�BETWEEN����AND�������)Z��#UT�INSIDE�THIS�RANGE
�THE
HEARING�IS�NOT�EQUALLY�SENSITIVE��5HE�MOST�SENSITIVE�REGION�IS�AROUND������)Z��*F�YOU
COME�TO�THE�UPPER�OR�LOWER�BORDER�OF�THE�RANGE
�YOU�NEED�MORE�INTENSITY�TO�PERCEIVE�A
SOUND�AS��EQUALLY�LOUD��

5HESE�CURVES�OF�EQUAL�LOUDNESS�ARE�MOSTLY�CALLED��'LETCHER�.UNSON�$URVES��BECAUSE�OF
THE�PAPER�OF�)��'LETCHER�AND�8��"��.UNSON�IN�������5HEY�LOOK�LIKE�THIS�



5RY�THE�FOLLOWING�TEST��*N�THE�FIRST���SECONDS�YOU�WILL�HEAR�A�TONE�OF������)Z��"DJUST�THE
LEVEL�OF�YOUR�AMPLIFIER�TO�THE�LOWEST�POSSIBLE�POINT�AT�WHICH�YOU�STILL�CAN�HEAR�THE�TONE���
5HEN�YOU�HEAR�A�TONE�WHOSE�FREQUENCY�STARTS�AT����)ERTZ�AND�ENDS�AT�������)ERTZ
�OVER
���SECONDS��5RY�TO�MOVE�THE�FADER�OR�KNOB�OF�YOUR�AMPLIFICATION�EXACTLY�IN�A�WAY�THAT�YOU
STILL�CAN�HEAR�ANYTHING
�BUT�AS�SOFT�AS�POSSIBLE��5HE�MOVEMENT�OF�YOUR�FADER�SHOULD
ROUGHLY�BE�SIMILAR�TO�THE�LOWEST�'LETCHER�.UNSON�$URVE��STARTING�RELATIVELY�HIGH
�GOING
DOWN�AND�DOWN�UNTIL������)ERTZ
�AND�THEN�UP�AGAIN��	"S�ALWAYS
�THIS�TEST�DEPENDS�ON
YOUR�SPEAKER�HARDWARE��*F�YOUR�SPEAKER�DO�NOT�PROVIDE�PROPER�LOWER�FREQUENCIES
�YOU�WILL
NOT�HEAR�ANYTHING�IN�THE�BASS�REGION�




EXAMPLE 01C03_FletcherMunson.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1 ;table with a sine wave

instr 1
kfreq     expseg    p4, p3, p5

printk    1, kfreq ;prints the frequencies once a second
asin      poscil    .2, kfreq, giSine
aout      linen     asin, .01, p3, .01

outs      aout, aout
endin
</CsInstruments>
<CsScore>
i 1 0 5 1000 1000
i 1 6 20 20  20000
</CsScore>
</CsoundSynthesizer>

*T�IS�VERY�IMPORTANT�TO�BEAR�IN�MIND�THAT�THE�PERCEIVED�LOUDNESS�DEPENDS�MUCH�ON�THE
FREQUENCIES��:OU�MUST�KNOW�THAT�PUTTING�OUT�A�SINE�OF����)Z�WITH�A�CERTAIN�AMPLITUDE�IS
TOTALLY�DIFFERENT�FROM�A�SINE�OF������)Z�WITH�THE�SAME�AMPLITUDE���THE�LATTER�WILL�SOUND
MUCH�LOUDER�

�� CF�.ARTIN�/EUKOM
�4IGNALE�4YSTEME�,LANGSYNTHESE
�;bRICH�����
�P�����?
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MAKE CSOUND RUN

CSOUND AND FRONTENDS

5HE�CORE�ELEMENT�OF�$SOUND�IS�AN�AUDIO�ENGINE�FOR�THE�$SOUND�LANGUAGE��*T�HAS�NO
GRAPHICAL�INTERFACE�AND�IT�IS�DESIGNED�TO�TAKE�$SOUND�TEXT�FILES�	CALLED���CSD��FILES
�AND
PRODUCE�AUDIO
�EITHER�IN�REALTIME
�OR�BY�WRITING�TO�A�FILE��*T�CAN�STILL�BE�USED�IN�THIS�WAY

BUT�MOST�USERS�NOWADAYS�PREFER�TO�USE�$SOUND�VIA�A�FRONTEND��"�FRONTEND�IS�AN
APPLICATION�WHICH�ASSISTS�YOU�IN�WRITING�CODE�AND�RUNNING�$SOUND��#EYOND�THE�FUNCTIONS
OF�A�SIMPLE�TEXT�EDITOR
�A�FRONTEND�ENVIRONMENT�WILL�OFFER�COLOUR�CODED�HIGHLIGHTING�OF
LANGUAGE�SPECIFIC�KEYWORDS�AND�QUICK�ACCESS�TO�AN�INTEGRATED�HELP�SYSTEM��"�FRONTEND
CAN�ALSO�EXPAND�POSSIBILITIES�BY�PROVIDING�TOOLS�TO�BUILD�INTERACTIVE�INTERFACES�AS�WELL

SOMETIMES
�AS�ADVANCED�COMPOSITIONAL�TOOLS�

*N������THE�$SOUND�DEVELOPERS�DECIDED�TO�INCLUDE$SOUND2TAS�THE�STANDARD�FRONTEND�TO
BE�INCLUDED�WITH�THE�$SOUND�DISTRIBUTION
�SO�YOU�WILL�ALREADY�HAVE�THIS�FRONTEND�IF�YOU
HAVE�INSTALLED�ANY�OF�THE�RECENT�PRE�BUILT�VERSIONS�OF�$SOUND��$ONVERSELY�IF�YOU�INSTALL�A
FRONTEND�YOU�WILL�REQUIRE�A�SEPARATE�INSTALLATION�OF�$SOUND�IN�ORDER�FOR�IT�TO�FUNCTION��*F
YOU�EXPERIENCE�ANY�PROBLEMS�WITH�2UTE$SOUND
�OR�SIMPLY�PREFER�ANOTHER�FRONTEND�DESIGN

TRY8IN9OUNDOR$ABBAGEAS�ALTERNATIVE�

HOW TO DOWNLOAD AND INSTALL CSOUND

5O�GET�$SOUND�YOU�FIRST�NEED�TO�DOWNLOAD�THE�PACKAGE�FOR�YOUR�SYSTEM�FROM�THE
4OURCE'ORGE�PAGE�HTTP���SOURCEFORGE�NET�PROJECTS�CSOUND�FILES�CSOUND�	OR�CSOUND�
PERHAPS�AFTER�MID�����
�

5HERE�ARE�MANY�FILES�HERE
�SO�HERE�ARE�SOME�GUIDELINES�TO�HELP�YOU�CHOOSE�THE�APPROPRIATE
VERSION�

Windows

8INDOWS�INSTALLERS�ARE�THE�ONES�ENDING�IN.exe��-OOK�FOR�THE�LATEST�VERSION�OF�$SOUND
�AND
FIND�A�FILE�WHICH�SHOULD�BE�CALLED�SOMETHING�LIKE�Csound5.17-gnu-win32-d.exe��5HE
IMPORTANT�THING�TO�NOTE�IS�THE�FINAL�LETTER�OF�THE�INSTALLER�NAME
�WHICH�CAN�BE��D��OR��F��
5HIS�SPECIFIES�THE�COMPUTATION�PRECISION�OF�THE�$SOUND�ENGINE��'LOAT�PRECISION�	���BIT
FLOAT
�IS�MARKED�WITH��F��AND�DOUBLE�PRECISION�	���BIT�FLOAT
�IS�MARKED��D���5HIS�IS
IMPORTANT�TO�BEAR�IN�MIND
�AS�A�FRONTEND�WHICH�WORKS�WITH�THE��FLOATS��VERSION�WILL�NOT
RUN�IF�YOU�HAVE�THE��DOUBLES��VERSION�INSTALLED�.ORE�RECENT�VERSIONS�OF�THE�PRE�BUILT
8INDOWS�INSTALLER�HAVE�ONLY�BEEN�RELEASED�IN�THE��DOUBLES��VERSION�

http://qutecsound.sourceforge.net
http://winxound.codeplex.com
http://code.google.com/p/cabbage/
http://sourceforge.net/projects/csound/files/csound5/


"FTER�YOU�HAVE�DOWNLOADED�THE�INSTALLER
�YOU�MIGHT�FIND�IT�EASIEST�JUST�TO�LAUNCH�THE
EXECUTABLE�INSTALLER�AND�FOLLOW�THE�INSTRUCTIONS�ACCEPTING�THE�DEFAULTS��:OU�CAN
�HOWEVER

MODIFY�THE�COMPONENTS�THAT�WILL�BE�INSTALLED�DURING�THE�INSTALLATION�PROCESS�	UTILITIES

FRONT�ENDS
�DOCUMENTATION�ETC�
�CREATING�EITHER�A�FULLY�FEATURED�INSTALLATION�OR�A�SUPER�
LIGHT�INSTALLATION�WITH�JUST�THE�BARE�BONES�

:OU�MAY�ALSO�FIND�IT�USEFUL�TO�INSTALL�THE�1YTHON�OPCODES�AT�THE�THIS�STAGE���SELECTED�UNDER
�$SOUND�INTERFACES���*F�YOU�CHOOSE�TO�DO�THIS�HOWEVER�YOU�WILL�HAVE�TO�SEPARATELY�INSTALL
1YTHON�ITSELF��:OU�WILL�NEED�TO�INSTALL�1YTHON�IN�ANY�CASE�IF�YOU�PLAN�TO�USE�THE�$SOUND2T
FRONT�END
�AS�THE�CURRENT�VERSION�OF�$SOUND2T�REQUIRES�1YTHON��	"S�OF�.ARCH�����

7ERSION�����OF�1YTHON�IS�THE�CORRECT�CHOICE�


$SOUND�WILL
�BY�DEFAULT
�INSTALL�INTO�YOUR�1ROGRAM�'ILES�FOLDER
�BUT�YOU�MAY�PREFER�TO
INSTALL�DIRECTLY�INTO�A�FOLDER�IN�THE�ROOT�DIRECTORY�OF�YOUR�$��DRIVE�

0NCE�INSTALLATION�HAS�COMPLETED
�YOU�CAN�FIND�A�$SOUND�FOLDER�IN�YOUR�4TART�.ENU
CONTAINING�SHORT�CUTS�TO�VARIOUS�ITEMS�OF�DOCUMENTATION�AND�$SOUND�FRONT�ENDS�

http://www.python.org/getit/


5HE�8INDOWS�INSTALLER�WILL�NOT�CREATE�ANY�DESKTOP�SHORTCUTS�BUT�YOU�CAN�EASILY�DO�THIS
YOURSELFBY�RIGHT�CLICKING�THE�$SOUND2T�EXECUTABLE�	FOR�EXAMPLE
�AND�SELECTING��CREATE
SHORTCUT���%RAG�THE�NEWLY�CREATED�SHORTCUT�ONTO�YOUR�DESKTOP�

Mac OS X

5HE�.AC�04�9�INSTALLERS�ARE�THE�FILES�ENDING�IN.dmg��-OOK�FOR�THE�LATEST�VERSION�OF
$SOUND�FOR�YOUR�PARTICULAR�SYSTEM
�FOR�EXAMPLE�A�6NIVERSAL�BINARY�FOR������WILL�BE�CALLED
SOMETHING�LIKE�csound5.19.02-OSX10.8-universal.dmg��8HEN�YOU�DOUBLE�CLICK�THE
DOWNLOADED�FILE
�YOU�WILL�HAVE�A�DISK�IMAGE�ON�YOUR�DESKTOP
�WITH�THE�$SOUND�INSTALLER

$SOUND2T�AND�A�README�FILE��%OUBLE�CLICK�THE�INSTALLER�AND�FOLLOW�THE�INSTRUCTIONS�
$SOUND�AND�THE�BASIC�$SOUND�UTILITIES�WILL�BE�INSTALLED��5O�INSTALL�THE�$SOUND2T�FRONTEND

YOU�ONLY�NEED�TO�MOVE�IT�TO�YOUR�"PPLICATIONS�FOLDER�

Linux and others

$SOUND�IS�AVAILABLE�FROM�THE�OFFICIAL�PACKAGE�REPOSITORIES�FOR�MANY�DISTRIBUTIONS�LIKE
0PEN4USE
�%EBIAN
�6BUNTU
�'EDORA
�"RCHLINUX�AND�(ENTOO��*F�THERE�ARE�NO�BINARY
PACKAGES�FOR�YOUR�PLATFORM
�OR�YOU�NEED�A�MORE�RECENT�VERSION
�YOU�CAN�GET�THE�SOURCE



PACKAGE�FROM�THE�4OURCE'ORGE�PAGE�AND�BUILD�FROM�SOURCE��4OME�BUILD�INSTRUCTIONS�CAN
BE�FOUND�IN�THE�CHAPTER�#6*-%*/(�$406/%�IN�THE�APPENDIX
�AND�IN�THE$SOUND�8IKI
ON�4OURCEFORGE��%ETAILED�INFORMATION�CAN�ALSO�BE�FOUND�IN�THE#UILDING�$SOUND�.ANUAL
1AGE�

/OTE�THAT�THE�$SOUND�REPOSITORY�HAS�MOVED�FROM�CVS�TO�GIT��"FTER�INSTALLING�GIT
�YOU�CAN
USE�THIS�COMMAND�TO�CLONE�THE�$SOUND��REPOSITORY
�IF�YOU�LIKE�TO�HAVE�ACCESS�TO�THE�LATEST
	PERHAPS�UNSTABLE
�SOURCES�

git clone git://git.code.sf.net/p/csound/csound5-git

iOS

5HANKS�TO�4TEVEN�:I�AND�7ICTOR�-AZZARINI
�$SOUND�HAS�BEEN�PORTED�TO�"NDROID�AND

I04� �

5HE�I04�FILES�FOR�$4OUND�ARE�FOUND�IN�A�SUBFOLDER�OF�THE�$4OUND�FILES�ON�4OURCE'ORGE�
"T�THE�TIME�OF�WRITING�THE�LOCATION�IS�HTTP���SOURCEFORGE�NET�PROJECTS�CSOUND�FILES�
CSOUND��I04�

5HE�FILE�OF�INTEREST�ISCSOUND�I04�9�99�99�9�ZIPWHERE�	9�99�99�9�IS�THE�VERSION
NUMBER
��5HE�ARCHIVE�FILE�CONTAINS�THE�$4OUND�PROGRAMMING�LIBRARY
�SAMPLE�CODE
�AND�A
1%'�INTRODUCTION�TO�PROGRAMMING�$4OUND�FOR�I04�DEVICES
�WRITTEN�BY7ICTOR�-AZZARINI
AND�4TEVEN�:I�

5HIS�DISTRIBUTION�IS�AIMED�AT�I04�PROGRAMMERS
�THERE�ARE�NO�APPS�THAT�CAN�BE�INSTALLED
DIRECTLY��THIS�IS�DUE�TO�THE�FACT�THAT�I04�APPS�CANNOT�BE�INSTALLED�DIRECTLY��I04�APPS�HAVE�TO
BE�DOWNLOADED�AND�INSTALLED�FROM�"PPLE�S�APP�STORE�

0N�"PPLE�S�APP�STORE
�THERE�ARE�SOME�EXAMPLES�OF�APPS�THAT�USE�$4OUND��#ELOW
�IS�A�A
SMALL�SAMPLE�OF�APPS�THAT�MAKE�USE�OF�$4OUND�

d CS(RAIN
�DEVELOPED�BY�THE�#OULANGER�-ABS�	HTTP���WWW�BOULANGERLABS�COM

�IS�A
COMPLEX�AUDIO�EFFECTS�APP�THAT�WORKS�WITH�AUDIO�FILES�OR�LIVE�AUDIO�INPUT�

d 1ORTABLE�%ANDY
�AN�INNOVATIVE�SAMPLER�SYNTHESISER�FOR�I04�	SEE
HTTP���WWW�BAREFOOT�CODERS�COM
�

d I1ULSARET
�AN�IMPRESSIVE�SYNTHESIZER�APP�	SEEHTTP���WWW�DENSITYTIGS�COM
�

http://sourceforge.net/apps/mediawiki/csound/index.php?title=Csound_development
http://sourceforge.net/apps/mediawiki/csound/index.php?title=Csound_development
http://www.csounds.com/manual/html/BuildingCsound.html
http://www.csounds.com/manual/html/BuildingCsound.html
a-make-csound-run#InsertNoteID_6
http://sourceforge.net/projects/csound/files/csound5/iOS/
http://sourceforge.net/projects/csound/files/csound5/iOS/
http://www.boulangerlabs.com
http://www.barefoot-coders.com
http://www.densitytigs.com


5HIS�IS�AN�ON�GOING�SITUATION
�AND�WE�CAN�EXPECT�TO�SEE�MORE�APPS�MADE�AVAILABLE�AS�TIME
GOES�BY�

Android

5HE�"NDROID�FILES�FOR�$SOUND�ARE�FOUND�IN�A�SUBFOLDER�OF�THE�$SOUND�FILES�ON
4OURCE'ORGE��"T�THE�TIME�OF�WRITING�THE�LOCATION�ISHTTP���SOURCEFORGE�NET�PROJECTS�CSOUND�
FILES�CSOUND��"NDROID�

5WO�FILES�ARE�OF�INTEREST�HERE��0NE�IS�A�$4%�PLAYERWHICH�EXECUTES�$4OUND�FILES�ON�AN
"NDROID�DEVICE	THE�$4%�PLAYER�APP�IS�CALLED$SOUND"PP�999�APKWHERE�999�IS�THE
VERSION�NUMBER�OF�THE�APP
�

5HE�OTHER�FILE�OF�POSSIBLE�INTEREST�TO�IS�CSOUND�ANDROID�9�99�99�ZIP�	WHERE�9�99�99�IS
THE�VERSION�NUMBER

�THIS�FILE�CONTAINS�AN�"NDROID�PORT�OF�THE�$4OUND�PROGRAMMING
LIBRARY�AND�SAMPLE�"NDROID�PROJECTS��5HE�SOURCE�CODE�FOR�THE�$4%�PLAYER�MENTIONED
ABOVE
�IS�ONE�OF�THE�SAMPLE�PROJECTS�5HIS�FILE�SHOULD�NOT�BE�INSTALLED�ON�AN�"NDROID
DEVICE�

5O�INSTALL�THE$SOUND"PP�999�APKON�AN�"NDROID�DEVICE�THE�FOLLOWING�STEPS�ARE�TAKEN�

�� 5HE$SOUND"PP�999�APKFILE�IS�COPIED�ONTO�THE�"NDROID�DEVICE
FOR
EXAMPLE�MNT�SDCARD�DOWNLOAD�OR�SOMETHING�SIMILAR�

�� 0NE�OR�MORE�$4%�FILES�	NOT�INCLUDED�IN�THE�DISTRIBUTION
�SHOULD�BE�COPIED�TO�THE
DEVICE�S�SHARED�STORAGE�LOCATION��THIS�IS�USUALLYANYWHERE�IN�OR�BELOW��MNT�SDCARD

�� -AUNCH�A�FILE�EXPLORER�APP�ON�THE�DEVICE�AND�NAVIGATE�TO�THE�FOLDER�CONTAINING�THE
FILE$SOUND"PP�999�APK�	COPIED�IN�STEP��
��4ELECT�THE�APK�FILE�AND�WHEN
PROMPTED
�SELECT�TO�INSTALL�IT�5HE�APP�IS�INSTALLED�AS��$4%�1LAYER��

�� *N�THE�DEVICE�S�APP�BROWSER�	THE�SCREEN�WHICH�IS�USED�TO�LAUNCH�ALL�THE�APPS�ON
THE�DEVICE
�RUN�THE��$4%�1LAYER��APP�

�� $4%�1LAYER�DISPLAYS�ITS�INITIAL�SCREEN��5AP�THE��#ROWSE��BUTTON�TO�FIND�A�$4%
FILE�TO�PLAY�ON�YOUR�DEVICE��$4%�1LAYER�DISPLAYS�A�FILE�BROWSER�STARTING�AT
THEDEVICE�S�SHARED�STORAGE�LOCATION�	USUALLY�MNT�SDCARD
��4ELECT�A�CSD�FILE�THAT
YOU�HAVE�COPIED�TO�THE�DEVICE�	STEP��
�

�� 5AP�THE�PLAY�TOGGLE�TO�PLAY�THE�SELECTED�$4%�

0N�(OOGLE�S�1LAY�4TORE�THERE�ARE�SOME�APPS�THAT�USE�$4OUND��#ELOW�IS�A�SMALL�SAMPLE�OF
SUCH�APPS�

d %*:�4OUND�4ALAD
�DEVELOPED�BY�;ATCHU	HTTP���ZATCHU�COM�CATEGORY�STORY�

�IS�A
MULTI�SAMPLE�RECORD�AND�PLAYBACK�APP��2UITE�ENJOYABLE�TO�USE�

d $HIME�1AD
�DEVELOPED�BY�"RTHUR�#��)UNKINS�	HTTP���WWW�ARTHUNKINS�COM

�IS�A
SOOTHING�CHIME�PLAYER�APP�

d .ONO�%OT�.ICRO
�DEVELOPED�BY�"COUSTIC�0RCHARD�	HTTP���ACOUSTICORCHARD�COM�
MICROSYNTH�MARKET

�THIS�APP�IS�A���OSCILLATOR�SYNTHESISER
�WITH�EFFECTS�

http://sourceforge.net/projects/csound/files/csound5/Android/
http://sourceforge.net/projects/csound/files/csound5/Android/
http://www.zatchu.com
http://www.arthunkins.com
http://acousticorchard.com/microsynth/market
http://acousticorchard.com/microsynth/market


d 1SYCHO�'LUTE�DEVELOPED�BY�#RIAN�3EDFERN�	SOURCE�CODE�AVAILABLE�AT
HTTP���GITHUB�COM�BREDFERN�1SYCHO'LUTE

�IT�IS�A��PHYSICAL�MODELLING�FLUTE�SYNTH��
#OTH�FUN�AND�INTERESTING�

INSTALL PROBLEMS?

*F
�FOR�ANY�REASON
�YOU�CAN�T�FIND�THE�$SOUND2T�	FORMERLY�2UTE$SOUND
�FRONTEND�ON�YOUR
SYSTEM�AFTER�INSTALL
�OR�IF�YOU�WANT�TO�INSTALL�THE�MOST�RECENT�VERSION�OF�$SOUND2T
�OR�IF
YOU�PREFER�ANOTHER�FRONTEND�ALTOGETHER��SEE�THE�$406/%�'30/5&/%4�SECTION�OF�THIS
MANUAL�FOR�FURTHER�INFORMATION��*F�YOU�HAVE�ANY�INSTALL�PROBLEMS
�CONSIDER�JOINING�THE
$SOUND�.AILING�-ISTTO�REPORT�YOUR�ISSUES
�OR�WRITE�A�MAIL�TO�ONE�OF�THE�MAINTAINERS�	SEE
0/�5)*4�3&-&"4&
�

THE CSOUND REFERENCE MANUAL

5HE�$SOUND�3EFERENCE�.ANUAL�IS�AN�INDISPENSABLE�COMPANION�TO�$SOUND��*T�IS�AVAILABLE
IN�VARIOUS�FORMATS�FROM�THE�SAME�PLACE�AS�THE�$SOUND�INSTALLERS
�AND�IT�IS�INSTALLED�WITH
THE�PACKAGES�FOR�04�9�AND�8INDOWS��*T�CAN�ALSO�BE�BROWSED�ONLINE�AT5HE�$SOUND
.ANUAL�4ECTION�AT�$SOUNDS�COM��.ANY�FRONTENDS�WILL�PROVIDE�YOU�WITH�DIRECT�AND�EASY
ACCESS�TO�IT�

HOW TO EXECUTE A SIMPLE EXAMPLE

Using CsoundQt

3UN�$SOUND2T��(O�INTO�THE�$SOUND2T�MENUBAR�AND�CHOOSE��&XAMPLES��(ETTING
STARTED������#ASICS���)ELLO8ORLD

:OU�WILL�SEE�A�VERY�BASIC�$SOUND�FILE�	�CSD
�WITH�A�LOT�OF�COMMENTS�IN�GREEN�

$LICK�ON�THE��36/��ICON�IN�THE�$SOUND2T�CONTROL�BAR�TO�START�THE�REALTIME�$SOUND�ENGINE�
:OU�SHOULD�HEAR�A�����)Z�SINE�WAVE�

:OU�CAN�ALSO�RUN�THE�$SOUND�ENGINE�IN�THE�TERMINAL�FROM�WITHIN�2UTE$SOUND��+UST�CLICK
ON��3UN�IN�5ERM���"�CONSOLE�WILL�POP�UP�AND�$SOUND�WILL�BE�EXECUTED�AS�AN�INDEPENDENT
PROCESS��5HE�RESULT�SHOULD�BE�THE�SAME���THE�����)Z��BEEP��

Using the Terminal / Console

���4AVE�THE�FOLLOWING�CODE�IN�ANY�PLAIN�TEXT�EDITOR�AS�)ELLO8ORLD�CSD�

EXAMPLE 02A01_HelloWorld.csd

http://github.com/bredfern/PsychoFlute
http://www.csounds.com/community
http://www.csounds.com/manual/html/index.html
http://www.csounds.com/manual/html/index.html


<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Alex Hofmann
instr 1
aSin oscils    0dbfs/4, 440, 0

out       aSin
endin
</CsInstruments>
<CsScore>
i 1 0 1
</CsScore>
</CsoundSynthesizer>

���0PEN�THE�5ERMINAL���1ROMPT���$ONSOLE

���5YPE�csound /full/path/HelloWorld.csd

WHERE/full/path/HelloWorld.csdIS�THE�COMPLETE�PATH�TO�YOUR�FILE��:OU�ALSO�EXECUTE�THIS
FILE�BY�JUST�TYPINGcsoundTHEN�DRAGGING�THE�FILE�INTO�THE�TERMINAL�WINDOW�AND�THEN�HITTING
RETURN�

:OU�SHOULD�HEAR�A�����)Z�TONE�

�� 4TEVEN�:I�AND�7ICTOR�-AZZARINI�$SOUND�ON�"NDROID	1APER�AT�THE�-INUX�"UDIO
$ONFERENCE�����
��#RIAN�3EDFERN�*NTRODUCING�THE�"NDROID�$4%�1LAYER	$SOUND

+OURNAL�*SSUE������'ALL�����
?

http://lac.linuxaudio.org/2012/papers/20.pdf
http://www.csounds.com/journal/issue17/android_csd_player.html
a-make-csound-run#InsertNoteID_6_marker7


CSOUND SYNTAX

ORCHESTRA AND SCORE

*N�$SOUND
�YOU�MUST�DEFINE��INSTRUMENTS�
�WHICH�ARE�UNITS�WHICH��DO�THINGS�
�FOR
INSTANCE�PLAYING�A�SINE�WAVE��5HESE�INSTRUMENTS�MUST�BE�CALLED�OR��TURNED�ON��BY�A
�SCORE���5HE�$SOUND��SCORE��IS�A�LIST�OF�EVENTS�WHICH�DESCRIBE�HOW�THE�INSTRUMENTS�ARE�TO
BE�PLAYED�IN�TIME��*T�CAN�BE�THOUGHT�OF�AS�A�TIMELINE�IN�TEXT�

"�$SOUND�INSTRUMENT�IS�CONTAINED�WITHIN�AN�*NSTRUMENT�#LOCK
�WHICH�STARTS�WITH�THE
KEYWORDINSTRAND�ENDS�WITH�THE�KEYWORDENDIN��"LL�INSTRUMENTS�ARE�GIVEN�A�NUMBER�	OR�A
NAME
�TO�IDENTIFY�THEM�

instr 1
... instrument instructions come here...
endin

4CORE�EVENTS�IN�$SOUND�ARE�INDIVIDUAL�TEXT�LINES
�WHICH�CAN�TURN�ON�INSTRUMENTS�FOR�A
CERTAIN�TIME��'OR�EXAMPLE
�TO�TURN�ON�INSTRUMENT��
�AT�TIME��
�FOR���SECONDS�YOU�WILL�USE�

i 1 0 2

THE CSOUND DOCUMENT STRUCTURE

"�$SOUND�DOCUMENT�IS�STRUCTURED�INTO�THREE�MAIN�SECTIONS�

d CsOptions��$ONTAINS�THE�CONFIGURATION�OPTIONS�FOR�$SOUND��'OR�EXAMPLE�USING���
O�DAC��IN�THIS�SECTION�WILL�MAKE�$SOUND�RUN�IN�REAL�TIME�INSTEAD�OF�WRITING�A

SOUND�FILE��

d CsInstruments��$ONTAINS�THE�INSTRUMENT�DEFINITIONS�AND�OPTIONALLY�SOME�GLOBAL

SETTINGS�AND�DEFINITIONS�LIKE�SAMPLE�RATE
�ETC��

d CsScore��$ONTAINS�THE�SCORE�EVENTS�WHICH�TRIGGER�THE�INSTRUMENTS�

&ACH�OF�THESE�SECTIONS�IS�OPENED�WITH�A��XYZ��TAG�AND�CLOSED�WITH�A���XYZ��TAG��&VERY
$SOUND�FILE�STARTS�WITH�THE��$SOUND4YNTHESIZER��TAG
�AND�ENDS�WITH
��$SOUND4YNTHESIZER���0NLY�THE�TEXT�IN�BETWEEN�WILL�BE�USED�BY�$SOUND�

EXAMPLE 02B01_DocStruct.csd

<CsoundSynthesizer>; START OF A CSOUND FILE

<CsOptions> ; CSOUND CONFIGURATION
-odac
</CsOptions>

http://www.csounds.com/manual/html/instr.html
http://www.csounds.com/manual/html/endin.html
b-csound-syntax#InsertNoteID_16
b-csound-syntax#InsertNoteID_28


<CsInstruments> ; INSTRUMENT DEFINITIONS GO HERE

; Set the audio sample rate to 44100 Hz
sr = 44100

instr 1
; a 440 Hz Sine Wave
aSin oscils    0dbfs/4, 440, 0

out       aSin
endin
</CsInstruments>

<CsScore> ; SCORE EVENTS GO HERE
i 1 0 1
</CsScore>

</CsoundSynthesizer> ; END OF THE CSOUND FILE
; Anything after is ignored by Csound

$OMMENTS
�WHICH�ARE�LINES�OF�TEXT�THAT�$SOUND�WILL�IGNORE
�ARE�STARTED�WITH�THE����
CHARACTER��.ULTI�LINE�COMMENTS�CAN�BE�MADE�BY�ENCASING�THEM�BETWEEN������AND�����

OPCODES

�0PCODES��OR��6NIT�GENERATORS��ARE�THE�BASIC�BUILDING�BLOCKS�OF�$SOUND��0PCODES�CAN�DO
MANY�THINGS�LIKE�PRODUCE�OSCILLATING�SIGNALS
�FILTER�SIGNALS
�PERFORM�MATHEMATICAL
FUNCTIONS�OR�EVEN�TURN�ON�AND�OFF�INSTRUMENTS��0PCODES
�DEPENDING�ON�THEIR�FUNCTION
�WILL
TAKE�INPUTS�AND�OUTPUTS��&ACH�INPUT�OR�OUTPUT�IS�CALLED
�IN�PROGRAMMING�TERMS
�AN
�ARGUMENT���0PCODES�ALWAYS�TAKE�INPUT�ARGUMENTS�ON�THE�RIGHT�AND�OUTPUT�THEIR�RESULTS�ON
THE�LEFT
�LIKE�THIS�

output    OPCODE    input1, input2, input3, .., inputN

'OR�EXAMPLE�THEOSCILSOPCODE�HAS�THREE�INPUTS��AMPLITUDE
�FREQUENCY�AND�PHASE
�AND
PRODUCES�A�SINE�WAVE�SIGNAL�

aSin oscils    0dbfs/4, 440, 0

*N�THIS�CASE
�A�����)ERTZ�OSCILLATION�STARTING�AT�PHASE���RADIANS
�WITH�AN�AMPLITUDE�OF
0dbfs/4	A�QUARTER�OF���D#�AS�FULL�SCALE
�WILL�BE�CREATED�AND�ITS�OUTPUT�WILL�BE�STORED�IN�A
CONTAINER�CALLEDaSin��5HE�ORDER�OF�THE�ARGUMENTS�IS�IMPORTANT��THE�FIRST�INPUT�TOoscils
WILL�ALWAYS�BE�AMPLITUDE
�THE�SECOND
�FREQUENCY�AND�THE�THIRD
�PHASE�

.ANY�OPCODES�INCLUDE�OPTIONAL�INPUT�ARGUMENTS�AND�OCCASIONALLY�OPTIONAL�OUTPUT
ARGUMENTS��5HESE�WILL�ALWAYS�BE�PLACED�AFTER�THE�ESSENTIAL�ARGUMENTS��*N�THE�$SOUND
.ANUAL�DOCUMENTATION�THEY�ARE�INDICATED�USING�SQUARE�BRACKETS��<>���*F�OPTIONAL�INPUT
ARGUMENTS�ARE�OMITTED�THEY�ARE�REPLACED�WITH�THE�DEFAULT�VALUES�INDICATED�IN�THE�$SOUND

http://www.csounds.com/manual/html/oscils.html


.ANUAL��5HE�ADDITION�OF�OPTIONAL�OUTPUT�ARGUMENTS�NORMALLY�INITIATES�A�DIFFERENT�MODE�OF
THAT�OPCODE��FOR�EXAMPLE
�A�STEREO�AS�OPPOSED�TO�MONO�VERSION�OF�THE�OPCODE�

VARIABLES

"��VARIABLE��IS�A�NAMED�CONTAINER��*T�IS�A�PLACE�TO�STORE�THINGS�LIKE�SIGNALS�OR�VALUES�FROM
WHERE�THEY�CAN�BE�RECALLED�BY�USING�THEIR�NAME��*N�$SOUND�THERE�ARE�VARIOUS�TYPES�OF
VARIABLES��5HE�EASIEST�WAY�TO�DEAL�WITH�VARIABLES�WHEN�GETTING�TO�KNOW�$SOUND�IS�TO
IMAGINE�THEM�AS�CABLES�

*F�YOU�WANT�TO�PATCH�THIS�TOGETHER��0SCILLATOR��'ILTER��0UTPUT


YOU�NEED�TWO�CABLES
�ONE�GOING�OUT�FROM�THE�OSCILLATOR�INTO�THE�FILTER�AND�ONE�FROM�THE
FILTER�TO�THE�OUTPUT��5HE�CABLES�CARRY�AUDIO�SIGNALS
�WHICH�ARE�VARIABLES�BEGINNING�WITH�THE
LETTER��A��

aSource    buzz       0.8, 200, 10, 1
aFiltered  moogladder aSource, 400, 0.8

out        aFiltered

*N�THE�EXAMPLE�ABOVE
�THEBUZZOPCODE�PRODUCES�A�COMPLEX�WAVEFORM�AS�SIGNALaSource�
5HIS�SIGNAL�IS�FED�INTO�THEMOOGLADDEROPCODE
�WHICH�IN�TURN�PRODUCES�THE�SIGNAL
aFiltered��5HEOUTOPCODE�TAKES�THIS�SIGNAL
�AND�SENDS�IT�TO�THE�OUTPUT�WHETHER�THAT�BE�TO
THE�SPEAKERS�OR�TO�A�RENDERED�FILE�

0THER�COMMON�VARIABLE�TYPES�ARE��K��VARIABLES�WHICH�STORE�CONTROL�SIGNALS
�WHICH�ARE
UPDATED�LESS�FREQUENTLY�THAN�AUDIO�SIGNALS
�AND��I��VARIABLES�WHICH�ARE�CONSTANTS�WITHIN
EACH�INSTRUMENT�NOTE�

:OU�CAN�FIND�MORE�INFORMATION�ABOUT�VARIABLE�TYPESHEREIN�THIS�MANUAL
�ORHEREIN�THE
$SOUND�+OURNAL�

USING THE MANUAL

5HE$SOUND�3EFERENCE�.ANUALIS�A�COMPREHENSIVE�SOURCE�REGARDING�$SOUND�S�SYNTAX�AND
OPCODES��"LL�OPCODES�HAVE�THEIR�OWN�MANUAL�ENTRY�DESCRIBING�THEIR�SYNTAX�AND�BEHAVIOR

AND�THE�MANUAL�CONTAINS�A�DETAILED�REFERENCE�ON�THE�$SOUND�LANGUAGE�AND�OPTIONS�

*N$SOUND2TYOU�CAN�FIND�THE�$SOUND�.ANUAL�IN�THE�)ELP�.ENU��:OU�CAN�QUICKLY�GO�TO�A
PARTICULAR�OPCODE�ENTRY�IN�THE�MANUAL�BY�PUTTING�THE�CURSOR�ON�THE�OPCODE�AND�PRESSING
4HIFT�'�� 8IN9SOUND
 $ABBAGEAND#LUEALSO�PROVIDE�EASY�ACCESS�TO�THE�MANUAL�

http://www.csounds.com/manual/html/buzz.html
http://www.csounds.com/manual/html/moogladder.html
http://www.csounds.com/manual/html/out.html
http://en.flossmanuals.net/bin/view/Csound/LOCALANDGLOBALVARIABLES
http://www.csounds.com/journal/issue10/CsoundRates.html
http://www.csounds.com/manual/html/indexframes.html
http://qutecsound.sourceforge.net
http://winxound.codeplex.com
http://code.google.com/p/cabbage
http://blue.kunstmusik.com/


�� 'IND�ALL�OPTIONS�	�FLAGS�
�IN�ALPHABETICAL�ORDER�AT�WWW�CSOUNDS�COM�MANUAL�
HTML�$OMMAND'LAGS�HTML�OR�SORTED�BY�CATEGORY�AT�WWW�CSOUNDS�COM�MANUAL�

HTML�$OMMAND'LAGS$ATEGORY�HTML��?

�� *T�IS�NOT�OBLIGATORY�TO�INCLUDE�0RCHESTRA�)EADER�4TATEMENTS�	SR
�KR
�KSMPS
�NCHNLS

ETC�
�IN�THE�SECTION��*F�THEY�ARE�OMITTED
�THEN�THE�DEFAULT�VALUE�WILL�BE�USED�
sr 	AUDIO�SAMPLING�RATE
�DEFAULT�VALUE�IS������

kr 	CONTROL�RATE
�DEFAULT�VALUE�IS�����
�BUT�OVERWRITTEN�IF�KSMPS�IS�SPECIFIED
�AS
KR�SR�KSMPS

ksmps	NUMBER�OF�SAMPLES�IN�A�CONTROL�PERIOD
�DEFAULT�VALUE�IS���

nchnls 	NUMBER�OF�CHANNELS�OF�AUDIO�OUTPUT
�DEFAULT�VALUE�IS���	MONO


0dbfs 	VALUE�OF���DECIBELS�USING�FULL�SCALE�AMPLITUDE
�DEFAULT�IS������

.ODERN�AUDIO�SOFTWARE�NORMAL�USES��DBFS����
3EAD�CHAPTER����TO�KNOW�MORE�ABOUT�THESE�TERMS�FROM�A�GENERAL�PERSPECTIVE�

3EAD�CHAPTER���"�TO�KNOW�MORE�IN�DETAIL�ABOUT�KSMPS�AND�FRIENDS�?

b-csound-syntax#InsertNoteID_16_marker17
b-csound-syntax#InsertNoteID_28_marker29


CONFIGURING MIDI
$SOUND�CAN�RECEIVE�.*%*�EVENTS�	LIKE�.*%*�NOTES�AND�.*%*�CONTROL�CHANGES
�FROM�AN
EXTERNAL�.*%*�INTERFACE�OR�FROM�ANOTHER�PROGRAM�VIA�A�VIRTUAL�.*%*�CABLE��5HIS
INFORMATION�CAN�BE�USED�TO�CONTROL�ANY�ASPECT�OF�SYNTHESIS�OR�PERFORMANCE�

$SOUND�RECEIVES�.*%*�DATA�THROUGH�.*%*�3EALTIME�.ODULES��5HESE�ARE�SPECIAL�$SOUND
PLUGINS�WHICH�ENABLE�.*%*�INPUT�USING�DIFFERENT�METHODS�ACCORDING�TO�PLATFORM��5HEY
ARE�ENABLED�USING�THE-+rtmidi COMMAND�LINE�FLAGIN�THE<CsOptions>SECTION�OF�YOUR
�CSD�FILE
�BUT�CAN�ALSO�BE�SET�INTERACTIVELY�ON�SOME�FRONT�ENDS�VIA�THE�CONFIGURE�DIALOG
SETUPS�

5HERE�IS�THE�UNIVERSAL��PORTMIDI��MODULE�1ORT.IDIIS�A�CROSS�PLATFORM�MODULE�FOR�.*%*
*�0�AND�SHOULD�BE�AVAILABLE�ON�ALL�PLATFORMS��5O�ENABLE�THE��PORTMIDI��MODULE
�YOU�CAN
USE�THE�FLAG�

-+rtmidi=portmidi

"FTER�SELECTING�THE�35�.*%*�MODULE�FROM�A�FRONT�END�OR�THE�COMMAND�LINE
�YOU�NEED�TO
SELECT�THE�.*%*�DEVICES�FOR�INPUT�AND�OUTPUT��5HESE�ARE�SET�USING�THE�FLAGS��.�AND��2
RESPECTIVELY�FOLLOWED�BY�THE�NUMBER�OF�THE�INTERFACE��:OU�CAN�USUALLY�USE�

-M999

5O�GET�A�PERFORMANCE�ERROR�WITH�A�LISTING�OF�AVAILABLE�INTERFACES�

'OR�THE�1ORT.IDI�MODULE�	AND�OTHERS�LIKE�"-4"

�YOU�CAN�SPECIFY�NO�NUMBER�TO�USE�THE
DEFAULT�.*%*�INTERFACE�OR�THE��A��CHARACTER�TO�USE�ALL�DEVICES��5HIS�WILL�EVEN�WORK�WHEN�NO
.*%*�DEVICES�ARE�PRESENT�

-Ma

4O�IF�YOU�WANT�.*%*�INPUT�USING�THE�PORTMIDI�MODULE
�USING�DEVICE���FOR�INPUT�AND
DEVICE���FOR�OUTPUT
�YOUR<CsOptions>SECTION�SHOULD�CONTAIN�

-+rtmidi=portmidi -M2 -Q1

5HERE�IS�A�SPECIAL��VIRTUAL��35�.*%*�MODULE�WHICH�ENABLES�.*%*�INPUT�FROM�AVIRTUAL
KEYBOARD��5O�ENABLE�IT
�YOU�CAN�USE�

http://www.csounds.com/manual/html/CommandFlagsCategory.html
http://portmedia.sourceforge.net/
http://www.csounds.com/manual/html/MidiTop.html#MidiVirtual
http://www.csounds.com/manual/html/MidiTop.html#MidiVirtual


-+rtmidi=virtual -M0

PLATFORM SPECIFIC MODULES

*F�THE��PORTMIDI��MODULE�IS�NOT�WORKING�PROPERLY�FOR�SOME�REASON
�YOU�CAN�TRY�OTHER
PLATFORM�SPECIFIC�MODULES�



Linux

0N�-INUX�SYSTEMS
�YOU�MIGHT�ALSO�HAVE�AN��ALSA��MODULE�TO�USE�THE�ALSA�RAW�.*%*
INTERFACE��5HIS�IS�DIFFERENT�FROM�THE�MORE�COMMON�ALSA�SEQUENCER�INTERFACE�AND�WILL
TYPICALLY�REQUIRE�THE�SND�VIRMIDI�MODULE�TO�BE�LOADED�

OS X

0N�04�9�YOU�MAY�HAVE�A��COREMIDI��MODULE�AVAILABLE�

Windows

0N�8INDOWS
�YOU�MAY�HAVE�A��WINMME��.*%*�MODULE�

MIDI I/O IN CSOUNDQT

"S�WITH�"UDIO�*�0
�YOU�CAN�SET�THE�.*%*�PREFERENCES�IN�THE�CONFIGURATION�DIALOG��*N�IT
YOU�WILL�FIND�A�SELECTION�BOX�FOR�THE�35�.*%*�MODULE
�AND�TEXT�BOXES�FOR�.*%*�INPUT�AND
OUTPUT�DEVICES�



HOW TO USE A MIDI KEYBOARD

0NCE�YOU�VE�SET�UP�THE�HARDWARE
�YOU�ARE�READY�TO�RECEIVE�.*%*�INFORMATION�AND�INTERPRET
IT�IN�$SOUND��#Y�DEFAULT
�WHEN�A�.*%*�NOTE�IS�RECEIVED
�IT�TURNS�ON�THE�$SOUND�INSTRUMENT
CORRESPONDING�TO�ITS�CHANNEL�NUMBER
�SO�IF�A�NOTE�IS�RECEIVED�ON�CHANNEL��
�IT�WILL�TURN�ON
INSTRUMENT��
�IF�IT�IS�RECEIVED�ON�CHANNEL���
�IT�WILL�TURN�ON�INSTRUMENT����AND�SO�ON�



*F�YOU�WANT�TO�CHANGE�THIS�ROUTING�OF�.*%*�CHANNELS�TO�INSTRUMENTS
�YOU�CAN�USE�THE
MASSIGNOPCODE��'OR�INSTANCE
�THIS�STATEMENT�LETS�YOU�ROUTE�YOUR�.*%*�CHANNEL���TO
INSTRUMENT����

massign 1, 10

0N�THE�FOLLOWING�EXAMPLE
�A�SIMPLE�INSTRUMENT
�WHICH�PLAYS�A�SINE�WAVE
�IS�DEFINED�IN
INSTRUMENT����5HERE�ARE�NO�SCORE�NOTE�EVENTS
�SO�NO�SOUND�WILL�BE�PRODUCED�UNLESS�A�.*%*
NOTE�IS�RECEIVED�ON�CHANNEL���

EXAMPLE 02C01_Midi_Keybd_in.csd

<CsoundSynthesizer>
<CsOptions>
-+rtmidi=portmidi -Ma -odac
</CsOptions>
<CsInstruments>
;Example by AndrŽs Cabrera

sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

massign   0, 1 ;assign all MIDI channels to instrument 1
giSine  ftgen     0,0,2^10,10,1 ;a function table with a sine wave

instr 1
iCps    cpsmidi   ;get the frequency from the key pressed
iAmp    ampmidi   0dbfs * 0.3 ;get the amplitude
aOut    poscil    iAmp, iCps, giSine ;generate a sine tone

outs      aOut, aOut ;write it to the output
endin

</CsInstruments>
<CsScore>
e 3600
</CsScore>
</CsoundSynthesizer>

/OTE�THAT�$SOUND�HAS�AN�UNLIMITED�POLYPHONY�IN�THIS�WAY��EACH�KEY�PRESSED�STARTS�A�NEW
INSTANCE�OF�INSTRUMENT��
�AND�YOU�CAN�HAVE�ANY�NUMBER�OF�INSTRUMENT�INSTANCES�AT�THE
SAME�TIME�

HOW TO USE A MIDI CONTROLLER

5O�RECEIVE�.*%*�CONTROLLER�EVENTS
�OPCODES�LIKECTRL�CAN�BE�USED�*N�THE�FOLLOWING
EXAMPLE�INSTRUMENT���IS�TURNED�ON�FOR����SECONDS��*T�WILL�RECEIVE�CONTROLLER���
	MODULATION�WHEEL
�ON�CHANNEL���AND�CONVERT�.*%*�RANGE�	�����
�TO�A�RANGE�BETWEEN����
AND������5HIS�VALUE�IS�USED�TO�SET�THE�FREQUENCY�OF�A�SIMPLE�SINE�OSCILLATOR�

http://www.csounds.com/manual/html/massign.html
http://www.csounds.com/manual/html/ctrl7.html


EXAMPLE 02C02_Midi_Ctl_in.csd

<CsoundSynthesizer>
<CsOptions>
-+rtmidi=virtual -M1 -odac
</CsOptions>
<CsInstruments>
;Example by AndrŽs Cabrera

sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine ftgen 0,0,2^10,10,1

instr 1
; --- receive controller number 1 on channel 1 and scale from 220 to 440
kFreq ctrl7  1, 1, 220, 440
; --- use this value as varying frequency for a sine wave
aOut  poscil 0.2, kFreq, giSine

outs   aOut, aOut
endin
</CsInstruments>
<CsScore>
i 1 0 60
e
</CsScore>
</CsoundSynthesizer>

OTHER TYPE OF MIDI DATA

$SOUND�CAN�RECEIVE�OTHER�TYPE�OF�.*%*
�LIKE�PITCH�BEND
�AND�AFTERTOUCH�THROUGH�THE�USAGE
OF�SPECIFIC�OPCODES��(ENERIC�.*%*�%ATA�CAN�BE�RECEIVED�USING�THEMIDIINOPCODE��5HE
EXAMPLE�BELOW�PRINTS�TO�THE�CONSOLE�THE�DATA�RECEIVED�VIA�.*%*�

EXAMPLE 02C03_Midi_all_in.csd

<CsoundSynthesizer>
<CsOptions>
-+rtmidi=portmidi -Ma -odac
</CsOptions>
<CsInstruments>
;Example by AndrŽs Cabrera

sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1
kStatus, kChan, kData1, kData2 midiin

http://www.csounds.com/manual/html/midiin.html


if kStatus != 0 then ;print if any new MIDI message has been received
printk 0, kStatus
printk 0, kChan
printk 0, kData1
printk 0, kData2

endif

endin

</CsInstruments>
<CsScore>
i1 0 3600
e
</CsScore>
</CsoundSynthesizer>



LIVE AUDIO

CONFIGURING AUDIO & TUNING AUDIO
PERFORMANCE

Selecting Audio Devices and Drivers

$SOUND�RELATES�TO�THE�VARIOUS�INPUTS�AND�OUTPUTS�OF�SOUND�DEVICES�INSTALLED�ON�YOUR
COMPUTER�AS�A�NUMBERED�LIST��*F�YOU�WISH�TO�SEND�OR�RECEIVE�AUDIO�TO�OR�FROM�A�SPECIFIC
AUDIO�CONNECTION�YOU�WILL�NEED�TO�KNOW�THE�NUMBER�BY�WHICH�$SOUND�KNOWS�IT��*F�YOU
ARE�NOT�SURE�OF�WHAT�THAT�IS�YOU�CAN�TRICK�$SOUND�INTO�PROVIDING�YOU�WITH�A�LIST�OF
AVAILABLE�DEVICES�BY�TRYING�TO�RUN�$SOUND�USING�AN�OBVIOUSLY�OUT�OF�RANGE�DEVICE�NUMBER

LIKE�THIS�

EXAMPLE 02D01_GetDeviceList.csd

<CsoundSynthesizer>
<CsOptions>
-iadc999 -odac999
</CsOptions>
<CsInstruments>
;Example by AndrŽs Cabrera
instr 1
endin
</CsInstruments>
<CsScore>
e
</CsScore>
</CsoundSynthesizer>

5HE�INPUT�AND�OUTPUT�DEVICES�WILL�BE�LISTED�SEPERATELY��4PECIFY�YOUR�INPUT�DEVICE�WITH�THE
-iadc FLAG�AND�THE�NUMBER�OF�YOUR�INPUT�DEVICE
�AND�YOUR�OUTPUT�DEVICE�WITH�THE-odac
FLAG�AND�THE�NUMBER�OF�YOUR�OUTPUT�DEVICE��'OR�INSTANCE
�IF�YOU�SELECT�THE��9:;��DEVICE
FROM�THE�LIST�ABOVE�BOTH
�FOR�INPUT�AND�OUTPUT
�YOU�MAY�INCLUDE�SOMETHING�LIKE

-iadc2 -odac3

IN�THE��$S0PTIONS��SECTION�OF�YOU��CSD�FILE�

5HE�35�	��REAL�TIME
�OUTPUT�MODULE�CAN�BE�SET�WITH�THE-+rtaudio FLAG��*F�YOU�DON�T�USE
THIS�FLAG
�THE�1ORT"UDIO�DRIVER�WILL�BE�USED��0THER�POSSIBLE�DRIVERS�ARE�JACK�AND�ALSA
	-INUX

�MME�	8INDOWS
�OR�$ORE"UDIO�	.AC
��4O
�THIS�SETS�YOUR�AUDIO�DRIVER�TO�MME
INSTEAD�OF�1ORT�"UDIO�



-+rtaudio=mme

Tuning Performance and Latency

-IVE�PERFORMANCE�AND�LATENCY�DEPEND�MAINLY�ON�THE�SIZES�OF�THE�SOFTWARE�AND�THE
HARDWARE�BUFFERS��5HEY�CAN�BE�SET�IN�THE��$S0PTIONS��USING�THE��#�FLAG�FOR�THE�HARDWARE

BUFFER
�AND�THE��B�FLAG�FOR�THE�SOFTWARE�BUFFER�� 'OR�INSTANCE
�THIS�STATEMENT�SETS�THE
HARDWARE�BUFFER�SIZE�TO�����SAMPLES�AND�THE�SOFTWARE�BUFFER�SIZE�TO�����SAMPLE�

-B512 -b128

5HE�OTHER�FACTOR�WHICH�AFFECTS�$SOUND�S�LIVE�PERFORMANCE�IS�THEKSMPSVALUE�WHICH�IS�SET
IN�THE�HEADER�OF�THE��$S*NSTRUMENTS��SECTION��#Y�THIS�VALUE
�YOU�DEFINE�HOW�MANY
SAMPLES�ARE�PROCESSED�EVERY�$SOUND�CONTROL�CYCLE�

5RY�YOUR�REALTIME�PERFORMANCE�WITH��#���
��B����AND�KSMPS����� 8ITH�A�SOFTWARE
BUFFER�OF�����SAMPLES
�A�HARDWARE�BUFFER�OF�����AND�A�SAMPLE�RATE�OF�������YOU�WILL�HAVE
AROUND���MS�LATENCY
�WHICH�IS�USABLE�FOR�LIVE�KEYBOARD�PLAYING��*F�YOU�HAVE�PROBLEMS
WITH�EITHER�THE�LATENCY�OR�THE�PERFORMANCE
�TWEAK�THE�VALUES�AS�DESCRIBEDHERE�

CsoundQt

5O�DEFINE�THE�AUDIO�HARDWARE�USED�FOR�REALTIME�PERFORMANCE
�OPEN�THE�CONFIGURATION
DIALOG��*N�THE��3UN��5AB
�YOU�CAN�CHOOSE�YOUR�AUDIO�INTERFACE
�AND�THE�PREFERRED�DRIVER�
:OU�CAN�SELECT�INPUT�AND�OUTPUT�DEVICES�FROM�A�LIST�IF�YOU�PRESS�THE�BUTTONS�TO�THE�RIGHT�OF
THE�TEXT�BOXES�FOR�INPUT�AND�OUTPUT�NAMES��4OFTWARE�AND�HARDWARE�BUFFER�SIZES�CAN�BE�SET
AT�THE�TOP�OF�THIS�DIALOGUE�BOX�

d-live-audio#InsertNoteID_8
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CSOUND CAN PRODUCE EXTREME DYNAMIC
RANGE!

$SOUND�CANproduce extreme dynamic range
�SO�KEEP�AN�EYE�ON�THE�LEVEL�YOU�ARE
SENDING�TO�YOUR�OUTPUT��5HE�NUMBER�WHICH�DESCRIBES�THE�LEVEL�OF���D#
�CAN�BE�SET�IN
$SOUND�BY�THE�DBFSASSIGNMENT�IN�THE��$S*NSTRUMENTS��HEADER��5HERE�IS�NO�LIMITATION
�IF
YOU�SET��DBFS�����AND�SEND�A�VALUE�OF������
this can damage your ears and speakers!

USING LIVE AUDIO INPUT AND OUTPUT

5O�PROCESS�AUDIO�FROM�AN�EXTERNAL�SOURCE�	FOR�EXAMPLE�A�MICROPHONE

�USE�THEINCH
OPCODE�TO�ACCESS�ANY�OF�THE�INPUTS�OF�YOUR�AUDIO�INPUT�DEVICE��'OR�THE�OUTPUT
OUTCHGIVES
YOU�ALL�NECESSARY�FLEXIBILITY��5HE�FOLLOWING�EXAMPLE�TAKES�A�LIVE�AUDIO�INPUT�AND

http://www.csounds.com/manual/html/Zerodbfs.html
http://www.csounds.com/manual/html/inch.html
http://www.csounds.com/manual/html/outch.html


TRANSFORMS�ITS�SOUND�USING�RING�MODULATION��5HE�$SOUND�$ONSOLE�SHOULD�OUTPUT�FIVE
TIMES�PER�SECOND�THE�INPUT�AMPLITUDE�LEVEL�

EXAMPLE 02D02_LiveInput.csd

<CsoundSynthesizer>
<CsOptions>
;CHANGE YOUR INPUT AND OUTPUT DEVICE NUMBER HERE IF NECESSARY!
-iadc0 -odac0 -B512 -b128
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100 ;set sample rate to 44100 Hz
ksmps = 32 ;number of samples per control cycle
nchnls = 2 ;use two audio channels
0dbfs = 1 ;set maximum level as 1

giSine    ftgen     0, 0, 2^10, 10, 1 ;table with sine wave

instr 1
aIn       inch      1   ;take input from channel 1
kInLev    downsamp  aIn ;convert audio input to control signal

printk    .2, abs(kInLev)
;make modulator frequency oscillate 200 to 1000 Hz
kModFreq  poscil    400, 1/2, giSine
kModFreq  =         kModFreq+600
aMod      poscil    1, kModFreq, giSine ;modulator signal
aRM       =         aIn * aMod ;ring modulation

outch     1, aRM, 2, aRM ;output to channel 1 and 2
endin
</CsInstruments>
<CsScore>
i 1 0 3600
</CsScore>
</CsoundSynthesizer>

-IVE�"UDIO�IS�FREQUENTLY�USED�WITH�LIVE�DEVICES�LIKE�WIDGETS�OR�.*%*��*N�$SOUND2T
�YOU
CAN�FIND�SEVERAL�EXAMPLES�IN�&XAMPLES����(ETTING�4TARTED����3EALTIME�*NTERACTION�

�� "S�7ICTOR�-AZZARINI�EXPLAINS�	MAIL�TO�+OACHIM�)EINTZ
����MARCH�����

�THE�ROLE
OF��B�AND��#�VARIES�BETWEEN�THE�"UDIO�.ODULES�
����'OR�PORTAUDIO
��#�IS�ONLY�USED�TO�SUGGEST�A�LATENCY�TO�THE�BACKEND
�WHEREAS��B
IS�USED�TO�SET�THE�ACTUAL�BUFFERSIZE�
���'OR�COREAUDIO
��#�IS�USED�AS�THE�SIZE�OF�THE�INTERNAL�CIRCULAR�BUFFER
�AND��B�IS
USED�FOR�THE�ACTUAL�*0�BUFFER�SIZE�
���'OR�JACK
��#�IS�USED�TO�DETERMINE�THE�NUMBER�OF�BUFFERS�USED�IN�CONJUNCTION
WITH��B�
�NUM���	/���.����
���.���B�IS�THE�SIZE�OF�EACH�BUFFER�
���'OR�ALSA
��#�IS�THE�SIZE�OF�THE�BUFFER�SIZE
��B�IS�THE�PERIOD�SIZE�	A�BUFFER�IS
DIVIDED�INTO�PERIODS
�
���'OR�PULSE
��B�IS�THE�ACTUAL�BUFFERSIZE�PASSED�TO�THE�DEVICE
��#�IS�NOT�USED�



*N�OTHER�WORDS
��#�IS�NOT�TOO�SIGNIFICANT�IN��

�NOT�USED�IN��

�BUT�HAS�A�PART�TO

PLAY�IN��

��
�AND��

�WHICH�IS�FUNCTIONALLY�SIMILAR��?

�� *T�IS�ALWAYS�PREFERABLE�TO�USE�POWER�OF�TWO�VALUES�FOR�KSMPS�	WHICH�IS�THE�SAME
AS��BLOCK�SIZE��IN�1URE%ATA�OR��VECTOR�SIZE��IN�.AX
��+UST�WITH�KSMPS����
��
��
��

�������YOU�WILL�TAKE�ADVANTAGE�OF�THE��FULL�DUPLEX��AUDIO
�WHICH�PROVIDES�BEST�REAL
TIME�AUDIO��.AKE�SURE�YOUR�KSMPS�DIVIDES�YOUR�BUFFER�SIZE�WITH�NO�REMAINDER�

4O
�FOR��B����
�YOU�CAN�USE�KSMPS������
���
���
���
��
��
���OR���?

d-live-audio#InsertNoteID_8_marker9
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RENDERING TO FILE

WHEN TO RENDER TO FILE

$SOUND�CAN�ALSO�RENDER�AUDIO�STRAIGHT�TO�A�SOUND�FILE�STORED�ON�YOUR�HARD�DRIVE�INSTEAD�OF
AS�LIVE�AUDIO�SENT�TO�THE�AUDIO�HARDWARE��5HIS�GIVES�YOU�THE�POSSIBILITY�TO�HEAR�THE�RESULTS
OF�VERY�COMPLEX�PROCESSES�WHICH�YOUR�COMPUTER�CAN�T�PRODUCE�IN�REALTIME��0R�YOU�WANT
TO�RENDER�SOMETHING�IN�$SOUND�TO�IMPORT�IT�IN�AN�AUDIO�EDITOR
�OR�AS�THE�FINAL�RESULT�OF�A

�TAPE��PIECE��

$SOUND�CAN�RENDER�TO�FORMATS�LIKE�WAV
�AIFF�OR�OGG�	AND�OTHER�LESS�POPULAR�ONES

�BUT�NOT
MP��DUE�TO�ITS�PATENT�AND�LICENCING�PROBLEMS�

RENDERING TO FILE

4AVE�THE�FOLLOWING�CODE�AS�3ENDER�CSD�

EXAMPLE 02E01_Render.csd

<CsoundSynthesizer>
<CsOptions>
-o Render.wav
</CsOptions>
<CsInstruments>
;Example by Alex Hofmann
instr 1
aSin oscils    0dbfs/4, 440, 0

out       aSin
endin
</CsInstruments>
<CsScore>
i 1 0 1
e
</CsScore>
</CsoundSynthesizer>

0PEN�THE�5ERMINAL���1ROMPT���$ONSOLE�AND�TYPE�

csound /path/to/Render.csd

/OW
�BECAUSE�YOU�CHANGED�THE-o FLAG�IN�THE��$S0PTIONS��FROM���O�DAC��TO���O
filename�
�THE�AUDIO�OUTPUT�IS�NO�LONGER�WRITTEN�IN�REALTIME�TO�YOUR�AUDIO�DEVICE
�BUT
INSTEAD�TO�A�FILE��5HE�FILE�WILL�BE�RENDERED�TO�THE�DEFAULT�DIRECTORY�	USUALLY�THE�USER�HOME
DIRECTORY
��5HIS�FILE�CAN�BE�OPENED�AND�PLAYED�IN�ANY�AUDIO�PLAYER�OR�EDITOR
�E�G�
"UDACITY��	#Y�DEFAULT
�CSOUND�IS�A�NON�REALTIME�PROGRAM��4O�IF�NO�COMMAND�LINE�OPTIONS

e-rendering-to-file#InsertNoteID_6


ARE�GIVEN
�IT�WILL�ALWAYS�RENDER�THE�CSD�TO�A�FILE�CALLEDtest.wav
�AND�YOU�WILL�HEAR�NOTHING
IN�REALTIME�


5HE-o FLAG�CAN�ALSO�BE�USED�TO�WRITE�THE�OUTPUT�FILE�TO�A�CERTAIN�DIRECTORY��4OMETHING�LIKE
THIS�FOR�8INDOWS����

<CsOptions>
-o c:/music/samples/Render.wav
</CsOptions>

����AND�THIS�FOR�-INUX�OR�.AC�049�

<CsOptions>
-o /Users/JSB/organ/tatata.wav
</CsOptions>

Rendering Options

5HE�INTERNAL�RENDERING�OF�AUDIO�DATA�IN�$SOUND�IS�DONE�WITH����BIT�FLOATING�POINT
NUMBERS��%EPENDING�ON�YOUR�NEEDS
�YOU�SHOULD�DECIDE�THE�PRECISION�OF�YOUR�RENDERED
OUTPUT�FILE�

d *F�YOU�WANT�TO�RENDER����BIT�FLOATS
�USE�THE�OPTION�FLAG-f�
d *F�YOU�WANT�TO�RENDER����BIT
�USE�THE�FLAG-3�
d *F�YOU�WANT�TO�RENDER����BIT
�USE�THE�FLAG-s 	OR�NOTHING
�BECAUSE�THIS�IS�ALSO�THE

DEFAULT�IN�$SOUND
�

'OR�MAKING�SURE�THAT�THE�HEADER�OF�YOUR�SOUNDFILE�WILL�BE�WRITTEN�CORRECTLY
�YOU�SHOULD
USE�THE-W FLAG�FOR�A�8"7�FILE
�OR�THE-A FLAG�FOR�A�"*''�FILE��4O�THESE�OPTIONS�WILL
RENDER�THE�FILE��8OW�WAV��AS�8"7�FILE�WITH����BIT�ACCURACY�

<CsOptions>
-o Wow.wav -W -3
</CsOptions>

Realtime and Render-To-File at the Same Time

4OMETIMES�YOU�MAY�WANT�TO�SIMULTANEOUSLY�HAVE�REALTIME�OUTPUT�AND�FILE�RENDERING�TO
DISK
�LIKE�RECORDING�YOUR�LIVE�PERFORMANCE��5HIS�CAN�BE�ACHIEVED�BY�USING�THEFOUT
OPCODE��:OU�JUST�HAVE�TO�SPECIFY�YOUR�OUTPUT�FILE�NAME��'ILE�TYPE�AND�FORMAT�ARE�GIVEN�BY
A�NUMBER
�FOR�INSTANCE����SPECIFIES��WAV����BIT��	SEE�THE�MANUAL�PAGE�FOR�MORE
INFORMATION
��5HE�FOLLOWING�EXAMPLE�CREATES�A�RANDOM�FREQUENCY�AND�PANNING�MOVEMENT
OF�A�SINE�WAVE
�AND�WRITES�IT�TO�THE�FILE��LIVE@RECORD�WAV��	IN�THE�SAME�DIRECTORY�AS�YOUR
�CSD�FILE
�

EXAMPLE 02E02_RecordRT.csd

http://www.csounds.com/manual/html/fout.html


<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

seed      0 ;each time different seed for random
giSine    ftgen     0, 0, 2^10, 10, 1 ;a sine wave

instr 1
kFreq     randomi   400, 800, 1 ;random sliding frequency
aSig      poscil    .2, kFreq, giSine ;sine with this frequency
kPan      randomi   0, 1, 1 ;random panning
aL, aR    pan2      aSig, kPan ;stereo output signal

outs      aL, aR ;live output
fout      "live_record.wav", 18, aL, aR ;write to soundfile

endin

</CsInstruments>
<CsScore>
i 1 0 10
e
</CsScore>
</CsoundSynthesizer>



CsoundQt

"LL�THE�OPTIONS�WHICH�ARE�DESCRIBED�IN�THIS�CHAPTER�CAN�BE�HANDLED�VERY�EASILY�IN
$SOUND2T�

d 3ENDERING�TO�FILE�IS�SIMPLY�DONE�BY�CLICKING�THE��3ENDER��BUTTON
�OR�CHOOSING
�$ONTROL��3ENDER�TO�'ILE��IN�THE�.ENU�

d 5O�SET�FILE�DESTINATION�AND�FILE�TYPE
�YOU�CAN�MAKE�YOUR�OWN�SETTINGS�IN
�$SOUND2T�$ONFIGURATION��UNDER�THE�TAB��3UN����'ILE�	OFFLINE�RENDER
���5HE
DEFAULT�IS�A����#IT��WAV�FILE�

d 5O�RECORD�A�LIVE�PERFORMANCE
�JUST�CLICK�THE��3ECORD��BUTTON��:OU�WILL�FIND�A�FILE
WITH�THE�SAME�NAME�AS�YOUR��CSD�FILE
�AND�A�NUMBER�APPENDED�FOR�EACH�RECORD
TASK
�IN�THE�SAME�FOLDER�AS�YOUR��CSD�FILE�

�� OR�BIT�DEPTH
�SEE�THE�SECTION�ABOUT�#IT�DEPTH�3ESOLUTION�IN�CHAPTER���"�	%IGITAL

"UDIO
?
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INITIALIZATION AND
PERFORMANCE PASS
/OT�ONLY�FOR�BEGINNERS
�BUT�ALSO�FOR�EXPERIENCED�$SOUND�USERS
�MANY�PROBLEMS�RESULT
FROM�THE�MISUNDERSTANDING�OF�THE�SO�CALLED�I�RATE�AND�K�RATE��:OU�WANT�$SOUND�TO�DO
SOMETHING�JUST�ONCE
�BUT�$SOUND�DOES�IT�CONTINUOUSLY��:OU�WANT�$SOUND�TO�DO�SOMETHING
CONTINUOUSLY
�BUT�$SOUND�DOES�IT�JUST�ONCE��*F�YOU�EXPERIENCE�SUCH�A�CASE
�YOU�WILL�MOST
PROBABLY�HAVE�CONFUSED�I��AND�K�RATE�VARIABLES�

5HE�CONCEPT�BEHIND�THIS�IS�ACTUALLY�NOT�COMPLICATED��#UT�IT�IS�SOMETHING�WHICH�IS�MORE
IMPLICITLY�MENTIONED�WHEN�WE�THINK�OF�A�PROGRAM�FLOW
�WHEREAS�$SOUND�WANTS�TO�KNOW�IT
EXPLICITELY��4O�WE�TEND�TO�FORGET�IT�WHEN�WE�USE�$SOUND
�AND�WE�DO�NOT�NOTICE�THAT�WE
ORDERED�A�STONE�TO�BECOME�A�WAVE
�AND�A�WAVE�TO�BECOME�A�STONE��5HIS�CHAPTER�TRIES�TO
EXPLICATE�VERY�CAREFULLY�THE�DIFFERENCE�BETWEEN�STONES�AND�WAVES
�AND�HOW�YOU�CAN�PROFIT
FROM�THEM
�AFTER�YOU�UNDERSTOOD�AND�ACCEPTED�BOTH�QUALITIES�

THE INIT PASS

8HENEVER�A�$SOUND�INSTRUMENT�IS�CALLED
�ALL�VARIABLES�ARE�SET�TO�INITIAL�VALUES��5HIS�IS
CALLED�THE�INITIALIZATION�PASS�

5HERE�ARE�CERTAIN�VARIABLES
�WHICH�STAY�IN�THE�STATE�IN�WHICH�THEY�HAVE�BEEN�PUT�BY�THE
INIT�PASS��5HESE�VARIABLES�START�WITH�ANi IF�THEY�ARE�LOCAL�	��ONLY�CONSIDERED�INSIDE�AN
INSTRUMENT

�OR�WITH�Agi IF�THEY�ARE�GLOBAL�	��CONSIDERED�OVERALL�IN�THE�ORCHESTRA
��5HIS�IS
A�SIMPLE�EXAMPLE�

EXAMPLE 03A01_Init-pass.csd

<CsoundSynthesizer>
<CsInstruments>

giGlobal   =          1/2

instr 1
iLocal     =          1/4

print      giGlobal, iLocal
endin

instr 2
iLocal     =          1/5

print      giGlobal, iLocal
endin

</CsInstruments>
<CsScore>
i 1 0 0



i 2 0 0
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

5HE�OUTPUT�SHOULD�INCLUDE�THESE�LINES�
4&$5*0/���
NEW�ALLOC�FOR�INSTR���
INSTR���GI(LOBAL�������� I-OCAL��������
NEW�ALLOC�FOR�INSTR���
INSTR���GI(LOBAL�������� I-OCAL��������

"S�YOU�SEE
�THE�LOCAL�VARIABLESiLocal DO�HAVE�DIFFERENT�MEANINGS�IN�THE�CONTEXT�OF�THEIR
INSTRUMENT
�WHEREASgiGlobal IS�KNOWN�EVERYWHERE�AND�IN�THE�SAME�WAY��*T�IS�ALSO�WORTH
MENTIONING�THAT�THE�PERFORMANCE�TIME�OF�THE�INSTRUMENTS�	P�
�IS�ZERO��5HIS�MAKES�SENSE


AS�THE�INSTRUMENTS�ARE�CALLED
�BUT�ONLY�THE�INIT�PASS�IS�PERFORMED��

THE PERFORMANCE PASS

"FTER�HAVING�ASSIGNED�INITIAL�VALUES�TO�ALL�VARIABLES
�$SOUND�STARTS�THE�ACTUAL�PERFORMANCE�

"S�MUSIC�IS�A�VARIATION�OF�VALUES�IN�TIME
� AUDIO�SIGNALS�ARE�PRODUCING�VALUES�WHICH�VARY
IN�TIME��*N�ALL�DIGITAL�AUDIO
�THE�TIME�UNIT�IS�GIVEN�BY�THE�SAMPLE�RATE
�AND�ONE�SAMPLE�IS

THE�SMALLEST�POSSIBLE�TIME�ATOM��'OR�A�SAMPLE�RATE�OF�������)Z
� ONE�SAMPLE�COMES�UP�TO
THE�DURATION�OF���������������������SECONDS�

4O
�PERFORMANCE�FOR�AN�AUDIO�APPLICATION�MEANS�BASICALLY��CALCULATE�ALL�THE�SAMPLES�WHICH
ARE�FINALLY�BEING�WRITTEN�TO�THE�OUTPUT��:OU�CAN�IMAGINE�THIS�AS�THE�COOPERATION�OF�A�CLOCK
AND�A�CALCULATOR��'OR�EACH�SAMPLE
�THE�CLOCK�TICKS
�AND�FOR�EACH�TICK
�THE�NEXT�SAMPLE�IS
CALCULATED�

.OST�AUDIO�APPLICATIONS�DO�NOT�PERFORM�THIS�CALCULATION�SAMPLE�BY�SAMPLE��*T�IS�MUCH
MORE�EFFICIENT�TO�COLLECT�SOME�AMOUNT�OF�SAMPLES�IN�A��BLOCK��OR��VECTOR�
�AND�CALCULATE
THEM�ALL�TOGETHER��5HIS�MEANS�IN�FACT
�TO�INTRODUCE�ANOTHER�INTERNAL�CLOCK�IN�YOUR
APPLICATION��A�CLOCK�WHICH�TICKS�LESS�FREQUENTLY�THAN�THE�SAMPLE�CLOCK��'OR�INSTANCE
�IF
	ALWAYS�ASSUMED�YOUR�SAMPLE�RATE�IS�������)Z
�YOUR�BLOCK�SIZE�CONSISTS�OF����SAMPLES

YOUR�INTERNAL�CALCULATION�TIME�CLOCK�TICKS�EVERY��������	��������
�SECONDS��*F�YOUR�BLOCK
SIZE�CONSISTS�OF�����SAMPLES
�THE�CLOCK�TICKS�EVERY�������	����
�SECONDS�

5HE�FOLLOWING�ILLUSTRATION�SHOWS�AN�EXAMPLE�FOR�A�BLOCK�SIZE�OF����SAMPLES��5HE�SAMPLES
ARE�SHOWN�AT�THE�BOTTOM�LINE��"BOVE�ARE�THE�CONTROL�TICKS
�ONE�FOR�EACH�TEN�SAMPLES��5HE
TOP�TWO�LINES�SHOW�THE�TIMES�FOR�BOTH�CLOCKS�IN�SECONDS��*N�THE�UPMOST�LINE�YOU�SEE�THAT
THE�FIRST�CONTROL�CYCLE�HAS�BEEN�FINISHED�AT����������SECONDS
�THE�SECOND�ONE�AT���������

SECONDS
�AND�SO�ON��
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5HE�RATE�	FREQUENCY
�OF�THESE�TICKS�IS�CALLED�THE�CONTROL�RATE�IN�$SOUND��#Y�HISTORICAL

REASON
� IT�IS�CALLED��KONTROL�RATE��INSTEAD�OF�CONTROL�RATE
�AND�ABBREVIATED�AS��KR��INSTEAD
OF�CR��&ACH�OF�THE�CALCULATION�CYCLES�IS�CALLED�A��K�CYCLE���5HE�BLOCK�SIZE�OR�VECTOR�SIZE�IS
GIVEN�BY�THEksmpsPARAMETER
�WHICH�MEANS��HOW�MANY�SAMPLES�	SMPS
�ARE�COLLECTED�FOR

ONE�K�CYCLE��

-ET�US�SEE�SOME�CODE�EXAMPLES�TO�ILLUSTRATE�THESE�BASIC�CONTEXTS�

Implicit Incrementation

EXAMPLE 03A02_Perf-pass_incr.csd

<CsoundSynthesizer>
<CsInstruments>
sr = 44100
ksmps = 4410

instr 1
kCount init 0; set kcount to 0 first
kCount = kCount + 1; increase at each k-pass

printk 0, kCount; print the value
endin

</CsInstruments>
<CsScore>
i 1 0 1
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

:OUR�OUTPUT�SHOULD�CONTAIN�THE�LINES�
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
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I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� ��������

"�COUNTER�	K$OUNT
�IS�SET�HERE�TO�ZERO�AS�INITIAL�VALUE��5HEN
�IN�EACH�CONTROL�CYCLE
�THE
COUNTER�IS�INCREASED�BY�ONE��8HAT�WE�SEE�HERE
�IS�THE�TYPICAL�BEHAVIOUR�OF�A�LOOP��5HE
LOOP�HAS�NOT�BEEN�SET�EXPLICITELY
�BUT�WORKS�IMPLICITELY�BECAUSE�OF�THE�CONTINUOUS
RECALCULATION�OF�ALL�K�VARIABLES��4O�WE�CAN�ALSO�SPEAK�ABOUT�THE�K�CYCLES�AS�AN�IMPLICIT

	AND�TIME�TRIGGERED
�K�LOOP�� 5RY�CHANGING�THE�KSMPS�VALUE�FROM������TO������AND�TO
�����AND�OBSERVE�THE�DIFFERENCE�

5HE�NEXT�EXAMPLE�READS�THE�INCREMENTATION�OFkCountAS�RISING�FREQUENCY��5HE�FIRST
INSTRUMENT
�CALLED�3ISE
�SETS�THE�K�RATE�FREQUENCYkFreqTO�THE�INITIAL�VALUE�OF�����)Z
�AND
THEN�ADDS����)Z�IN�EVERY�NEW�K�CYCLE��"S�KSMPS����
�ONE�K�CYCLE�TAKES�������SECOND�TO
PERFORM��4O�IN���SECONDS
�THE�FREQUENCY�RISES�FROM�����TO������)Z��"T�THE�LAST�K�CYCLE


THE�FINAL�FREQUENCY�VALUE�IS�PRINTED�OUT�� ��5HE�SECOND�INSTRUMENT
�1ARTIALS
�INCREMENTS
THE�COUNTER�BY�ONE�FOR�EACH�K�CYCLE
�BUT�ONLY�SETS�THIS�AS�NEW�FREQUENCY�FOR�EVERY����
STEPS��4O�THE�FREQUENCY�STAYS�AT�����)Z�FOR�ONE�SECOND
�THEN�AT�����)Z�FOR�ONE�SECOND

AND�SO�ON��"S�THE�RESULTING�FREQUENCIES�ARE�IN�THE�RATIO��������������
�WE�HEAR�PARTIALS�BASED
ON�A�����)Z�FUNDAMENTAL
�FROM�THE�FIRST�PARTIAL�UP�TO�THE���ST��5HE�OPCODE�PRINTK��PRINTS
OUT�THE�FREQUENCY�VALUE�WHENEVER�IT�HAS�CHANGED�

EXAMPLE 03A03_Perf-pass_incr_listen.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 441
0dbfs = 1
nchnls = 2

;build a table containing a sine wave
giSine ftgen 0, 0, 2^10, 10, 1

instr Rise
kFreq init 100
aSine poscil .2, kFreq, giSine

outs aSine, aSine
;increment frequency by 10 Hz for each k-cycle
kFreq = kFreq + 10
;print out the frequency for the last k-cycle
kLast release

if kLast == 1 then

a-initialization-and-performance-pass#InsertNoteID_16
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printk 0, kFreq
endif

endin

instr Partials
;initialize kCount
kCount init 100
;get new frequency if kCount equals 100, 200, ...

if kCount % 100 == 0 then
kFreq = kCount

endif
aSine poscil .2, kFreq, giSine

outs aSine, aSine
;increment kCount
kCount = kCount + 1
;print out kFreq whenever it has changed

printk2 kFreq
endin
</CsInstruments>
<CsScore>
i "Rise" 0 3
i "Partials" 4 31
</CsScore>
</CsoundSynthesizer>

;example by joachim heintz

Init versus Equals

"�FREQUENTLY�OCCURING�ERROR�IS�THAT�INSTEAD�OF�SETTING�THE�K�VARIABLE�ASkCount init 0
�IT�IS
SET�ASkCount = 0��5HE�MEANING�OF�BOTH�STATEMENTS�HAS�ONE�SIGNIFICANT�DIFFERENCE�kCount
init 0 SETS�THE�VALUE�FOR�K$OUNT�TO�ZERO�ONLY�IN�THE�INIT�PASS
�WITHOUT�AFFECTING�IT�DURING�THE
PERFORMANCE�PASS��K$OUNT�����SETS�THE�VALUE�FOR�K$OUNT�TO�ZERO�AGAIN�AND�AGAIN
�IN�EACH
PERFORMANCE�CYCLE��4O�THE�INCREMENT�ALWAYS�STARTS�FROM�THE�SAME�POINT
�AND�NOTHING
REALLY�HAPPENS�

EXAMPLE 03A04_Perf-pass_no_incr.csd

<CsoundSynthesizer>
<CsInstruments>
sr = 44100
ksmps = 4410

instr 1
kcount = 0; sets kcount to 0 at each k-cycle
kcount = kcount + 1; does not really increase ...

printk 0, kcount; print the value
endin

</CsInstruments>
<CsScore>
i 1 0 1



</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

0UTPUTS�
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������

A Look at the Audio Vector

5HERE�ARE�DIFFERENT�OPCODES�TO�PRINT�OUT�K�VARIABLES�� 5HERE�IS�NO�OPCODE�IN�$SOUND�TO
PRINT�OUT�THE�AUDIO�VECTOR�DIRECTLY
�BUT�YOU�CAN�USE�THEvagetOPCODE�TO�SEE�WHAT�IS
HAPPENING�INSIDE�ONE�CONTROL�CYCLE�WITH�THE�AUDIO�SAMPLES�

EXAMPLE 03A05_Audio_vector.csd

<CsoundSynthesizer>
<CsInstruments>
sr = 44100
ksmps = 5
0dbfs = 1

instr 1
aSine oscils 1, 2205, 0
kVec1 vaget 0, aSine
kVec2 vaget 1, aSine
kVec3 vaget 2, aSine
kVec4 vaget 3, aSine
kVec5 vaget 4, aSine

printks "kVec1 = % f, kVec2 = % f, kVec3 = % f, kVec4 = % f, kVec5 = % f\n",\
0, kVec1, kVec2, kVec3, kVec4, kVec5

endin
</CsInstruments>
<CsScore>
i 1 0 [1/2205]
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

5HE�OUTPUT�SHOWS�THESE�LINES�
K7EC��� ��������
�K7EC��� ��������
�K7EC��� ��������
�K7EC��� ��������
�K7EC�
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� ��������
K7EC��� ��������
�K7EC��� ��������
�K7EC��� ��������
�K7EC��� ��������
�K7EC�
� ��������
K7EC�������������
�K7EC�������������
�K7EC�������������
�K7EC�������������
�K7EC�
�����������
K7EC�������������
�K7EC�������������
�K7EC�������������
�K7EC�������������
�K7EC�
�����������

*N�THIS�EXAMPLE
�THE�NUMBER�OF�AUDIO�SAMPLES�IN�ONE�K�CYCLE�IS�SET�TO�FIVE�BY�THE
STATEMENTksmps=5��5HE�FIRST�ARGUMENT�TO�VAGET�SPECIFIES�WHICH�SAMPLE�OF�THE�BLOCK�YOU
GET��'OR�INSTANCE


kVec1 vaget 0, aSine

GETS�THE�FIRST�VALUE�OF�THE�AUDIO�VECTOR�AND�WRITES�IT�INTO�THE�VARIABLE�K7EC���'OR�A
FREQUENCY�OF������)Z�AT�A�SAMPLE�RATE�OF�������)Z
�YOU�NEED����SAMPLES�TO�WRITE�ONE
COMPLETE�CYCLE�OF�THE�SINE��4O�WE�CALL�THE�INSTRUMENT�FOR��������SECONDS
�AND�WE�GET���K�
CYCLES��5HE�PRINTOUT�SHOWS�EXACTLY�ONE�PERIOD�OF�THE�SINE�WAVE�

A Summarizing Example

"FTER�HAVING�PUT�SO�MUCH�ATTENTION�TO�THE�DIFFERENT�SINGLE�ASPECTS�OF�INITIALIZATION

PERFORMANCE�AND�AUDIO�VECTORS
�THE�NEXT�EXAMPLE�TRIES�TO�SUMMARIZE�AND�ILLUSTRATE�ALL�THE
ASPECTS�IN�THEIR�PRACTICAL�MIXTURE�

EXAMPLE 03A06_Init_perf_audio.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 441
nchnls = 2
0dbfs = 1
instr 1
iAmp      =       p4 ;amplitude taken from the 4th parameter of the score line
iFreq     =       p5 ;frequency taken from the 5th parameter
; --- move from 0 to 1 in the duration of this instrument call (p3)
kPan      line      0, p3, 1
aNote     oscils  iAmp, iFreq, 0 ;create an audio signal
aL, aR    pan2    aNote, kPan ;let the signal move from left to right

outs    aL, aR ;write it to the output
endin
</CsInstruments>
<CsScore>
i 1 0 3 0.2 443
</CsScore>



</CsoundSynthesizer>
;example by joachim heintz

"S�KSMPS����
�EACH�CONTROL�CYCLE�IS������SECONDS�LONG�	���������
��4O�THIS�HAPPENS
WHEN�THE�INSTRUMENT�CALL�IS�PERFORMED�

*NIT"ND1ERF1ASS�

ACCESSING THE INITIALIZATION VALUE OF A
K-VARIABLE

*T�HAS�BEEN�SAID�THAT�THE�INIT�PASS�SETS�INITIAL�VALUES�TO�ALL�VARIABLES��*T�MUST�BE�EMPHASIZED
THAT�THIS�INDEED�CONCERNS�ALL�VARIABLES
�NOT�ONLY�THE�I�VARIABLES��*T�IS�ONLY�THE�MATTER�THAT�I�
VARIABLES�ARE�NOT�AFFECTED�BY�ANYTHING�WHICH�HAPPENS�LATER
�IN�THE�PERFORMANCE��#UT�ALSO
K��AND�A�VARIABLES�GET�THEIR�INITIAL�VALUES�

"S�WE�SAW
�THE�INIT�OPCODE�IS�USED�TO�SET�INITIAL�VALUES�FOR�K��OR�A�VARIABLES�EXPLICITELY��0N
THE�OTHER�HAND
�YOU�CAN�GET�THE�INITIAL�VALUE�OF�A�K�VARIABLE�WHICH�HAS�NOT�BEEN�SET
EXPLICITELY
�BY�THE�I	
�FACILITY��5HIS�IS�A�SIMPLE�EXAMPLE�

EXAMPLE 03A07_Init-values_of_k-variables.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
instr 1
gkLine line 0, p3, 1
endin
instr 2
iInstr2LineValue = i(gkLine)
print iInstr2LineValue
endin
instr 3
iInstr3LineValue = i(gkLine)
print iInstr3LineValue
endin
</CsInstruments>
<CsScore>
i 1 0 5
i 2 2 0
i 3 4 0
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz



0UTPUTS�
NEW�ALLOC�FOR�INSTR���
# �������� ������5 ������55 ������.� ���
NEW�ALLOC�FOR�INSTR���
INSTR���I*NSTR�-INE7ALUE��������
# �������� ������5 ������55 ������.� ���
NEW�ALLOC�FOR�INSTR���
INSTR���I*NSTR�-INE7ALUE��������
# �������� ������5 ������55 ������.� ���

*NSTRUMENT���PRODUCES�A�RISING�K�SIGNAL
�STARTING�AT�ZERO�AND�ENDING�AT�ONE
�OVER�A�TIME�OF
FIVE�SECONDS��5HE�VALUES�OF�THIS�LINE�RISE�ARE�WRITTEN�TO�THE�GLOBAL�VARIABLEgkLine��"FTER
TWO�SECONDS
�INSTRUMENT���IS�CALLED
�AND�EXAMINES�THE�VALUE�OFgkLineAT�ITS�INIT�PASS�VIA
i(gkLine)��5HE�VALUE�AT�THIS�TIME�	���

�IS�PRINTED�OUT�AT�INIT�TIME�ASiInstr2LineValue��5HE
SAME�HAPPENS�FOR�INSTRUMENT��
�WHICH�PRINTS�OUTiInstr3LineValue = 0.800
�AS�IT�HAS�BEEN
STARTED�AT���SECONDS�

5HE�I	
�FEATURE�IS�PARTICULARILY�USEFUL�IF�YOU�NEED�TO�EXAMINE�THE�VALUE�OF�ANY�CONTROL
SIGNAL�FROM�A�WIDGET�OR�FROM�MIDI
�AT�THE�TIME�WHEN�AN�INSTRUMENT�STARTS�

REINITIALIZATION

"S�WE�SAW�ABOVE
�AN�I�VALUE�IS�NOT�AFFECTED�BY�THE�PERFORMANCE�LOOP��4O�YOU�CANNOT
EXPECT�THIS�TO�WORK�AS�AN�INCREMENTATION�

EXAMPLE 03A08_Init_no_incr.csd

<CsoundSynthesizer>
<CsInstruments>
sr = 44100
ksmps = 4410

instr 1
iCount init 0 ;set iCount to 0 first
iCount = iCount + 1 ;increase

print iCount ;print the value
endin

</CsInstruments>
<CsScore>
i 1 0 1
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

5HE�OUTPUT�IS�NOTHING�BUT�
INSTR���I$OUNT��������



#UT�YOU�CAN�ADVISE�$SOUND�TO�REPEAT�THE�INITIALIZATION�OF�AN�I�VARIABLE��5HIS�IS�DONE�WITH
THEreinit OPCODE��:OU�MUST�MARK�A�SECTION�BY�A�LABEL�	ANY�NAME�FOLLOWED�BY�A�COLON
�
5HEN�THE�REINIT�STATEMENT�WILL�CAUSE�THE�I�VARIABLE�TO�REFRESH��6SE�RIRETURN�TO�END�THE�REINIT
SECTION�

EXAMPLE 03A09_Re-init.csd

<CsoundSynthesizer>
<CsInstruments>
sr = 44100
ksmps = 4410

instr 1
iCount init 0 ; set icount to 0 first

reinit new ; reinit the section each k-pass
new:
iCount = iCount + 1 ; increase

print iCount ; print the value
rireturn

endin

</CsInstruments>
<CsScore>
i 1 0 1
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz



0UTPUTS�
INSTR���I$OUNT��������
INSTR���I$OUNT��������
INSTR���I$OUNT��������
INSTR���I$OUNT��������
INSTR���I$OUNT��������
INSTR���I$OUNT��������
INSTR���I$OUNT��������
INSTR���I$OUNT��������
INSTR���I$OUNT��������
INSTR���I$OUNT���������
INSTR���I$OUNT���������

8HAT�HAPPENS�HERE�MORE�IN�DETAIL
�IS�THE�FOLLOWING��*N�THE�ACTUAL�INIT�PASS
iCountIS�SET�TO
ZERO�VIAiCount init 0��4TILL�IN�THIS�INIT�PASS
�IT�IS�INCREMENTED�BY�ONE�	I$OUNT���I$OUNT��

AND�THE�VALUE�IS�PRINTED�OUT�ASiCount = 1.000��/OW�STARTS�THE�FIRST�PERFORMANCE�PASS��5HE
STATEMENTreinit newADVICES�$SOUND�TO�INITIALISE�AGAIN�THE�SECTION�LABELED�AS��NEW���4O
THE�STATEMENTiCount = iCount + 1IS�EXECUTED�AGAIN��"S�THE�CURRENT�VALUE�OFiCountAT
THIS�TIME�IS��
�THE�RESULT�IS����4O�THE�PRINTOUT�AT�THIS�FIRST�PERFORMANCE�PASS�ISiCount =
2.000��5HE�SAME�HAPPENS�IN�THE�NEXT�NINE�PERFORMANCE�CYCLES
�SO�THE�FINAL�COUNT�IS����

ORDER OF CALCULATION

*N�THIS�CONTEXT
�IT�CAN�BE�VERY�IMPORTANT�TO�OBSERVE�THE�ORDER�IN�WHICH�THE�INSTRUMENTS�OF�A
$SOUND�ORCHESTRA�ARE�EVALUATED��5HIS�ORDER�IS�DETERMINED�BY�THE�INSTRUMENT�NUMBERS��4O

IF�YOU�WANT�TO�USE�DURING�THE�SAME�PERFORMANCE�PASS�A�VALUE�IN�INSTRUMENT����WHICH�IS
GENERATED�BY�ANOTHER�INSTRUMENT
�YOU�MUST�NOT�GIVE�THIS�INSTRUMENT�THE�NUMBER����OR
HIGHER��*N�THE�FOLLOWING�EXAMPLE
�FIRST�INSTRUMENT����USES�A�VALUE�OF�INSTRUMENT��
�THEN�A
VALUE�OF�INSTRUMENT�����

EXAMPLE 03A10_Order_of_calc.csd

<CsoundSynthesizer>
<CsInstruments>
sr = 44100
ksmps = 4410

instr 1
gkcount init 0 ;set gkcount to 0 first
gkcount = gkcount + 1 ;increase
endin

instr 10
printk 0, gkcount ;print the value

endin

instr 100



gkcount init 0 ;set gkcount to 0 first
gkcount = gkcount + 1 ;increase
endin

</CsInstruments>
<CsScore>
;first i1 and i10
i 1 0 1
i 10 0 1
;then i100 and i10
i 100 1 1
i 10 1 1
</CsScore>
</CsoundSynthesizer>
;Example by Joachim Heintz

5HE�OUTPUT�SHOWS�THE�DIFFERENCE�
NEW�ALLOC�FOR�INSTR���
NEW�ALLOC�FOR�INSTR����
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� ��������
# �������� ������5 ������55 ������.� ���
NEW�ALLOC�FOR�INSTR�����
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
I ���TIME �������� �������
# �������� ������5 ������55 ������.� ���



*NSTRUMENT����CAN�USE�THE�VALUES�WHICH�INSTRUMENT���HAS�PRODUCED�IN�THE�SAME�CONTROL
CYCLE
�BUT�IT�CAN�ONLY�REFER�TO�VALUES�OF�INSTRUMENT�����WHICH�ARE�PRODUCED�IN�THE
PREVIOUS�CONTROL�CYCLE��#Y�THIS�REASON
�THE�PRINTOUT�SHOWS�VALUES�WHICH�ARE�ONE�LESS�IN�THE
LATTER�CASE�

NAMED INSTRUMENTS

*T�HAS�BEEN�SAID�IN�CHAPTER���#�	2UICK�4TART
�THAT�INSTEAD�OF�A�NUMBER�YOU�CAN�ALSO�USE�A
NAME�FOR�AN�INSTRUMENT��5HIS�IS�MOSTLY�PREFERABLE
�BECAUSE�YOU�CAN�GIVE�MEANINGFUL
NAMES
�LEADING�TO�A�BETTER�READABLE�CODE��#UT�WHAT�ABOUT�THE�ORDER�OF�CALCULATION�IN
NAMED�INSTRUMENTS 

5HE�ANSWER�IS�SIMPLE��$SOUND�CALCULATES�THEM�IN�THE�SAME�ORDER�AS�THEY�ARE�WRITTEN�IN�THE
ORCHESTRA��4O�IF�YOUR�INSTRUMENT�COLLECTION�IS�LIKE�THIS����

EXAMPLE 03A11_Order_of_calc_named.csd

<CsoundSynthesizer>
<CsOptions>
-nd
</CsOptions>
<CsInstruments>

instr Grain_machine
prints " Grain_machine\n"
endin

instr Fantastic_FM
prints " Fantastic_FM\n"
endin

instr Random_Filter
prints " Random_Filter\n"
endin

instr Final_Reverb
prints " Final_Reverb\n"
endin

</CsInstruments>
<CsScore>
i "Final_Reverb" 0 1
i "Random_Filter" 0 1
i "Grain_machine" 0 1
i "Fantastic_FM" 0 1
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz



����YOU�CAN�COUNT�ON�THIS�OUTPUT�
NEW�ALLOC�FOR�INSTR�(RAIN@MACHINE�
(RAIN@MACHINE
NEW�ALLOC�FOR�INSTR�'ANTASTIC@'.�
'ANTASTIC@'.

NEW�ALLOC�FOR�INSTR�3ANDOM@'ILTER�
3ANDOM@'ILTER

NEW�ALLOC�FOR�INSTR�'INAL@3EVERB�
'INAL@3EVERB

/OTE�THAT�THE�SCORE�HAS�NOT�THE�SAME�ORDER��#UT�INTERNALLY
�$SOUND�TRANSFORMS�ALL�NAMES�TO
NUMBERS
�IN�THE�ORDER�THEY�ARE�WRITTEN�FROM�TOP�TO�BOTTOM��5HE�NUMBERS�ARE�REPORTED�ON

THE�TOP�OF�$SOUND�S�OUTPUT���

INSTR�(RAIN@MACHINE�USES�INSTRUMENT�NUMBER��
INSTR�'ANTASTIC@'.�USES�INSTRUMENT�NUMBER��
INSTR�3ANDOM@'ILTER�USES�INSTRUMENT�NUMBER��
INSTR�'INAL@3EVERB�USES�INSTRUMENT�NUMBER��

ABOUT "I-TIME" AND "K-RATE" OPCODES

*T�IS�OFTEN�CONFUSING�FOR�THE�BEGINNER�THAT�THERE�ARE�SOME�OPCODES�WHICH�ONLY�WORK�AT��I�
TIME��OR��I�RATE�
�AND�OTHERS�WHICH�ONLY�WORK�AT��K�RATE��OR��K�TIME���'OR�INSTANCE
�IF�THE
USER�WANTS�TO�PRINT�THE�VALUE�OF�ANY�VARIABLE
�	S
HE�THINKS���0,���PRINT�IT�OUT���#UT�$SOUND

REPLIES���1LEASE
�TELL�ME�FIRST�IF�YOU�WANT�TO�PRINT�AN�I��OR�A�K�VARIABLE����

5HEPRINTOPCODE�JUST�PRINTS�VARIABLES�WHICH�ARE�UPDATED�AT�EACH�INITIALIZATION�PASS�	�I�
TIME��OR��I�RATE�
��*F�YOU�WANT�TO�PRINT�A�VARIABLE�WHICH�IS�UPDATED�AT�EACH�CONTROL�CYCLE
	�K�RATE��OR��K�TIME�

�YOU�NEED�ITS�COUNTERPARTPRINTK��	"S�THE�PERFORMANCE�PASS�IS
USUALLY�UPDATED�SOME�THOUSANDS�TIMES�PER�SECOND
�YOU�HAVE�AN�ADDITIONAL�PARAMETER�IN
PRINTK
�TELLING�$SOUND�HOW�OFTEN�YOU�WANT�TO�PRINT�OUT�THE�K�VALUES�


4O
�SOME�OPCODES�ARE�JUST�FOR�I�RATE�VARIABLES
�LIKEFILELENORFTGEN��0THERS�ARE�JUST�FOR�K�
RATE�VARIABLES�LIKEMETROORMAX@K��.ANY�OPCODES�HAVE�VARIANTS�FOR�EITHER�I�RATE�VARIABLES
OR�K�RATE�VARIABLES
�LIKEPRINTF@IANDPRINTF
 SPRINTFANDSPRINTFK
 STRINDEXANDSTRINDEXK�

.OST�OF�THE�$SOUND�OPCODES�ARE�ABLE�TO�WORK�EITHER�AT�I�TIME�OR�AT�K�TIME�OR�AT�AUDIO�RATE

BUT�YOU�HAVE�TO�THINK�CAREFULLY�WHAT�YOU�NEED
�AS�THE�BEHAVIOUR�WILL�BE�VERY�DIFFERENT�IF
YOU�CHOOSE�THE�I�
�K��OR�A�VARIANTE�OF�AN�OPCODE��'OR�EXAMPLE
�THERANDOMOPCODE�CAN
WORK�AT�ALL�THREE�RATES�

ires      random    imin, imax : works at "i-time"
kres      random    kmin, kmax : works at "k-rate"
ares      random    kmin, kmax : works at "audio-rate"

a-initialization-and-performance-pass#InsertNoteID_22
a-initialization-and-performance-pass#InsertNoteID_24
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http://csounds.com/manual/html/sprintf.html
http://csounds.com/manual/html/strindex.html
http://csounds.com/manual/html/strindexk.html
http://csounds.com/manual/html/random.html


*F�YOU�USE�THE�I�RATE�RANDOM�GENERATOR
�YOU�WILL�GET�ONE�VALUE�FOR�EACH�NOTE��'OR�INSTANCE

IF�YOU�WANT�TO�HAVE�A�DIFFERENT�PITCH�FOR�EACH�NOTE�YOU�ARE�GENERATING
�YOU�WILL�USE�THIS
ONE�

*F�YOU�USE�THE�K�RATE�RANDOM�GENERATOR
�YOU�WILL�GET�ONE�NEW�VALUE�ON�EVERY�CONTROL
CYCLE��*F�YOUR�SAMPLE�RATE�IS�������AND�YOUR�KSMPS���
�YOU�WILL�GET������NEW�VALUES�PER
SECOND��*F�YOU�TAKE�THIS�AS�PITCH�VALUE�FOR�A�NOTE
�YOU�WILL�HEAR�NOTHING�BUT�A�NOISY
JUMPING��*F�YOU�WANT�TO�HAVE�A�MOVING�PITCH
�YOU�CAN�USE�THERANDOMIVARIANT�OF�THE�K�
RATE�RANDOM�GENERATOR
�WHICH�CAN�REDUCE�THE�NUMBER�OF�NEW�VALUES�PER�SECOND
�AND
INTERPOLATE�BETWEEN�THEM�

*F�YOU�USE�THE�A�RATE�RANDOM�GENERATOR
�YOU�WILL�GET�AS�MANY�NEW�VALUES�PER�SECOND�AS
YOUR�SAMPLE�RATE�IS��*F�YOU�USE�IT�IN�THE�RANGE�OF�YOUR���D#�AMPLITUDE
�YOU�PRODUCE�WHITE
NOISE�

EXAMPLE 03A12_Random_at_ika.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 32
0dbfs = 1
nchnls = 2

seed      0 ;each time different seed
giSine    ftgen     0, 0, 2^10, 10, 1 ;sine table

instr 1 ;i-rate random
iPch      random    300, 600
aAmp      linseg    .5, p3, 0
aSine     poscil    aAmp, iPch, giSine

outs      aSine, aSine
endin

instr 2 ;k-rate random: noisy
kPch      random    300, 600
aAmp      linseg    .5, p3, 0
aSine     poscil    aAmp, kPch, giSine

outs      aSine, aSine
endin

instr 3 ;k-rate random with interpolation: sliding pitch
kPch      randomi   300, 600, 3
aAmp      linseg    .5, p3, 0
aSine     poscil    aAmp, kPch, giSine

outs      aSine, aSine
endin

instr 4 ;a-rate random: white noise

http://csounds.com/manual/html/randomi.html


aNoise    random    -.1, .1
outs      aNoise, aNoise

endin

</CsInstruments>
<CsScore>
i 1 0   .5
i 1 .25 .5
i 1 .5  .5
i 1 .75 .5
i 2 2   1
i 3 4   2
i 3 5   2
i 3 6   2
i 4 9   1
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

POSSIBLE PROBLEMS WITH K-RATE TICK SIZE

*T�HAS�BEEN�SAID�THAT�USUALLY�THE�K�RATE�CLOCK�TICKS�MUCH�SLOWER�THAN�THE�SAMPLE�	A�RATE

CLOCK��'OR�A�COMMON�SIZE�OF�KSMPS���
�ONE�K�VALUE�REMAINS�THE�SAME�FOR����SAMPLES�
5HIS�CAN�LEAD�TO�PROBLEMS
�FOR�INSTANCE�IF�YOU�USE�K�RATE�ENVELOPES��-ET�US�ASSUME�THAT
YOU�WANT�TO�PRODUCE�A�VERY�SHORT�FADE�IN�OF���MILLISECONDS
�AND�YOU�DO�IT�WITH�THE
FOLLOWING�LINE�OF�CODE�

kFadeIn linseg 0, .003, 1

:OUR�ENVELOPE�WILL�LOOK�LIKE�THIS�



4UCH�A��STAIRCASE�ENVELOPE��IS�WHAT�YOU�HEAR�IN�THE�NEXT�EXAMPLE�AS�ZIPPER�NOISE��5HE
TRANSEG�OPCODE�PRODUCES�A�NON�LINEAR�ENVELOPE�WITH�A�SHARP�PEAK�

5HE�RISE�AND�THE�DECAY�ARE�EACH�������SECONDS�LONG��*F�THIS�ENVELOPE�IS�PRODUCED�AT�K�RATE
WITH�A�BLOCKSIZE�OF�����	INSTR��

�THE�NOISE�IS�CLEARLY�AUDIBLE��5RY�CHANGING�KSMPS�TO���

���OR����AND�COMPARE�THE�AMOUNT�OF�ZIPPER�NOISE����*NSTRUMENT���USES�AN�ENVELOPE�AT



AUDIO�RATE�INSTEAD��3EGARDLESS�THE�BLOCKSIZE
�EACH�SAMPLE�IS�CALCULATED�SEPERATELY
�SO�THE
ENVELOPE�WILL�ALWAYS�BE�SMOOTH�

EXAMPLE 03A13_Zipper.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 44100
;--- increase or decrease to hear the difference more or less evident
ksmps = 128
nchnls = 2
0dbfs = 1

instr 1 ;envelope at k-time
aSine     oscils    .5, 800, 0
kEnv      transeg   0, .1, 5, 1, .1, -5, 0
aOut      =         aSine * kEnv

outs      aOut, aOut
endin

instr 2 ;envelope at a-time
aSine     oscils    .5, 800, 0
aEnv      transeg   0, .1, 5, 1, .1, -5, 0
aOut      =         aSine * aEnv

outs      aOut, aOut
endin

</CsInstruments>
<CsScore>
r 5 ;repeat the following line 5 times
i 1 0 1
s ;end of section
r 5
i 2 0 1
e
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

TIME IMPOSSIBLE

5HERE�ARE�TWO�INTERNAL�CLOCKS�IN�$SOUND��5HE�SAMPLE�RATE�	SR
�DETERMINES�THE�AUDIO�RATE

WHEREAS�THE�CONTROL�RATE�	KR
�DETERMINES�THE�RATE
�IN�WHICH�A�NEW�CONTROL�CYCLE�CAN�BE
STARTED�AND�A�NEW�BLOCK�OF�SAMPLES�CAN�BE�PERFORMED��*N�GENERAL
�$SOUND�CAN�NOT�START

ANY�EVENT�IN�BETWEEN�TWO�CONTROL�CYCLES
�NOR�END��� 5HE�NEXT�EXAMPLE�CHOOSES�AN
EXTREME�SMALL�CONTROL�RATE�	ONLY����K�CYCLES�PER�SECOND
�TO�ILLUSTRATE�THIS�

EXAMPLE 03A14_Time_Impossible.csd

a-initialization-and-performance-pass#InsertNoteID_26


<CsoundSynthesizer>
<CsOptions>
-o test.wav -d
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 4410
nchnls = 1
0dbfs = 1

instr 1
aPink oscils .5, 430, 0
out aPink

endin
</CsInstruments>
<CsScore>
i 1 0.05 0.1
i 1 0.4 0.15
</CsScore>
</CsoundSynthesizer>

5HE�FIRST�CALL�ADVICES�INSTRUMENT���TO�START�PERFORMANCE�AT�TIME�������#UT�THIS�IS
IMPOSSIBLE�AS�IT�LIES�BETWEEN�TWO�CONTROL�CYCLES��5HE�SECOND�CALL�STARTS�AT�A�POSSIBLE�TIME

BUT�THE�DURATION�OF������AGAIN�DOES�NOT�COINCIDENT�WITH�THE�CONTROL�RATE��4O�THE�RESULT
STARTS�THE�FIRST�CALL�AT�TIME�����AND�EXTENDS�THE�SECOND�CALL�TO�����SECONDS�



WHEN TO USE I- OR K- RATE

8HEN�YOU�CODE�ON�YOUR�$SOUND�INSTRUMENT
�YOU�MAY�SOMETIMES�WONDER�WHETHER�YOU
SHALL�USE�AN�I�RATE�OR�A�K�RATE�OPCODE��'ROM�WHAT�IS�SAID
�THE�GENERAL�ANSWER�IS�CLEAR��6SE
I�RATE�IF�SOMETHING�HAS�TO�BE�DONE�ONLY�ONCE
�OR�IN�A�SOMEHOW�PUNCTUAL�MANNER��6SE�K�
RATE�IF�SOMETHING�HAS�TO�BE�DONE�CONTINUOUSLY
�OR�IF�YOU�MUST�REGARD�WHAT�HAPPENS�DURING
THE�PERFORMANCE�

�� :OU�WOULD�NOT�GET�ANY�OTHER�RESULT�IF�YOU�SET�P��TO���OR�ANY�OTHER�VALUE
�AS

NOTHING�IS�DONE�HERE�EXCEPT�INITIALIZATION�?

�� 'OR�THE�PHYSICAL�RESULT�WHICH�COMES�OUT�OF�THE�LOUDSPEAKERS�OR�HEADPHONES
�THE

VARIATION�IS�THE�VARIATION�OF�AIR�PRESSURE�?

�� ������SAMPLES�PER�SECOND?
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a-initialization-and-performance-pass#InsertNoteID_8_marker9
a-initialization-and-performance-pass#InsertNoteID_10_marker11


�� 5HESE�ARE�BY�THE�WAY�THE�TIMES�WHICH�$SOUND�REPORTS�IF�YOU�ASK�FOR�THE�CONTROL
CYCLES��5HE�FIRST�CONTROL�CYCLE�IN�THIS�EXAMPLE�	SR������
�KSMPS���
�WOULD�BE

REPORTED�AS���������SECONDS
�NOT�AS���������SECONDS�?

�� "S�3ICHARD�#OULANGER�EXPLAINS
�IN�EARLY�$SOUND�A�LINE�STARTING�WITH��C��WAS�A
COMMENT�LINE��4O�IT�WAS�NOT�POSSIBLE�TO�ABBREVIATE�CONTROL�VARIABLES�AS�C"NYTHING
	HTTP���CSOUND���������N��NABBLE�COM�05�WHY�IS�CONTROL�RATE�CALLED�KONTROL�

RATE�TD��������HTML�A�������
� ?

�� "S�THE�K�RATE�IS�DIRECTLY�DEPENDING�ON�SAMPLE�RATE�	SR
�AND�KSMPS�	KR���SR�KSMPS



IT�IS�PROBABLY�THE�BEST�STYLE�TO�SPECIFY�SR�AND�KSMPS�IN�THE�HEADER
�BUT�NOT�KR�?

�� 5HIS�MUST�NOT�BE�CONFUSED�WITH�A��REAL��K�LOOP�WHERE�INSIDE�ONE�SINGLE�K�CYCLE�A

LOOP�IS�PERFORMED��4EE�CHAPTER���$�	SECTION�-OOPS
�FOR�EXAMPLES�?

�� 5HE�VALUE�IS������INSTEAD�OF������BECAUSE�IT�HAS�ALREADY�BEEN�INCREMENTED�BY

��� ?

�� 4EE�THE�MANUAL�PAGE�FOR�PRINTK
�PRINTK�
�PRINTKS
�PRINTF�TO�KNOW�MORE�ABOUT�THE

DIFFERENCES�?

��� *F�YOU�WANT�TO�KNOW�THE�NUMBER�IN�AN�INSTRUMENT
�USE�THE�NSTRNUM�OPCODE�?

��� 4EE�THE�FOLLOWING�SECTION���#�ABOUT�THE�VARIABLE�TYPES�FOR�MORE�ON�THIS�SUBJECT�?

��� *N�CSOUND��
�THE�POSSIBILITIES�OF�THESE��IN�BETWEEN��WILL�BE�ENLARGED�VIA�THE���

SAMPLE�ACCURATE�OPTION�?
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LOCAL AND GLOBAL VARIABLES

VARIABLE TYPES

*N�$SOUND
�THERE�ARE�SEVERAL�TYPES�OF�VARIABLES��*T�IS�IMPORTANT�TO�UNDERSTAND�THE
DIFFERENCES�BETWEEN�THESE�TYPES��5HERE�ARE

d initialization VARIABLES
�WHICH�ARE�UPDATED�AT�EACH�INITIALIZATION�PASS
�I�E��AT�THE
BEGINNING�OF�EACH�NOTE�OR�SCORE�EVENT��5HEY�START�WITH�THE�CHARACTERi��5O�THIS
GROUP�COUNT�ALSO�THE�SCORE�PARAMETER�FIELDS
�WHICH�ALWAYS�STARTS�WITH�Ap

FOLLOWED�BY�ANY�NUMBER�p1REFERS�TO�THE�FIRST�PARAMETER�FIELD�IN�THE�SCORE
p2TO
THE�SECOND�ONE
�AND�SO�ON�

d control VARIABLES
�WHICH�ARE�UPDATED�AT�EACH�CONTROL�CYCLE�DURING�THE
PERFORMANCE�OF�AN�INSTRUMENT��5HEY�START�WITH�THE�CHARACTERk�

d audio VARIABLES
�WHICH�ARE�ALSO�UPDATED�AT�EACH�CONTROL�CYCLE
�BUT�INSTEAD�OF�A
SINGLE�NUMBER�	LIKE�CONTROL�VARIABLES
�THEY�CONSIST�OF�A�VECTOR�	A�COLLECTION�OF
NUMBERS

�HAVING�IN�THIS�WAY�ONE�NUMBER�FOR�EACH�SAMPLE��5HEY�START�WITH�THE
CHARACTERa�

d string VARIABLES
�WHICH�ARE�UPDATED�EITHER�AT�I�TIME�OR�AT�K�TIME�	DEPENDING�ON
THE�OPCODE�WHICH�PRODUCES�A�STRING
��5HEY�START�WITH�THE�CHARACTERS�

&XCEPT�THESE�FOUR�STANDARD�TYPES
�THERE�ARE�TWO�OTHER�VARIABLE�TYPES�WHICH�ARE�USED�FOR
SPECTRAL�PROCESSING�

d f�VARIABLES�ARE�USED�FOR�THE�STREAMING�PHASE�VOCODER�OPCODES�	ALL�STARTING�WITH
THE�CHARACTERSpvs

�WHICH�ARE�VERY�IMPORTANT�FOR�DOING�REALTIME�''5�	'AST
'OURIER�5RANSFORM
�IN�$SOUND��5HEY�ARE�UPDATED�AT�K�TIME
�BUT�THEIR�VALUES
DEPEND�ALSO�ON�THE�''5�PARAMETERS�LIKE�FRAME�SIZE�AND�OVERLAP�

d w�VARIABLES�ARE�USED�IN�SOME�OLDER�SPECTRAL�PROCESSING�OPCODES�

5HE�FOLLOWING�EXAMPLE�EXEMPLIFIES�ALL�THE�VARIABLE�TYPES�	EXCEPT�THE�W�TYPE
�

EXAMPLE 03B01_Variable_types.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
0dbfs = 1
nchnls = 2

seed      0; random seed each time different



instr 1; i-time variables
iVar1     =         p2; second parameter in the score
iVar2     random    0, 10; random value between 0 and 10
iVar      =         iVar1 + iVar2; do any math at i-rate

print     iVar1, iVar2, iVar
endin

instr 2; k-time variables
kVar1     line       0, p3, 10; moves from 0 to 10 in p3
kVar2     random     0, 10; new random value each control-cycle
kVar      =          kVar1 + kVar2; do any math at k-rate
; --- print each 0.1 seconds
printks   "kVar1 = %.3f, kVar2 = %.3f, kVar = %.3f%n", 0.1, kVar1, kVar2, kVar

endin

instr 3; a-variables
aVar1     oscils     .2, 400, 0; first audio signal: sine
aVar2     rand       1; second audio signal: noise
aVar3     butbp      aVar2, 1200, 12; third audio signal: noise filtered
aVar      =          aVar1 + aVar3; audio variables can also be added

outs       aVar, aVar; write to sound card
endin

instr 4; S-variables
iMyVar    random     0, 10; one random value per note
kMyVar    random     0, 10; one random value per each control-cycle

;S-variable updated just at init-time
SMyVar1   sprintf   "This string is updated just at init-time:

kMyVar = %d\n", iMyVar
printf_i  "%s", 1, SMyVar1

;S-variable updates at each control-cycle
printks   "This string is updated at k-time:

kMyVar = %.3f\n", .1, kMyVar
endin

instr 5; f-variables
aSig      rand       .2; audio signal (noise)
; f-signal by FFT-analyzing the audio-signal
fSig1     pvsanal    aSig, 1024, 256, 1024, 1
; second f-signal (spectral bandpass filter)
fSig2     pvsbandp   fSig1, 350, 400, 400, 450
aOut      pvsynth    fSig2; change back to audio signal

outs       aOut*20, aOut*20
endin

</CsInstruments>
<CsScore>
; p1    p2    p3
i 1     0     0.1
i 1     0.1   0.1
i 2     1     1
i 3     2     1
i 4     3     1
i 5     4     1



</CsScore>
</CsoundSynthesizer>

:OU�CAN�THINK�OF�VARIABLES�AS�NAMED�CONNECTORS�BETWEEN�OPCODES��:OU�CAN�CONNECT�THE
OUTPUT�FROM�AN�OPCODE�TO�THE�INPUT�OF�ANOTHER��5HE�TYPE�OF�CONNECTOR�	AUDIO
�CONTROL
�ETC�

IS�DETERMINED�BY�THE�FIRST�LETTER�OF�ITS�NAME�

'OR�A�MORE�DETAILED�DISCUSSION
�SEE�THE�ARTICLEAn overview Of Csound Variable TypesBY
"NDRaS�$ABRERA�IN�THECsound Journal
�AND�THE�PAGE�ABOUTTypes, Constants and
VariablesIN�THECanonical Csound Manual�

LOCAL SCOPE

5HEscopeOF�THESE�VARIABLES�IS�USUALLY�THEinstrument IN�WHICH�THEY�ARE�DEFINED��5HEY
ARElocal VARIABLES��*N�THE�FOLLOWING�EXAMPLE
�THE�VARIABLES�IN�INSTRUMENT���AND
INSTRUMENT���HAVE�THE�SAME�NAMES
�BUT�DIFFERENT�VALUES�

EXAMPLE 03B02_Local_scope.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 4410; very high because of printing
nchnls = 2
0dbfs = 1

instr 1
;i-variable
iMyVar    init      0
iMyVar    =         iMyVar + 1

print     iMyVar
;k-variable
kMyVar    init      0
kMyVar    =         kMyVar + 1

printk    0, kMyVar
;a-variable
aMyVar    oscils    .2, 400, 0

outs      aMyVar, aMyVar
;S-variable updated just at init-time
SMyVar1   sprintf   "This string is updated just at init-time:

kMyVar = %d\n", i(kMyVar)
printf    "%s", kMyVar, SMyVar1

;S-variable updated at each control-cycle
SMyVar2   sprintfk  "This string is updated at k-time:

kMyVar = %d\n", kMyVar
printf    "%s", kMyVar, SMyVar2

endin

http://www.csounds.com/journal/issue10/CsoundRates.html
http://www.csounds.com/journal/articleIndex.html
http://www.csounds.com/manual/html/OrchKvar.html
http://www.csounds.com/manual/html/OrchKvar.html
http://www.csounds.com/manual/html/index.html


instr 2
;i-variable
iMyVar    init      100
iMyVar    =         iMyVar + 1

print     iMyVar
;k-variable
kMyVar    init      100
kMyVar    =         kMyVar + 1

printk    0, kMyVar
;a-variable
aMyVar    oscils    .3, 600, 0

outs      aMyVar, aMyVar
;S-variable updated just at init-time
SMyVar1   sprintf   "This string is updated just at init-time:

kMyVar = %d\n", i(kMyVar)
printf    "%s", kMyVar, SMyVar1

;S-variable updated at each control-cycle
SMyVar2   sprintfk  "This string is updated at k-time:

kMyVar = %d\n", kMyVar
printf    "%s", kMyVar, SMyVar2

endin

</CsInstruments>
<CsScore>
i 1 0 .3
i 2 1 .3
</CsScore>
</CsoundSynthesizer>

5HIS�IS�THE�OUTPUT�	FIRST�THE�OUTPUT�AT�INIT�TIME�BY�THE�PRINT�OPCODE
�THEN�AT�EACH�K�CYCLE
THE�OUTPUT�OF�PRINTK�AND�THE�TWO�PRINTF�OPCODES
�
NEW�ALLOC�FOR�INSTR���
INSTR���I.Y7AR��������
I ��TIME �������� �������
5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��K.Y7AR����
5HIS�STRING�IS�UPDATED�AT�K�TIME��K.Y7AR����
I ��TIME �������� �������
5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��K.Y7AR����
5HIS�STRING�IS�UPDATED�AT�K�TIME��K.Y7AR����
I ��TIME �������� �������
5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��K.Y7AR����
5HIS�STRING�IS�UPDATED�AT�K�TIME��K.Y7AR����
# �������� ������5 ������55 ������.� ������� �������
NEW�ALLOC�FOR�INSTR���
INSTR���I.Y7AR����������
I ��TIME �������� ���������
5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��K.Y7AR������
5HIS�STRING�IS�UPDATED�AT�K�TIME��K.Y7AR������
I ��TIME �������� ���������



5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��K.Y7AR������
5HIS�STRING�IS�UPDATED�AT�K�TIME��K.Y7AR������
I ��TIME �������� ���������
5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��K.Y7AR������
5HIS�STRING�IS�UPDATED�AT�K�TIME��K.Y7AR������
# �������� ������5 ������55 ������.� ������� �������

GLOBAL SCOPE

*F�YOU�NEED�VARIABLES�WHICH�ARE�RECOGNIZED�BEYOND�THE�SCOPE�OF�AN�INSTRUMENT
�YOU�MUST
DEFINE�THEM�ASglobal��5HIS�IS�DONE�BY�PREFIXING�THE�CHARACTERg BEFORE�THE�TYPES�I
�K
�A�OR
4��4EE�THE�FOLLOWING�EXAMPLE�

EXAMPLE 03B03_Global_scope.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 4410; very high because of printing
nchnls = 2
0dbfs = 1

;global scalar variables should be inititalized in the header
giMyVar   init      0
gkMyVar   init      0

instr 1
;global i-variable

giMyVar   =         giMyVar + 1
print     giMyVar

;global k-variable
gkMyVar   =         gkMyVar + 1

printk    0, gkMyVar
;global S-variable updated just at init-time

gSMyVar1  sprintf   "This string is updated just at init-time:
gkMyVar = %d\n", i(gkMyVar)

printf    "%s", gkMyVar, gSMyVar1
;global S-variable updated at each control-cycle

gSMyVar2  sprintfk  "This string is updated at k-time:
gkMyVar = %d\n", gkMyVar

printf    "%s", gkMyVar, gSMyVar2
endin

instr 2
;global i-variable, gets value from instr 1

giMyVar   =         giMyVar + 1
print     giMyVar

;global k-variable, gets value from instr 1



gkMyVar   =         gkMyVar + 1
printk    0, gkMyVar

;global S-variable updated just at init-time, gets value from instr 1
printf    "Instr 1 tells: '%s'\n", gkMyVar, gSMyVar1

;global S-variable updated at each control-cycle, gets value from instr 1
printf    "Instr 1 tells: '%s'\n\n", gkMyVar, gSMyVar2

endin

</CsInstruments>
<CsScore>
i 1 0 .3
i 2 0 .3
</CsScore>
</CsoundSynthesizer>

5HE�OUTPUT�SHOWS�THE�GLOBAL�SCOPE
�AS�INSTRUMENT���USES�THE�VALUES�WHICH�HAVE�BEEN
CHANGED�BY�INSTRUMENT���IN�THE�SAME�CONTROL�CYCLE�NEW�ALLOC�FOR�INSTR���
INSTR���GI.Y7AR��������
NEW�ALLOC�FOR�INSTR���
INSTR���GI.Y7AR��������
I ��TIME �������� �������
5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��GK.Y7AR����
5HIS�STRING�IS�UPDATED�AT�K�TIME��GK.Y7AR����
I ��TIME �������� �������
*NSTR���TELLS���5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��GK.Y7AR�����
*NSTR���TELLS���5HIS�STRING�IS�UPDATED�AT�K�TIME��GK.Y7AR�����

I ��TIME �������� �������
5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��GK.Y7AR����
5HIS�STRING�IS�UPDATED�AT�K�TIME��GK.Y7AR����
I ��TIME �������� �������
*NSTR���TELLS���5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��GK.Y7AR�����
*NSTR���TELLS���5HIS�STRING�IS�UPDATED�AT�K�TIME��GK.Y7AR�����

I ��TIME �������� �������
5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��GK.Y7AR����
5HIS�STRING�IS�UPDATED�AT�K�TIME��GK.Y7AR����
I ��TIME �������� �������
*NSTR���TELLS���5HIS�STRING�IS�UPDATED�JUST�AT�INIT�TIME��GK.Y7AR�����
*NSTR���TELLS���5HIS�STRING�IS�UPDATED�AT�K�TIME��GK.Y7AR�����

HOW TO WORK WITH GLOBAL AUDIO
VARIABLES



4OME�SPECIAL�CONSIDERATIONS�MUST�BE�TAKEN�IF�YOU�WORK�WITH�GLOBAL�AUDIO�VARIABLES�
"CTUALLY
�$SOUND�BEHAVES�BASICALLY�THE�SAME�WHETHER�YOU�WORK�WITH�A�LOCAL�OR�A�GLOBAL
AUDIO�VARIABLE��#UT�USUALLY�YOU�WORK�WITH�GLOBAL�AUDIO�VARIABLES�IF�YOU�WANT�TOadd
SEVERAL�AUDIO�SIGNALS�TO�A�GLOBAL�SIGNAL
�AND�THAT�MAKES�A�DIFFERENCE�

5HE�NEXT�FEW�EXAMPLES�ARE�GOING�INTO�A�BIT�MORE�DETAIL��*F�YOU�JUST�WANT�TO�SEE�THE�RESULT
	��GLOBAL�AUDIO�USUALLY�MUST�BE�CLEARED

�YOU�CAN�SKIP�THE�NEXT�EXAMPLES�AND�JUST�GO�TO
THE�LAST�ONE�OF�THIS�SECTION�

*T�SHOULD�BE�UNDERSTOOD�FIRST�THAT�A�GLOBAL�AUDIO�VARIABLE�IS�TREATED�THE�SAME�BY�$SOUND�IF
IT�IS�APPLIED�LIKE�A�LOCAL�AUDIO�SIGNAL�

EXAMPLE 03B04_Global_audio_intro.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1; produces a 400 Hz sine
gaSig     oscils    .1, 400, 0

endin

instr 2; outputs gaSig
outs      gaSig, gaSig

endin

</CsInstruments>
<CsScore>
i 1 0 3
i 2 0 3
</CsScore>
</CsoundSynthesizer>

0F�COURSE�THERE�IS�NO�NEED�TO�USE�A�GLOBAL�VARIABLE�IN�THIS�CASE��*F�YOU�DO�IT
�YOU�RISK�YOUR
AUDIO�WILL�BE�OVERWRITTEN�BY�AN�INSTRUMENT�WITH�A�HIGHER�NUMBER�USING�THE�SAME�VARIABLE
NAME��*N�THE�FOLLOWING�EXAMPLE
�YOU�WILL�JUST�HEAR�A�����)Z�SINE�TONE
�BECAUSE�THE����
)Z�SINE�OF�INSTRUMENT���IS�OVERWRITTEN�BY�THE�����)Z�SINE�OF�INSTRUMENT���

EXAMPLE 03B05_Global_audio_overwritten.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>



<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1; produces a 400 Hz sine
gaSig     oscils    .1, 400, 0

endin

instr 2; overwrites gaSig with 600 Hz sine
gaSig     oscils    .1, 600, 0

endin

instr 3; outputs gaSig
outs      gaSig, gaSig

endin

</CsInstruments>
<CsScore>
i 1 0 3
i 2 0 3
i 3 0 3
</CsScore>
</CsoundSynthesizer>

*N�GENERAL
�YOU�WILL�USE�A�GLOBAL�AUDIO�VARIABLE�LIKE�A�BUS�TO�WHICH�SEVERAL�LOCAL�AUDIO
SIGNAL�CAN�BEadded��*T�S�THIS�ADDITION�OF�A�GLOBAL�AUDIO�SIGNAL�TO�ITS�PREVIOUS�STATE�WHICH
CAN�CAUSE�SOME�TROUBLE��-ET�S�FIRST�SEE�A�SIMPLE�EXAMPLE�OF�A�CONTROL�SIGNAL�TO�UNDERSTAND
WHAT�IS�HAPPENING�

EXAMPLE 03B06_Global_audio_added.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 4410; very high because of printing
nchnls = 2
0dbfs = 1

instr 1
kSum      init      0; sum is zero at init pass
kAdd      =         1; control signal to add
kSum      =         kSum + kAdd; new sum in each k-cycle

printk    0, kSum; print the sum
endin

</CsInstruments>
<CsScore>
i 1 0 1
</CsScore>
</CsoundSynthesizer>



*N�THIS�CASE
�THE��SUM�BUS��K4UM�INCREASES�AT�EACH�CONTROL�CYCLE�BY��
�BECAUSE�IT�ADDS�THE
K"DD�SIGNAL�	WHICH�IS�ALWAYS��
�IN�EACH�K�PASS�TO�ITS�PREVIOUS�STATE��*T�IS�NO�DIFFERENT�IF
THIS�IS�DONE�BY�A�LOCAL�K�SIGNAL
�LIKE�HERE
�OR�BY�A�GLOBAL�K�SIGNAL
�LIKE�IN�THE�NEXT
EXAMPLE�

EXAMPLE 03B07_Global_control_added.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 4410; very high because of printing
nchnls = 2
0dbfs = 1

gkSum     init      0; sum is zero at init

instr 1
gkAdd     =         1; control signal to add

endin

instr 2
gkSum     =         gkSum + gkAdd; new sum in each k-cycle

printk    0, gkSum; print the sum
endin

</CsInstruments>
<CsScore>
i 1 0 1
i 2 0 1
</CsScore>
</CsoundSynthesizer>

8HAT�HAPPENS�WHEN�WORKING�WITH�AUDIO�SIGNALS�INSTEAD�OF�CONTROL�SIGNALS�IN�THIS�WAY

REPEATEDLY�ADDING�A�SIGNAL�TO�ITS�PREVIOUS�STATE �"UDIO�SIGNALS�IN�$SOUND�ARE�A�COLLECTION
OF�NUMBERS�	A�VECTOR
��5HE�SIZE�OF�THIS�VECTOR�IS�GIVEN�BY�THE�KSMPS�CONSTANT��*F�YOUR
SAMPLE�RATE�IS������
�AND�KSMPS����
�YOU�WILL�CALCULATE�����TIMES�IN�ONE�SECOND�A
VECTOR�WHICH�CONSISTS�OF�����NUMBERS
�INDICATING�THE�AMPLITUDE�OF�EACH�SAMPLE�

4O
�IF�YOU�ADD�AN�AUDIO�SIGNAL�TO�ITS�PREVIOUS�STATE
�DIFFERENT�THINGS�CAN�HAPPEN
�DEPENDING
ON�THE�VECTOR�S�PRESENT�AND�PREVIOUS�STATES��*F�BOTH�PREVIOUS�AND�PRESENT�STATES�	WITH
KSMPS��
�ARE�<��������������������������������>�YOU�WILL�GET�A�SIGNAL�WHICH�IS�TWICE�AS
STRONG��<��������������������������������>��#UT�IF�THE�PRESENT�STATE�IS�OPPOSITE�<�����������
��������������������>
�YOU�WILL�ONLY�GET�ZEROS�WHEN�YOU�ADD�THEM��5HIS�IS�SHOWN�IN�THE
NEXT�EXAMPLE�WITH�A�LOCAL�AUDIO�VARIABLE
�AND�THEN�IN�THE�FOLLOWING�EXAMPLE�WITH�A�GLOBAL
AUDIO�VARIABLE�

EXAMPLE 03B08_Local_audio_add.csd



<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 4410; very high because of printing

;(change to 441 to see the difference)
nchnls = 2
0dbfs = 1

instr 1
;initialize a general audio variable

aSum      init      0
;produce a sine signal (change frequency to 401 to see the difference)

aAdd      oscils    .1, 400, 0
;add it to the general audio (= the previous vector)

aSum      =         aSum + aAdd
kmax      max_k     aSum, 1, 1; calculate maximum

printk    0, kmax; print it out
outs      aSum, aSum

endin

</CsInstruments>
<CsScore>
i 1 0 1
</CsScore>
</CsoundSynthesizer>

PRINTS�
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������
I ��TIME �������� �������

EXAMPLE 03B09_Global_audio_add.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 4410; very high because of printing



;(change to 441 to see the difference)
nchnls = 2
0dbfs = 1

;initialize a general audio variable
gaSum     init      0

instr 1
;produce a sine signal (change frequency to 401 to see the difference)

aAdd      oscils    .1, 400, 0
;add it to the general audio (= the previous vector)

gaSum     =         gaSum + aAdd
endin

instr 2
kmax      max_k     gaSum, 1, 1; calculate maximum

printk    0, kmax; print it out
outs      gaSum, gaSum

endin

</CsInstruments>
<CsScore>
i 1 0 1
i 2 0 1
</CsScore>
</CsoundSynthesizer>

*N�BOTH�CASES
�YOU�GET�A�SIGNAL�WHICH�INCREASES�EACH������SECOND
�BECAUSE�YOU�HAVE���
CONTROL�CYCLES�PER�SECOND�	KSMPS�����

�AND�THE�FREQUENCY�OF�����)Z�CAN�BE�EVENLY
DIVIDED�BY�THIS��*F�YOU�CHANGE�THE�KSMPS�VALUE�TO����
�YOU�WILL�GET�A�SIGNAL�WHICH
INCREASES�MUCH�FASTER�AND�IS�OUT�OF�RANGE�AFTER������SECOND��*F�YOU�CHANGE�THE�FREQUENCY
TO�����)Z
�YOU�WILL�GET�A�SIGNAL�WHICH�INCREASES�FIRST
�AND�THEN�DECREASES
�BECAUSE�EACH
AUDIO�VECTOR�HAS������CYCLES�OF�THE�SINE�WAVE��4O�THE�PHASES�ARE�SHIFTING��FIRST�GETTING
STRONGER�AND�THEN�WEAKER��*F�YOU�CHANGE�THE�FREQUENCY�TO����)Z
�AND�THEN�TO����)Z�	AT
KSMPS������

�YOU�CANNOT�HEAR�ANYTHING
�BUT�IF�YOU�RENDER�TO�FILE
�YOU�CAN�SEE�THE�WHOLE
PROCESS�OF�EITHER�ENFORCING�OR�ERASING�QUITE�CLEAR�



Self-reinforcing global audio signal on account of its state in one control cycle being the
same as in the previous one

Partly self-erasing global audio signal because of phase inversions in two subsequent
control cycles

4O�THE�RESULT�OF�ALL�IS��*F�YOU�WORK�WITH�GLOBAL�AUDIO�VARIABLES�IN�A�WAY�THAT�YOU�ADD
SEVERAL�LOCAL�AUDIO�SIGNALS�TO�A�GLOBAL�AUDIO�VARIABLE�	WHICH�WORKS�LIKE�A�BUS

�YOU�MUST
clear THIS�GLOBAL�BUS�AT�EACH�CONTROL�CYCLE��"S�IN�$SOUND�ALL�THE�INSTRUMENTS�ARE
CALCULATED�IN�ASCENDING�ORDER
�IT�SHOULD�BE�DONE�EITHER�AT�THE�BEGINNING�OF�THEfirst 
�OR�AT
THE�END�OF�THElast INSTRUMENT��1ERHAPS�IT�IS�THE�BEST�IDEA�TO�DECLARE�ALL�GLOBAL�AUDIO



VARIABLES�IN�THE�ORCHESTRA�HEADER�FIRST
�AND�THEN�CLEAR�THEM�IN�AN��ALWAYS�ON��INSTRUMENT
WITH�THE�HIGHEST�NUMBER�OF�ALL�THE�INSTRUMENTS�USED��5HIS�IS�AN�EXAMPLE�OF�A�TYPICAL
SITUATION�



EXAMPLE 03B10_Global_with_clear.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

;initialize the global audio variables
gaBusL    init      0
gaBusR    init      0

;make the seed for random values each time different
seed      0

instr 1; produces short signals
loop:

iDur      random    .3, 1.5
timout    0, iDur, makenote
reinit    loop

makenote:
iFreq     random    300, 1000
iVol      random    -12, -3; dB
iPan      random    0, 1; random panning for each signal
aSin      oscil3    ampdb(iVol), iFreq, 1
aEnv      transeg   1, iDur, -10, 0; env in a-rate is cleaner
aAdd      =         aSin * aEnv
aL, aR    pan2      aAdd, iPan
gaBusL    =         gaBusL + aL; add to the global audio signals
gaBusR    =         gaBusR + aR

endin

instr 2; produces short filtered noise signals (4 partials)
loop:

iDur      random    .1, .7
timout    0, iDur, makenote
reinit    loop

makenote:
iFreq     random    100, 500
iVol      random    -24, -12; dB
iPan      random    0, 1
aNois     rand      ampdb(iVol)
aFilt     reson     aNois, iFreq, iFreq/10
aRes      balance   aFilt, aNois
aEnv      transeg   1, iDur, -10, 0
aAdd      =         aRes * aEnv
aL, aR    pan2      aAdd, iPan
gaBusL    =         gaBusL + aL; add to the global audio signals
gaBusR    =         gaBusR + aR

endin



instr 3; reverb of gaBus and output
aL, aR    freeverb  gaBusL, gaBusR, .8, .5

outs      aL, aR
endin

instr 100; clear global audios at the end
clear     gaBusL, gaBusR

endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1 .5 .3 .1
i 1 0 20
i 2 0 20
i 3 0 20
i 100 0 20
</CsScore>
</CsoundSynthesizer>



THE CHN OPCODES FOR GLOBAL VARIABLES

*NSTEAD�OF�USING�THE�TRADITIONAL�G�VARIABLES�FOR�ANY�VALUES�OR�SIGNALS�WHICH�ARE�TO�TRANSFER
BETWEEN�SEVERAL�INSTRUMENTS
�IT�IS�ALSO�POSSIBLE�TO�USE�THECHNOPCODES��"N�I�
�K�
�A��OR�4�
VALUE�OR�SIGNAL�CAN�BE�SET�BYCHNSETAND�RECEIVED�BYCHNGET��0NE�ADVANTAGE�IS�TO�HAVE
STRINGS�AS�NAMES
�SO�THAT�YOU�CAN�CHOOSE�INTUITIVE�NAMES�

'OR�AUDIO�VARIABLES
�INSTEAD�OF�PERFORMING�AN�ADDITION
�YOU�CAN�USE�THECHNMIXOPCODE�
'OR�CLEARING�AN�AUDIO�VARIABLE
�THECHNCLEAROPCODE�CAN�BE�USED�

EXAMPLE 03B11_Chn_demo.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1; send i-values
chnset    1, "sio"
chnset    -1, "non"

endin

instr 2; send k-values
kfreq     randomi   100, 300, 1

chnset    kfreq, "cntrfreq"
kbw       =         kfreq/10

chnset    kbw, "bandw"
endin

instr 3; send a-values
anois     rand      .1

chnset    anois, "noise"
loop:

idur      random    .3, 1.5
timout    0, idur, do
reinit    loop

do:
ifreq     random    400, 1200
iamp      random    .1, .3
asig      oscils    iamp, ifreq, 0
aenv      transeg   1, idur, -10, 0
asine     =         asig * aenv

chnset    asine, "sine"
endin

instr 11; receive some chn values and send again

http://www.csounds.com/manual/html/chn.html
http://www.csounds.com/manual/html/chnset.html
http://www.csounds.com/manual/html/chnget.html
http://www.csounds.com/manual/html/chnmix.html
http://www.csounds.com/manual/html/chnclear.html


ival1     chnget    "sio"
ival2     chnget    "non"

print     ival1, ival2
kcntfreq  chnget    "cntrfreq"
kbandw    chnget    "bandw"
anoise    chnget    "noise"
afilt     reson     anoise, kcntfreq, kbandw
afilt     balance   afilt, anoise

chnset    afilt, "filtered"
endin

instr 12; mix the two audio signals
amix1     chnget     "sine"
amix2     chnget     "filtered"

chnmix     amix1, "mix"
chnmix     amix2, "mix"

endin

instr 20; receive and reverb
amix      chnget     "mix"
aL, aR    freeverb   amix, amix, .8, .5

outs       aL, aR
endin

instr 100; clear
chnclear   "mix"

endin

</CsInstruments>
<CsScore>
i 1 0 20
i 2 0 20
i 3 0 20
i 11 0 20
i 12 0 20
i 20 0 20
i 100 0 20
</CsScore>
</CsoundSynthesizer>



CONTROL STRUCTURES
*N�A�WAY
�CONTROL�STRUCTURES�ARE�THE�CORE�OF�A�PROGRAMMING�LANGUAGE��5HE�FUNDAMENTAL
ELEMENT�IN�EACH�LANGUAGE�IS�THE�CONDITIONALif BRANCH��"CTUALLY�ALL�OTHER�CONTROL�STRUCTURES

LIKE�FOR�
�UNTIL��OR�WHILE�LOOPS�CAN�BE�TRACED�BACK�TO�IF�STATEMENTS��

4O
�$SOUND�PROVIDES�MAINLY�THE�IF�STATEMENT��EITHER�IN�THE�USUALif-then-elseFORM
�OR�IN
THE�OLDER�WAY�OF�ANif-gotoSTATEMENT��5HESE�WILL�BE�COVERED�FIRST��5HOUGH�ALL�NECESSARY
LOOPS�CAN�BE�BUILT�JUST�BY�IF�STATEMENTS
�$SOUND�SloopFACILITY�OFFERS�A�MORE�COMFORTABLE
WAY�OF�PERFORMING�LOOPS��5HEY�WILL�BE�INTRODUCED�LATER
�IN�THE�-OOP�SECTION�OF�THIS
CHAPTER��'INALLY
�TIME�LOOPS�ARE�SHOWN
�WHICH�ARE�PARTICULARY�IMPORTANT�IN�AUDIO
PROGRAMMING�LANGUAGES�

IF I-TIME THEN NOT K-TIME!

5HE�FUNDAMENTAL�DIFFERENCE�IN�$SOUND�BETWEEN�I�TIME�AND�K�TIME�WHICH�HAS�BEEN
EXPLAINED�IN�CHAPTER���"
�MUST�BE�REGARDED�VERY�CAREFULLY�WHEN�YOU�WORK�WITH�CONTROL
STRUCTURES��*F�YOU�MAKE�A�CONDITIONAL�BRANCH�ATi-time
�THE�CONDITION�WILL�BE�TESTEDjust
once for each note
�AT�THE�INITIALIZATION�PASS��*F�YOU�MAKE�A�CONDITIONAL�BRANCH�ATk-time

THE�CONDITION�WILL�BE�TESTEDagain and again in each control-cycle�

'OR�INSTANCE
�IF�YOU�TEST�A�SOUNDFILE�WHETHER�IT�IS�MONO�OR�STEREO
�THIS�IS�DONE�AT�INIT�TIME�
*F�YOU�TEST�AN�AMPLITUDE�VALUE�TO�BE�BELOW�A�CERTAIN�THRESHOLD
�IT�IS�DONE�AT�PERFORMANCE
TIME�	K�TIME
��*F�YOU�GET�USER�INPUT�BY�A�SCROLL�NUMBER
�THIS�IS�ALSO�A�K�VALUE
�SO�YOU�NEED
A�K�CONDITION�

5HUS
�ALLIFANDLOOPOPCODES�HAVE�AN��I��AND�A��K��DESCENDANT��*N�THE�NEXT�FEW�SECTIONS
�A
GENERAL�INTRODUCTION�INTO�THE�DIFFERENT�CONTROL�TOOLS�IS�GIVEN
�FOLLOWED�BY�EXAMPLES�BOTH
AT�I�TIME�AND�AT�K�TIME�FOR�EACH�TOOL�

IF - THEN - [ELSEIF - THEN -] ELSE

5HE�USE�OF�THE�IF�THEN�ELSE�STATEMENT�IS�VERY�SIMILAR�TO�OTHER�PROGRAMMING�LANGUAGES�
/OTE�THAT�IN�$SOUND
��THEN��MUST�BE�WRITTEN�IN�THE�SAME�LINE�AS��IF��AND�THE�EXPRESSION�TO
BE�TESTED
�AND�THAT�YOU�MUST�CLOSE�THE�IF�BLOCK�WITH�AN��ENDIF��STATEMENT�ON�A�NEW�LINE�

if <condition> then
...
else
...
endif

*T�IS�ALSO�POSSIBLE�TO�HAVE�NO��ELSE��STATEMENT�

c-control-structures#InsertNoteID_10
http://en.flossmanuals.net/bin/view/Csound/InitAndPerfPass
http://www.csounds.com/manual/html/if.html
http://www.csounds.com/manual/html/loop_lt.html


if <condition> then
...
endif

0R�YOU�CAN�HAVE�ONE�OR�MORE��ELSEIF�THEN��STATEMENTS�IN�BETWEEN�

if <condition1> then
...
elseif <condition2> then
...
else
...
endif

*F�STATEMENTS�CAN�ALSO�BE�NESTED��&ACH�LEVEL�MUST�BE�CLOSED�WITH�AN��ENDIF���5HIS�IS�AN
EXAMPLE�WITH�THREE�LEVELS�

if <condition1> then; first condition opened
if <condition2> then; second condition openend

if <condition3> then; third condition openend
...
else
...
endif; third condition closed

elseif <condition2a> then
...
endif; second condition closed

else
...
endif; first condition closed

i-Rate Examples

"�TYPICAL�PROBLEM�IN�$SOUND��:OU�HAVE�EITHER�MONO�OR�STEREO�FILES
�AND�WANT�TO�READ�BOTH
WITH�A�STEREO�OUTPUT��'OR�THE�REAL�STEREO�ONES�THAT�MEANS��USE�SOUNDIN�	DISKIN���DISKIN�

WITH�TWO�OUTPUT�ARGUMENTS��'OR�THE�MONO�ONES�IT�MEANS��USESOUNDIN� DISKIN� DISKIN�
WITH�ONE�OUTPUT�ARGUMENT
�AND�THROW�IT�TO�BOTH�OUTPUT�CHANNELS�

EXAMPLE 03C01_IfThen_i.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1

http://www.csounds.com/manual/html/soundin.html
http://www.csounds.com/manual/html/diskin.html
http://www.csounds.com/manual/html/diskin2.html


Sfile     =          "/my/file.wav" ;your soundfile path here
ifilchnls filenchnls Sfile

if ifilchnls == 1 then ;mono
aL        soundin    Sfile
aR        =          aL

else        ;stereo
aL, aR    soundin    Sfile

endif
outs       aL, aR

endin

</CsInstruments>
<CsScore>
i 1 0 5
</CsScore>
</CsoundSynthesizer>

*F�YOU�USE�$SOUND2T
�YOU�CAN�BROWSE�IN�THE�WIDGET�PANEL�FOR�THE�SOUNDFILE��4EE�THE
CORRESPONDING�EXAMPLE�IN�THE�$SOUND2T�&XAMPLE�MENU�

k-Rate Examples

5HE�FOLLOWING�EXAMPLE�ESTABLISHES�A�MOVING�GATE�BETWEEN���AND����*F�THE�GATE�IS�ABOVE
���
�THE�GATE�OPENS�AND�YOU�HEAR�A�TONE�*F�THE�GATE�IS�EQUAL�OR�BELOW����
�THE�GATE�CLOSES

AND�YOU�HEAR�NOTHING�

EXAMPLE 03C02_IfThen_k.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

seed      0; random values each time different
giTone    ftgen     0, 0, 2^10, 10, 1, .5, .3, .1

instr 1

; move between 0 and 1 (3 new values per second)
kGate     randomi   0, 1, 3
; move between 300 and 800 hz (1 new value per sec)
kFreq     randomi   300, 800, 1
; move between -12 and 0 dB (5 new values per sec)
kdB       randomi   -12, 0, 5
aSig      oscil3    1, kFreq, giTone
kVol      init      0

if kGate > 0.5 then; if kGate is larger than 0.5



kVol      =         ampdb(kdB); open gate
else

kVol      =         0; otherwise close gate
endif

kVol      port      kVol, .02; smooth volume curve to avoid clicks
aOut      =         aSig * kVol

outs      aOut, aOut
endin

</CsInstruments>
<CsScore>
i 1 0 30
</CsScore>
</CsoundSynthesizer>

Short Form: (a v b ? x : y)

*F�YOU�NEED�AN�IF�STATEMENT�TO�GIVE�A�VALUE�TO�AN�	I��OR�K�
�VARIABLE
�YOU�CAN�ALSO�USE�A

TRADITIONAL�SHORT�FORM�IN�PARENTHESES�	A�V�B� �X���Y
�� *T�ASKS�WHETHER�THE�CONDITION�A�OR�B
IS�TRUE��*F�A
�THE�VALUE�IS�SET�TO�X��IF�B
�TO�Y�'OR�INSTANCE
�THE�LAST�EXAMPLE�COULD�BE�WRITTEN
IN�THIS�WAY�

EXAMPLE 03C03_IfThen_short_form.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

seed      0
giTone    ftgen     0, 0, 2^10, 10, 1, .5, .3, .1

instr 1
kGate     randomi   0, 1, 3; moves between 0 and 1 (3 new values per second)
kFreq     randomi   300, 800, 1; moves between 300 and 800 hz

;(1 new value per sec)
kdB       randomi   -12, 0, 5; moves between -12 and 0 dB

;(5 new values per sec)
aSig      oscil3    1, kFreq, giTone
kVol      init      0
kVol      =         (kGate > 0.5 ? ampdb(kdB) : 0); short form of condition
kVol      port      kVol, .02; smooth volume curve to avoid clicks
aOut      =         aSig * kVol

outs      aOut, aOut
endin

</CsInstruments>

http://www.csounds.com/manual/html/equals.html
c-control-structures#InsertNoteID_12


<CsScore>
i 1 0 20
</CsScore>
</CsoundSynthesizer>

IF - GOTO

"N�OLDER�WAY�OF�PERFORMING�A�CONDITIONAL�BRANCH���BUT�STILL�USEFUL�IN�CERTAIN�CASES���IS�AN
�IF��STATEMENT�WHICH�IS�NOT�FOLLOWED�BY�A��THEN�
�BUT�BY�A�LABEL�NAME��5HE��ELSE�
CONSTRUCTION�FOLLOWS�	OR�DOESN�T�FOLLOW
�IN�THE�NEXT�LINE��-IKE�THE�IF�THEN�ELSE�STATEMENT

THE�IF�GOTO�WORKS�EITHER�AT�I�TIME�OR�AT�K�TIME��:OU�SHOULD�DECLARE�THE�TYPE�BY�EITHER�USING
iGOTO�ORkGOTO��6SUALLY�YOU�NEED�AN�ADDITIONAL�IGOTO�KGOTO�STATEMENT�FOR�OMITTING�THE
�ELSE��BLOCK�IF�THE�FIRST�CONDITION�IS�TRUE��5HIS�IS�THE�GENERAL�SYNTAX�

I�TIME

if <condition> igoto this; same as if-then
igoto that; same as else

this: ;the label "this" ...
...
igoto continue ;skip the "that" block
that: ; ... and the label "that" must be found
...
continue: ;go on after the conditional branch
...

K�TIME

if <condition> kgoto this; same as if-then
kgoto that; same as else

this: ;the label "this" ...
...
kgoto continue ;skip the "that" block
that: ; ... and the label "that" must be found
...
continue: ;go on after the conditional branch
...

i-Rate Examples

5HIS�IS�THE�SAME�EXAMPLE�AS�ABOVE�IN�THE�IF�THEN�ELSE�SYNTAX�FOR�A�BRANCH�DEPENDING�ON�A
MONO�OR�STEREO�FILE��*F�YOU�JUST�WANT�TO�KNOW�WHETHER�A�FILE�IS�MONO�OR�STEREO
�YOU�CAN
USE�THE��PURE��IF�IGOTO�STATEMENT�

EXAMPLE 03C04_IfGoto_i.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz



sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1
Sfile     = "/Joachim/Materialien/SamplesKlangbearbeitung/Kontrabass.aif"
ifilchnls filenchnls Sfile
if ifilchnls == 1 igoto mono; condition if true

igoto stereo; else condition
mono:

prints     "The file is mono!%n"
igoto      continue

stereo:
prints     "The file is stereo!%n"

continue:
endin

</CsInstruments>
<CsScore>
i 1 0 0
</CsScore>
</CsoundSynthesizer>

#UT�IF�YOU�WANT�TO�PLAY�THE�FILE
�YOU�MUST�ALSO�USE�A�K�RATE�IF�KGOTO
�BECAUSE
�NOT�ONLY�DO
YOU�HAVE�AN�EVENT�AT�I�TIME�	INITIALIZING�THE�SOUNDIN�OPCODE
�BUT�ALSO�AT�K�TIME�	PRODUCING
AN�AUDIO�SIGNAL
��4O�THE�CODE�IN�THIS�CASE�IS�MUCH�MORE�CUMBERSOME
�OR�OBFUSCATED
�THAN
THE�PREVIOUS�IF�THEN�ELSE�EXAMPLE�

EXAMPLE 03C05_IfGoto_ik.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1
Sfile     =          "my/file.wav"
ifilchnls filenchnls Sfile

if ifilchnls == 1 kgoto mono
kgoto stereo

if ifilchnls == 1 igoto mono; condition if true
igoto stereo; else condition

mono:
aL        soundin    Sfile
aR        =          aL

igoto      continue
kgoto      continue



stereo:
aL, aR    soundin    Sfile
continue:

outs       aL, aR
endin

</CsInstruments>
<CsScore>
i 1 0 5
</CsScore>
</CsoundSynthesizer>

k-Rate Examples

5HIS�IS�THE�SAME�EXAMPLE�AS�ABOVE�	��$��
�IN�THE�IF�THEN�ELSE�SYNTAX�FOR�A�MOVING�GATE
BETWEEN���AND���

EXAMPLE 03C06_IfGoto_k.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

seed      0
giTone    ftgen     0, 0, 2^10, 10, 1, .5, .3, .1

instr 1
kGate     randomi   0, 1, 3; moves between 0 and 1 (3 new values per second)
kFreq     randomi   300, 800, 1; moves between 300 and 800 hz

;(1 new value per sec)
kdB       randomi   -12, 0, 5; moves between -12 and 0 dB

;(5 new values per sec)
aSig      oscil3    1, kFreq, giTone
kVol      init      0

if kGate > 0.5 kgoto open; if condition is true
kgoto close; "else" condition

open:
kVol      =         ampdb(kdB)
kgoto continue
close:
kVol      =         0
continue:
kVol      port      kVol, .02; smooth volume curve to avoid clicks
aOut      =         aSig * kVol

outs      aOut, aOut
endin



</CsInstruments>
<CsScore>
i 1 0 30
</CsScore>
</CsoundSynthesizer>

LOOPS

-OOPS�CAN�BE�BUILT�EITHER�AT�I�TIME�OR�AT�K�TIME�JUST�WITH�THE��IF��FACILITY��5HE�FOLLOWING
EXAMPLE�SHOWS�AN�I�RATE�AND�A�K�RATE�LOOP�CREATED�USING�THE�IF�I�KGOTO�FACILITY�

EXAMPLE 03C07_Loops_with_if.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz

instr 1 ;i-time loop: counts from 1 until 10 has been reached
icount    =         1
count:

print     icount
icount    =         icount + 1

if icount < 11 igoto count
prints    "i-END!%n"

endin

instr 2 ;k-rate loop: counts in the 100th k-cycle from 1 to 11
kcount    init      0
ktimek    timeinstk ;counts k-cycle from the start of this instrument

if ktimek == 100 kgoto loop
kgoto noloop

loop:
printks   "k-cycle %d reached!%n", 0, ktimek

kcount    =         kcount + 1
printk2   kcount

if kcount < 11 kgoto loop
printks   "k-END!%n", 0

noloop:
endin

</CsInstruments>
<CsScore>
i 1 0 0
i 2 0 1
</CsScore>
</CsoundSynthesizer>

#UT�$SOUND�OFFERS�A�SLIGHTLY�SIMPLER�SYNTAX�FOR�THIS�KIND�OF�I�RATE�OR�K�RATE�LOOPS��5HERE
ARE�FOUR�VARIANTS�OF�THE�LOOP�OPCODE��"LL�FOUR�REFER�TO�AlabelAS�THE�STARTING�POINT�OF�THE
LOOP
�ANindex variableAS�A�COUNTER
�ANincrementORdecrement
�AND�FINALLY�Areference
value	MAXIMUM�OR�MINIMUM
�AS�COMPARISION�



d LOOP@LTCOUNTS�UPWARDS�AND�LOOKS�IF�THE�INDEX�VARIABLE�ISlower than THE
REFERENCE�VALUE�

d LOOP@LEALSO�COUNTS�UPWARDS�AND�LOOKS�IF�THE�INDEX�ISlower than or equal toTHE
REFERENCE�VALUE�

d LOOP@GTCOUNTS�DOWNWARDS�AND�LOOKS�IF�THE�INDEX�ISgreater than THE�REFERENCE
VALUE�

d LOOP@GEALSO�COUNTS�DOWNWARDS�AND�LOOKS�IF�THE�INDEX�ISgreater than or equal
to THE�REFERENCE�VALUE�

"S�ALWAYS
�ALL�FOUR�OPCODES�CAN�BE�APPLIED�EITHER�AT�I�TIME�OR�AT�K�TIME��)ERE�ARE�SOME
EXAMPLES
�FIRST�FOR�I�TIME�LOOPS
�AND�THEN�FOR�K�TIME�LOOPS�

i-Rate Examples

5HE�FOLLOWING��CSD�PROVIDES�A�SIMPLE�EXAMPLE�FOR�ALL�FOUR�LOOP�OPCODES�

EXAMPLE 03C08_Loop_opcodes_i.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz

instr 1 ;loop_lt: counts from 1 upwards and checks if < 10
icount    =         1
loop:

print     icount
loop_lt   icount, 1, 10, loop
prints    "Instr 1 terminated!%n"

endin

instr 2 ;loop_le: counts from 1 upwards and checks if <= 10
icount    =         1
loop:

print     icount
loop_le   icount, 1, 10, loop
prints    "Instr 2 terminated!%n"

endin

instr 3 ;loop_gt: counts from 10 downwards and checks if > 0
icount    =         10
loop:

print     icount
loop_gt   icount, 1, 0, loop
prints    "Instr 3 terminated!%n"

endin

instr 4 ;loop_ge: counts from 10 downwards and checks if >= 0
icount    =         10
loop:

print     icount
loop_ge   icount, 1, 0, loop
prints    "Instr 4 terminated!%n"

endin

http://www.csounds.com/manual/html/loop_lt.html
http://www.csounds.com/manual/html/loop_le.html
http://www.csounds.com/manual/html/loop_gt.html
http://www.csounds.com/manual/html/loop_ge.html


</CsInstruments>
<CsScore>
i 1 0 0
i 2 0 0
i 3 0 0
i 4 0 0
</CsScore>
</CsoundSynthesizer>

5HE�NEXT�EXAMPLE�PRODUCES�A�RANDOM�STRING�OF����CHARACTERS�AND�PRINTS�IT�OUT�

EXAMPLE 03C09_Random_string.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz

instr 1
icount    =         0
Sname     =         ""; starts with an empty string
loop:
ichar     random    65, 90.999
Schar     sprintf   "%c", int(ichar); new character
Sname     strcat    Sname, Schar; append to Sname

loop_lt   icount, 1, 10, loop; loop construction
printf_i  "My name is '%s'!\n", 1, Sname; print result

endin

</CsInstruments>
<CsScore>
; call instr 1 ten times
r 10
i 1 0 0
</CsScore>
</CsoundSynthesizer>

:OU�CAN�ALSO�USE�AN�I�RATE�LOOP�TO�FILL�A�FUNCTION�TABLE�	��BUFFER
�WITH�ANY�KIND�OF�VALUES�
5HIS�TABLE�CAN�THEN�BE�READ
�OR�MANIPULATED�AND�THEN�BE�READ�AGAIN��*N�THE�NEXT�EXAMPLE
�A
FUNCTION�TABLE�WITH����POSITIONS�	INDICES
�IS�FILLED�WITH�RANDOM�INTEGERS�BETWEEN���AND���
BY�INSTRUMENT����/EARLY�THE�SAME�LOOP�CONSTRUCTION�IS�USED�AFTERWARDS�TO�READ�THESE
VALUES�BY�INSTRUMENT���

EXAMPLE 03C10_Random_ftable_fill.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz

giTable   ftgen     0, 0, -20, -2, 0; empty function table with 20 points
seed      0; each time different seed

instr 1 ; writes in the table



icount    =         0
loop:
ival      random    0, 10.999 ;random value
; --- write in giTable at first, second, third ... position

tableiw   int(ival), icount, giTable
loop_lt   icount, 1, 20, loop; loop construction

endin

instr 2; reads from the table
icount    =         0
loop:
; --- read from giTable at first, second, third ... position
ival      tablei    icount, giTable

print     ival; prints the content
loop_lt   icount, 1, 20, loop; loop construction

endin

</CsInstruments>
<CsScore>
i 1 0 0
i 2 0 0
</CsScore>
</CsoundSynthesizer>

k-Rate Examples

5HE�NEXT�EXAMPLE�PERFORMS�A�LOOP�AT�K�TIME��0NCE�PER�SECOND
�EVERY�VALUE�OF�AN�EXISTING
FUNCTION�TABLE�IS�CHANGED�BY�A�RANDOM�DEVIATION�OF������5HOUGH�THERE�ARE�SOME�VECTORIAL
OPCODES�FOR�THIS�TASK�	AND�IN�$SOUND���PROBABLY�ARRAY

�IT�CAN�ALSO�BE�DONE�BY�A�K�RATE
LOOP�LIKE�THE�ONE�SHOWN�HERE�

EXAMPLE 03C11_Table_random_dev.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 441
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 256, 10, 1; sine wave
seed      0; each time different seed

instr 1
ktiminstk timeinstk ;time in control-cycles
kcount    init      1

if ktiminstk == kcount * kr then; once per second table values manipulation:
kndx      =         0
loop:



krand     random    -.1, .1;random factor for deviations
kval      table     kndx, giSine; read old value
knewval   =         kval + (kval * krand); calculate new value

tablew    knewval, kndx, giSine; write new value
loop_lt   kndx, 1, 256, loop; loop construction

kcount    =         kcount + 1; increase counter
endif

asig      poscil    .2, 400, giSine
outs      asig, asig

endin

</CsInstruments>
<CsScore>
i 1 0 10
</CsScore>
</CsoundSynthesizer>

TIME LOOPS

6NTIL�NOW
�WE�HAVE�JUST�DISCUSSED�LOOPS�WHICH�ARE�EXECUTED��AS�FAST�AS�POSSIBLE�
�EITHER�AT
I�TIME�OR�AT�K�TIME��#UT
�IN�AN�AUDIO�PROGRAMMING�LANGUAGE
�TIME�LOOPS�ARE�OF�PARTICULAR
INTEREST�AND�IMPORTANCE��"�TIME�LOOP�MEANS
�REPEATING�ANY�ACTION�AFTER�A�CERTAIN�AMOUNT
OF�TIME��5HIS�AMOUNT�OF�TIME�CAN�BE�EQUAL�TO�OR�DIFFERENT�TO�THE�PREVIOUS�TIME�LOOP��5HE
ACTION�CAN�BE
�FOR�INSTANCE��PLAYING�A�TONE
�OR�TRIGGERING�AN�INSTRUMENT
�OR�CALCULATING�A
NEW�VALUE�FOR�THE�MOVEMENT�OF�AN�ENVELOPE�

*N�$SOUND
�THE�USUAL�WAY�OF�PERFORMING�TIME�LOOPS
�IS�THETIMOUTFACILITY��5HE�USE�OF
TIMOUT�IS�A�BIT�INTRICATE
�SO�SOME�EXAMPLES�ARE�GIVEN
�STARTING�FROM�VERY�SIMPLE�TO�MORE
COMPLEX�ONES�

"NOTHER�WAY�OF�PERFORMING�TIME�LOOPS�IS�BY�USING�A�MEASUREMENT�OF�TIME�OR�K�CYCLES�
5HIS�METHOD�IS�ALSO�DISCUSSED�AND�SIMILAR�EXAMPLES�TO�THOSE�USED�FOR�THETIMOUTOPCODE
ARE�GIVEN�SO�THAT�BOTH�METHODS�CAN�BE�COMPARED�

timout Basics

5HETIMOUTOPCODE�REFERS�TO�THE�FACT�THAT�IN�THE�TRADITIONAL�WAY�OF�WORKING�WITH�$SOUND

EACH��NOTE��	AN��I��SCORE�EVENT
�HAS�ITS�OWN�TIME��5HIS�IS�THE�DURATION�OF�THE�NOTE
�GIVEN�IN
THE�SCORE�BY�THE�DURATION�PARAMETER
�ABBREVIATED�AS��P����"TIMOUTSTATEMENT�SAYS���*�AM
NOW�JUMPING�OUT�OF�THIS�P��DURATION�AND�ESTABLISHING�MY�OWN�TIME���5HIS�TIME�WILL�BE
REPEATED�AS�LONG�AS�THE�DURATION�OF�THE�NOTE�ALLOWS�IT�

-ET�S�SEE�AN�EXAMPLE��5HIS�IS�A�SINE�TONE�WITH�A�MOVING�FREQUENCY
�STARTING�AT�����)Z�AND
ENDING�AT�����)Z��5HE�DURATION�OF�THIS�MOVEMENT�IS���SECONDS�FOR�THE�FIRST�NOTE
�AND��
SECONDS�FOR�THE�SECOND�NOTE�

EXAMPLE 03C12_Timout_pre.csd

http://www.csounds.com/manual/html/timout.html
http://www.csounds.com/manual/html/timout.html
http://www.csounds.com/manual/html/timout.html
http://www.csounds.com/manual/html/timout.html


<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1

instr 1
kFreq     expseg    400, p3, 600
aTone     poscil    .2, kFreq, giSine

outs      aTone, aTone
endin

</CsInstruments>
<CsScore>
i 1 0 3
i 1 4 5
</CsScore>
</CsoundSynthesizer>

/OW�WE�PERFORM�A�TIME�LOOP�WITHTIMOUTWHICH�IS���SECOND�LONG��4O
�FOR�THE�FIRST�NOTE
�IT
WILL�BE�REPEATED�THREE�TIMES
�AND�FIVE�TIMES�FOR�THE�SECOND�NOTE�

EXAMPLE 03C13_Timout_basics.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1

instr 1
loop:

timout    0, 1, play
reinit    loop

play:
kFreq     expseg    400, 1, 600
aTone     poscil    .2, kFreq, giSine

outs      aTone, aTone
endin

</CsInstruments>

http://www.csounds.com/manual/html/timout.html


<CsScore>
i 1 0 3
i 1 4 5
</CsScore>
</CsoundSynthesizer>

5HIS�IS�THE�GENERAL�SYNTAX�OFTIMOUT�

first_label:
timout    istart, idur, second_label
reinit    first_label

second_label:
... <any action you want to have here>

5HEfirst_label IS�AN�ARBITRARY�WORD�	FOLLOWED�BY�A�COLON
�TO�MARK�THE�BEGINNING�OF�THE
TIME�LOOP�SECTION��5HEistart ARGUMENT�FOR�TIMOUT�TELLS�$SOUND
�WHEN�THEsecond_label
SECTION�IS�TO�BE�EXECUTED��6SUALLY�ISTART�IS�ZERO
�TELLING�$SOUND��EXECUTE�THE�SECOND@LABEL
SECTION�IMMEDIATELY
�WITHOUT�ANY�DELAY��5HEidur ARGUMENT�FOR�TIMOUT�DEFINES�FOR�HOW
MANY�SECONDS�THEsecond_labelSECTION�IS�TO�BE�EXECUTED�BEFORE�THE�TIME�LOOP�BEGINS
AGAIN��/OTE�THAT�THEreinit first_label IS�NECESSARY�TO�START�THE�SECOND�LOOP�AFTERidur
SECONDS�WITH�A�RESETTING�OF�ALL�THE�VALUES��	4EE�THE�EXPLANATIONS�ABOUT�REINITIALIZATION�IN
THE�CHAPTER*NITILALIZATION�"ND�1ERFORMANCE�1ASS�


"S�USUAL�WHEN�YOU�WORK�WITH�THEREINITOPCODE
�YOU�CAN�USE�ARIRETURNSTATEMENT�TO
CONSTRAIN�THE�REINIT�PASS��*N�THIS�WAY�YOU�CAN�HAVE�BOTH
�THE�TIMELOOP�SECTION�AND�THE�NON�
TIMELOOP�SECTION�IN�THE�BODY�OF�AN�INSTRUMENT�

EXAMPLE 03C14_Timeloop_and_not.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1

instr 1
loop:

timout    0, 1, play
reinit    loop

play:
kFreq1    expseg    400, 1, 600
aTone1    oscil3    .2, kFreq1, giSine

rireturn  ;end of the time loop
kFreq2    expseg    400, p3, 600
aTone2    poscil    .2, kFreq2, giSine

http://www.csounds.com/manual/html/timout.html
http://en.flossmanuals.net/bin/view/Csound/InitAndPerfPass
http://www.csounds.com/manual/html/reinit.html
http://www.csounds.com/manual/html/rireturn.html


outs      aTone1+aTone2, aTone1+aTone2
endin

</CsInstruments>
<CsScore>
i 1 0 3
i 1 4 5
</CsScore>
</CsoundSynthesizer>

timout Applications

*N�A�TIME�LOOP
�IT�IS�VERY�IMPORTANT�TO�CHANGE�THE�DURATION�OF�THE�LOOP��5HIS�CAN�BE�DONE
EITHER�BY�REFERRING�TO�THE�DURATION�OF�THIS�NOTE�	P�
����

EXAMPLE 03C15_Timout_different_durations.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1

instr 1
loop:

timout    0, p3/5, play
reinit    loop

play:
kFreq     expseg    400, p3/5, 600
aTone     poscil    .2, kFreq, giSine

outs      aTone, aTone
endin

</CsInstruments>
<CsScore>
i 1 0 3
i 1 4 5
</CsScore>
</CsoundSynthesizer>

����OR�BY�CALCULATING�NEW�VALUES�FOR�THE�LOOP�DURATION�ON�EACH�REINIT�PASS
�FOR�INSTANCE�BY
RANDOM�VALUES�

EXAMPLE 03C16_Timout_random_durations.csd



<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1

instr 1
loop:
idur      random    .5, 3 ;new value between 0.5 and 3 seconds each time

timout    0, idur, play
reinit    loop

play:
kFreq     expseg    400, idur, 600
aTone     poscil    .2, kFreq, giSine

outs      aTone, aTone
endin

</CsInstruments>
<CsScore>
i 1 0 20
</CsScore>
</CsoundSynthesizer>

5HE�APPLICATIONS�DISCUSSED�SO�FAR�HAVE�THE�DISADVANTAGE�THAT�ALL�THE�SIGNALS�INSIDE�THE�TIME
LOOP�MUST�DEFINITELY�BE�FINISHED�OR�INTERRUPTED
�WHEN�THE�NEXT�LOOP�BEGINS��*N�THIS�WAY�IT
IS�NOT�POSSIBLE�TO�HAVE�ANY�OVERLAPPING�OF�EVENTS��5O�ACHIEVE�THIS
�THE�TIME�LOOP�CAN�BE
USED�TO�SIMPLYtrigger an event��5HIS�CAN�BE�DONE�WITHEVENT@IORSCORELINE@I��*N�THE
FOLLOWING�EXAMPLE
�THE�TIME�LOOP�IN�INSTRUMENT���TRIGGERS�A�NEW�INSTANCE�OF�INSTRUMENT��
WITH�A�DURATION�OF���TO���SECONDS
�EVERY�����TO���SECONDS��4O�IN�MOST�CASES
�THE�PREVIOUS
INSTANCE�OF�INSTRUMENT���WILL�STILL�BE�PLAYING�WHEN�THE�NEW�INSTANCE�IS�TRIGGERED��3ANDOM
CALCULATIONS�ARE�EXECUTED�IN�INSTRUMENT���SO�THAT�EACH�NOTE�WILL�HAVE�A�DIFFERENT
PITCH
CREATING�A�GLISSANDO�EFFECT�

EXAMPLE 03C17_Timout_trigger_events.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

http://www.csounds.com/manual/html/event_i.html
http://www.csounds.com/manual/html/scoreline_i.html


giSine    ftgen     0, 0, 2^10, 10, 1

instr 1
loop:
idurloop  random    .5, 2 ;duration of each loop

timout    0, idurloop, play
reinit    loop

play:
idurins   random    1, 5 ;duration of the triggered instrument

event_i   "i", 2, 0, idurins ;triggers instrument 2
endin

instr 2
ifreq1    random    600, 1000 ;starting frequency
idiff     random    100, 300 ;difference to final frequency
ifreq2    =         ifreq1 - idiff ;final frequency
kFreq     expseg    ifreq1, p3, ifreq2 ;glissando
iMaxdb    random    -12, 0 ;peak randomly between -12 and 0 dB
kAmp      transeg   ampdb(iMaxdb), p3, -10, 0 ;envelope
aTone     poscil    kAmp, kFreq, giSine

outs      aTone, aTone
endin

</CsInstruments>
<CsScore>
i 1 0 30
</CsScore>
</CsoundSynthesizer>

5HE�LAST�APPLICATION�OF�A�TIME�LOOP�WITH�THETIMOUTOPCODE�WHICH�IS�SHOWN�HERE
�IS�A
randomly moving envelope��*F�YOU�WANT�TO�CREATE�AN�ENVELOPE�IN�$SOUND�WHICH�MOVES
BETWEEN�A�LOWER�AND�AN�UPPER�LIMIT
�AND�HAS�ONE�NEW�RANDOM�VALUE�IN�A�CERTAIN�TIME�SPAN
	FOR�INSTANCE
�ONCE�A�SECOND

�THE�TIME�LOOP�WITHTIMOUTIS�ONE�WAY�TO�ACHIEVE�IT��"�LINE
MOVEMENT�MUST�BE�PERFORMED�IN�EACH�TIME�LOOP
�FROM�A�GIVEN�STARTING�VALUE�TO�A�NEW
EVALUATED�FINAL�VALUE��5HEN
�IN�THE�NEXT�LOOP
�THE�PREVIOUS�FINAL�VALUE�MUST�BE�SET�AS�THE
NEW�STARTING�VALUE
�AND�SO�ON��)ERE�IS�A�POSSIBLE�SOLUTION�

EXAMPLE 03C18_Timout_random_envelope.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
seed      0

http://www.csounds.com/manual/html/timout.html
http://www.csounds.com/manual/html/timout.html


instr 1
iupper    =         0; upper and ...
ilower    =         -24; ... lower limit in dB
ival1     random    ilower, iupper; starting value
loop:
idurloop  random    .5, 2; duration of each loop

timout    0, idurloop, play
reinit    loop

play:
ival2     random    ilower, iupper; final value
kdb       linseg    ival1, idurloop, ival2
ival1     =         ival2; let ival2 be ival1 for next loop

rireturn  ;end reinit section
aTone     poscil    ampdb(kdb), 400, giSine

outs      aTone, aTone
endin

</CsInstruments>
<CsScore>
i 1 0 30
</CsScore>
</CsoundSynthesizer>

/OTE�THAT�IN�THIS�CASE�THE�OSCILLATOR�HAS�BEEN�PUT�AFTER�THE�TIME�LOOP�SECTION�	WHICH�IS
TERMINATED�BY�THERIRETURNSTATEMENT��0THERWISE�THE�OSCILLATOR�WOULD�START�AFRESH�WITH�ZERO
PHASE�IN�EACH�TIME�LOOP
�THUS�PRODUCING�CLICKS�

Time Loops by using themetroOpcode

5HEMETROOPCODE�OUTPUTS�A�����AT�DISTINCT�TIMES
�OTHERWISE�IT�OUTPUTS�A������5HE
FREQUENCY�OF�THIS��BANGING��	WHICH�IS�IN�SOME�WAY�SIMILAR�TO�THE�METRO�OBJECTS�IN�1%�OR
.AX
�IS�GIVEN�BY�THEkfreqINPUT�ARGUMENT��4O�THE�OUTPUT�OFMETROOFFERS�A�SIMPLE�AND
INTUITIVE�METHOD�FOR�CONTROLLING�TIME�LOOPS
�IF�YOU�USE�IT�TO�TRIGGER�A�SEPARATE�INSTRUMENT
WHICH�THEN�CARRIES�OUT�ANOTHER�JOB��#ELOW�IS�A�SIMPLE�EXAMPLE�FOR�CALLING�A�SUBINSTRUMENT
TWICE�PER�SECOND�

EXAMPLE 03C19_Timeloop_metro.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1; triggering instrument
kTrig     metro     2; outputs "1" twice a second

if kTrig == 1 then
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event     "i", 2, 0, 1
endif

endin

instr 2; triggered instrument
aSig      oscils    .2, 400, 0
aEnv      transeg   1, p3, -10, 0

outs      aSig*aEnv, aSig*aEnv
endin

</CsInstruments>
<CsScore>
i 1 0 10
</CsScore>
</CsoundSynthesizer>

5HE�EXAMPLE�WHICH�IS�GIVEN�ABOVE�	��$��@5IMOUT@TRIGGER@EVENTS�CSD
�AS�A�FLEXIBLE�TIME
LOOP�BYTIMOUT
�CAN�BE�DONE�WITH�THEMETROOPCODE�IN�THIS�WAY�

EXAMPLE 03C20_Metro_trigger_events.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
seed      0

instr 1
kfreq     init      1; give a start value for the trigger frequency
kTrig     metro     kfreq

if kTrig == 1 then ;if trigger impulse:
kdur      random    1, 5; random duration for instr 2

event     "i", 2, 0, kdur; call instr 2
kfreq     random    .5, 2; set new value for trigger frequency

endif
endin

instr 2
ifreq1    random    600, 1000; starting frequency
idiff     random    100, 300; difference to final frequency
ifreq2    =         ifreq1 - idiff; final frequency
kFreq     expseg    ifreq1, p3, ifreq2; glissando
iMaxdb    random    -12, 0; peak randomly between -12 and 0 dB
kAmp      transeg   ampdb(iMaxdb), p3, -10, 0; envelope
aTone     poscil    kAmp, kFreq, giSine

outs      aTone, aTone
endin
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</CsInstruments>
<CsScore>
i 1 0 30
</CsScore>
</CsoundSynthesizer>

/OTE�THE�DIFFERENCES�IN�WORKING�WITH�THEMETROOPCODE�COMPARED�TO�THETIMOUTFEATURE�

d "S METROWORKS�AT�K�TIME
�YOU�MUST�USE�THE�K�VARIANTS�OFEVENTORSCORELINETO
CALL�THE�SUBINSTRUMENT��8ITHTIMOUTYOU�MUST�USE�THE�I�VARIANTS�OFeventOR
scoreline	EVENT@IANDSCORELINE@I

�BECAUSE�IT�USES�REINITIALIZATION�FOR�PERFORMING
THE�TIME�LOOPS�

d :OU�MUST�SELECT�THE�ONE�K�CYCLE�WHERE�THEMETROOPCODE�SENDS�A������5HIS�IS
DONE�WITH�AN�IF�STATEMENT��5HE�REST�OF�THE�INSTRUMENT�IS�NOT�AFFECTED��*F�YOU�USE
TIMOUT
�YOU�USUALLY�MUST�SEPERATE�THE�REINITIALIZED�FROM�THE�NOT�REINITIALIZED
SECTION�BY�ARIRETURNSTATEMENT�

LINKS

4TEVEN�:I��$ONTROL�'LOW�	1ART�*��$SOUND�+OURNAL�4PRING�����
1ART����$SOUND�+OURNAL
4UMMER�����


�� 8HILE�WRITING�ON�THIS�RELEASE�	SPRING�����
�WE�ARE�IN�A�PERIOD�OF�INCLUDING�NEW
CONTROL�STRUCTURES�IN�$SOUND��"S�A�FIRST�TEST
�THE�UNTIL�LOOP�HAS�BEEN�INTRODUCED�IN
$SOUND�������4EE�THE�EXAMPLE�IN�HTTP���WWW�CSOUNDS�COM�MANUAL�HTML�

UNTIL�HTML?

�� 4INCE�THE�NEW�PARSER�	$SOUND�����
�YOU�CAN�ALSO�WRITE�WITHOUT�PARENTHESES�?
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FUNCTION TABLES
"�FUNCTION�TABLE�IS�ESSENTIALLY�THE�SAME�AS�WHAT�OTHER�AUDIO�PROGRAMMING�LANGUAGES�CALL
A�BUFFER
�A�TABLE
�A�LIST�OR�AN�ARRAY��*T�IS�A�PLACE�WHERE�DATA�CAN�BE�STORED�IN�AN�ORDERED
WAY��&ACH�FUNCTION�TABLE�HAS�Asize��HOW�MUCH�DATA�	IN�$SOUND�JUST�NUMBERS
�CAN�BE
STORED�IN�IT��&ACH�VALUE�IN�THE�TABLE�CAN�BE�ACCESSED�BY�ANindex
�COUNTING�FROM���TO
SIZE����'OR�INSTANCE
�IF�YOU�HAVE�A�FUNCTION�TABLE�WITH�A�SIZE�OF���
�AND�THE�NUMBERS�<���
���������������������������������������������>�IN�IT
�THIS�IS�THE�RELATION�OF�VALUE�AND�INDEX�

7"-6& ��� ��� ��� ��� ��� ����� ����� ����� ����� �����

*/%&9 � � � � � � � � � �

4O
�IF�YOU�WANT�TO�RETRIEVE�THE�VALUE������
�YOU�MUST�POINT�TO�THE�VALUE�STORED�UNDER�INDEX
��

5HE�USE�OF�FUNCTION�TABLES�IS�MANIFOLD��"�FUNCTION�TABLE�CAN�CONTAIN�PITCH�VALUES�TO�WHICH
YOU�MAY�REFER�USING�THE�INPUT�OF�A�.*%*�KEYBOARD��"�FUNCTION�TABLE�CAN�CONTAIN�A�MODEL
OF�A�WAVEFORM�WHICH�IS�READ�PERIODICALLY�BY�AN�OSCILLATOR��:OU�CAN�RECORD�LIVE�AUDIO
INPUT�IN�A�FUNCTION�TABLE
�AND�THEN�PLAY�IT�BACK��5HERE�ARE�MANY�MORE�APPLICATIONS
�ALL
USING�THE�FAST�ACCESS�	BECAUSE�FUNCTION�TABLES�ARE�STORED�IN�3".
�AND�FLEXIBLE�USE�OF
FUNCTION�TABLES�

HOW TO GENERATE A FUNCTION TABLE

&ACH�FUNCTION�TABLE�MUST�BE�CREATEDbefore IT�CAN�BE�USED��&VEN�IF�YOU�WANT�TO�WRITE
VALUES�LATER
�YOU�MUST�FIRST�CREATE�AN�EMPTY�TABLE
�BECAUSE�YOU�MUST�INITIALLY�RESERVESOME
SPACE�IN�MEMORY�FOR�IT�

&ACH�CREATION�OF�A�FUNCTION�TABLE�IN�$SOUND�IS�PERFORMED�BY�ONE�OF�THEGEN Routines�
&ACH�(&/�3OUTINE�GENERATES�A�FUNCTION�TABLE�IN�A�PARTICULAR�WAY�(&/�� TRANSFERS�AUDIO
SAMPLES�FROM�A�SOUNDFILE�INTO�A�TABLE
�WITH(&/�� WE�CAN�WRITE�VALUES�IN��BY�HAND��ONE
BY�ONE
(&/�� CALCULATES�A�WAVEFORM�USING�INFORMATION�DETERMINING�A�SUM�OF�SINUSOIDS

(&/�� GENERATES�WINDOW�FUNCTIONS�TYPICALLY�USED�FOR�GRANULAR�SYNTHESIS
�AND�SO�ON�
5HERE�IS�A�GOODOVERVIEWIN�THE$SOUND�.ANUALOF�ALL�EXISTING�(&/�3OUTINES��)ERE�WE
WILL�EXPLAIN�THE�GENERAL�USE�AND�GIVE�SIMPLE�EXAMPLES�FOR�SOME�FREQUENT�CASES�

GEN02 And General Parameters For GEN Routines

-ET�S�START�WITH�OUR�EXAMPLE�ABOVE�AND�WRITE�THE����NUMBERS�INTO�A�FUNCTION�TABLE�OF�THE
SAME�SIZE��'OR�THIS
�USE�OF�A(&/�� FUNCTION�TABLEIS�REQUIRED��"�SHORTDESCRIPTIONOF
(&/���FROM�THE�MANUAL�READS�AS�FOLLOWS�

f # time size 2 v1 v2 v3 ...
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5HIS�IS�THE�TRADITIONAL�WAY�OF�CREATING�A�FUNCTION�TABLE�BY�AN��f statement��OR�AN��f score
event��	IN�RELATION�FOR�INSTANCE�TO��I�SCORE�EVENTS��WHICH�CALL�INSTRUMENT�INSTANCES
�5HE
INPUT�PARAMETERS�AFTER�THE��F��ARE�THE�FOLLOWING�

d #��A�NUMBER�	AS�POSITIVE�INTEGER
�FOR�THIS�FUNCTION�TABLE�
d time��AT�WHICH�TIME�THE�FUNCTION�TABLE�IS�MADE�AVAILABLE�	USUALLY�����FROM�THE

BEGINNING
�
d size��THE�SIZE�OF�THE�FUNCTION�TABLE��5HIS�IS�A�BIT�TRICKY
�BECAUSE�IN�THE�EARLY�DAYS

OF�$SOUND�JUST�POWER�OF�TWO�SIZES�FOR�FUNCTION�TABLES�WERE�POSSIBLE�	�
��
��
���

���
��/OWADAYS�NEARLY�EVERY�(&/�3OUTINE�ACCEPTS�OTHER�SIZES
�BUT�THESEnon-
power-of-two sizes must be declared as a negative number�

d 2��THE�NUMBER�OF�THE�(&/�3OUTINE�WHICH�IS�USED�TO�GENERATE�THE�TABLE��"ND�HERE
IS�ANOTHER�IMPORTANT�POINT�WHICH�MUST�BE�REGARDED�By default, Csound
normalizes the table values.5HIS�MEANS�THAT�THE�MAXIMUM�IS�SCALED�TO����IF
POSITIVE
�AND�TO����IF�NEGATIVE��5Oprevent $SOUND�FROM�NORMALIZING
�Anegative
NUMBER�MUST�BE�GIVEN�AS�(&/�NUMBER�	HERE����INSTEAD�OF��
�

d v1 v2 v3 ...��THE�VALUES�WHICH�ARE�WRITTEN�INTO�THE�FUNCTION�TABLE�

4O�THIS�IS�THE�WAY�TO�PUT�THE�VALUES�<�������������������������������������������������>�IN
A�FUNCTION�TABLE�WITH�THE�NUMBER���

EXAMPLE 03D01_Table_norm_notNorm.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz

instr 1 ;prints the values of table 1 or 2
prints    "%nFunction Table %d:%n", p4

indx      init      0
loop:
ival      table     indx, p4

prints    "Index %d = %f%n", indx, ival
loop_lt   indx, 1, 10, loop

endin
</CsInstruments>
<CsScore>
f 1 0 -10 -2 1.1 2.2 3.3 5.5 8.8 13.13 21.21 34.34 55.55 89.89; not normalized
f 2 0 -10 2 1.1 2.2 3.3 5.5 8.8 13.13 21.21 34.34 55.55 89.89; normalized
i 1 0 0 1; prints function table 1
i 1 0 0 2; prints function table 2
</CsScore>
</CsoundSynthesizer>

*NSTRUMENT���JUST�SERVES�TO�PRINT�THE�VALUES�OF�THE�TABLE�	THETABLEIOPCODE�WILL�BE
EXPLAINED�LATER
��4EE�THE�DIFFERENCE�WHETHER�THE�TABLE�IS�NORMALIZED�	POSITIVE�(&/
NUMBER
�OR�NOT�NORMALIZED�	NEGATIVE�(&/�NUMBER
�
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6SING�THEFTGENOPCODE�IS�A�MORE�MODERN�WAY�OF�CREATING�A�FUNCTION�TABLE
�WHICH�IS

USUALLYPREFERABLE�TO�THE�OLD�WAY�OF�WRITING�AN�F�STATEMENT�IN�THE�SCORE�� 5HE�SYNTAX�IS
EXPLAINED�BELOW�

giVar     ftgen     ifn, itime, isize, igen, iarg1 [, iarg2 [, ...]]

d giVar ��A�VARIABLE�NAME��&ACH�FUNCTION�IS�STORED�IN�AN�I�VARIABLE��6SUALLY�YOU
WANT�TO�HAVE�ACCESS�TO�IT�FROM�EVERY�INSTRUMENT
�SO�A�GI�VARIABLE�	GLOBAL
INITIALIZATION�VARIABLE
�IS�GIVEN�

d ifn ��A�NUMBER�FOR�THE�FUNCTION�TABLE��*F�YOU�TYPE�IN��
�YOU�GIVE�$SOUND�THE�JOB�TO
CHOOSE�A�NUMBER
�WHICH�IS�MOSTLY�PREFERABLE�

5HE�OTHER�PARAMETERS�	SIZE
�(&/�NUMBER
�INDIVIDUAL�ARGUMENTS
�ARE�THE�SAME�AS�IN�THE�F�
STATEMENT�IN�THE�SCORE��"S�THIS�(&/�CALL�IS�NOW�A�PART�OF�THE�ORCHESTRA
�EACH�ARGUMENT�IS
SEPARATED�FROM�THE�NEXT�BY�A�COMMA�	NOT�BY�A�SPACE�OR�TAB�LIKE�IN�THE�SCORE
�

4O�THIS�IS�THE�SAME�EXAMPLE�AS�ABOVE
�BUT�NOW�WITH�THE�FUNCTION�TABLES�BEING�GENERATED�IN
THE�ORCHESTRA�HEADER�

EXAMPLE 03D02_Table_ftgen.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz

giFt1 ftgen 1, 0, -10, -2, 1.1, 2.2, 3.3, 5.5, 8.8, 13.13, 21.21, 34.34, 55.55, 89.89
giFt2 ftgen 2, 0, -10, 2, 1.1, 2.2, 3.3, 5.5, 8.8, 13.13, 21.21, 34.34, 55.55, 89.89

instr 1; prints the values of table 1 or 2
prints    "%nFunction Table %d:%n", p4

indx      init      0
loop:
ival      table     indx, p4

prints    "Index %d = %f%n", indx, ival
loop_lt   indx, 1, 10, loop

endin

</CsInstruments>
<CsScore>
i 1 0 0 1; prints function table 1
i 1 0 0 2; prints function table 2
</CsScore>
</CsoundSynthesizer>

GEN01: Importing a Soundfile

(&/�� IS�USED�FOR�IMPORTING�SOUNDFILES�STORED�ON�DISK�INTO�THE�COMPUTER�S�3".
�READY
FOR�FOR�USE�BY�A�NUMBER�OF�$SOUND�S�OPCODES�IN�THE�ORCHESTRA��"�TYPICALFTGENSTATEMENT
FOR�THIS�IMPORT�MIGHT�BE�THE�FOLLOWING�
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varname             ifn itime isize igen Sfilnam       iskip iformat ichn
giFile    ftgen     0,  0,    0,    1,   "myfile.wav", 0,    0,      0

d varname
 ifn 
 itime��5HESE�ARGUMENTS�HAVE�THE�SAME�MEANING�AS�EXPLAINED
ABOVE�IN�REFERENCE�TO�(&/���

d isize��6SUALLY�YOU�WON�T�KNOW�THE�LENGTH�OF�YOUR�SOUNDFILE�IN�SAMPLES
�AND�WANT
TO�HAVE�A�TABLE�LENGTH�WHICH�INCLUDES�EXACTLY�ALL�THE�SAMPLES��5HIS�IS�DONE�BY
SETTINGisize=0��	/OTE�THAT�SOME�OPCODES�MAY�NEED�A�POWER�OF�TWO�TABLE��*N�THIS
CASE�YOU�CAN�NOT�USE�THIS�OPTION
�BUT�MUST�CALCULATE�THE�NEXT�LARGER�POWER�OF�TWO
VALUE�AS�SIZE�FOR�THE�FUNCTION�TABLE�


d igen��"S�EXPLAINED�IN�THE�PREVIOUS�SUBCHAPTER
�THIS�IS�ALWAYS�THE�PLACE�FOR
INDICATING�THE�NUMBER�OF�THE�(&/�3OUTINE�WHICH�MUST�BE�USED��"S�ALWAYS
�A
POSITIVE�NUMBER�MEANS�NORMALIZING
�WHICH�IS�USUALLY�CONVENIENT�FOR�AUDIO
SAMPLES�

d Sfilnam��5HE�NAME�OF�THE�SOUNDFILE�IN�DOUBLE�QUOTES��4IMILAR�TO�OTHER�AUDIO
PROGRAMMING�LANGUAGES
�$SOUND�RECOGNIZES�JUST�THE�NAME�IF�YOUR��CSD�AND�THE
SOUNDFILE�ARE�IN�THE�SAME�FOLDER��0THERWISE
�GIVE�THE�FULL�PATH��	:OU�CAN�ALSO
INCLUDE�THE�FOLDER�VIA�THE��44%*3��VARIABLE
�OR�ADD�THE�FOLDER�VIA�THE����
ENV�/".&��7"-6&��OPTION�


d iskip��5HE�TIME�IN�SECONDS�YOU�WANT�TO�SKIP�AT�THE�BEGINNING�OF�THE�SOUNDFILE���
MEANS�READING�FROM�THE�BEGINNING�OF�THE�FILE�

d iformat ��6SUALLY��
�WHICH�MEANS��READ�THE�SAMPLE�FORMAT�FROM�THE�SOUNDFILE
HEADER�

d ichn������READ�THE�FIRST�CHANNEL�OF�THE�SOUNDFILE�INTO�THE�TABLE
�����READ�THE�SECOND
CHANNEL
�ETC����MEANS�THAT�ALL�CHANNELS�ARE�READ�

5HE�NEXT�EXAMPLE�PLAYS�A�SHORT�SAMPLE��:OU�CAN�DOWNLOAD�ITHERE��$OPY�THE�TEXT�BELOW

SAVE�IT�TO�THE�SAME�LOCATION�AS�THE��FOX�WAV��SOUNDFILE�	OR�ADD�THE�FOLDER�VIA�THE����

ENV�/".&��7"-6&��OPTION

 � AND�IT�SHOULD�WORK��3EADING�THE�FUNCTION�TABLE�IS�DONE
HERE�WITH�THEPOSCIL�OPCODE�WHICH�CAN�DEAL�WITH�NON�POWER�OF�TWO�TABLES�

EXAMPLE 03D03_Sample_to_table.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSample  ftgen     0, 0, 0, 1, "fox.wav", 0, 0, 1

instr 1
itablen   =         ftlen(giSample) ;length of the table
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idur      =         itablen / sr ;duration
aSamp     poscil3   .5, 1/idur, giSample

outs      aSamp, aSamp
endin

</CsInstruments>
<CsScore>
i 1 0 2.757
</CsScore>
</CsoundSynthesizer>

GEN10: Creating a Waveform

5HE�THIRD�EXAMPLE�FOR�GENERATING�A�FUNCTION�TABLE�COVERS�A�CLASSIC�CASE��BUILDING�A
FUNCTION�TABLE�WHICH�STORES�ONE�CYCLE�OF�A�WAVEFORM��5HIS�WAVEFORM�IS�THEN�READ�BY�AN
OSCILLATOR�TO�PRODUCE�A�SOUND�

5HERE�ARE�MANY�(&/�3OUTINES�TO�ACHIEVE�THIS��5HE�SIMPLEST�ONE�IS(&/�� ��*T�PRODUCES�A
WAVEFORM�BY�ADDING�SINE�WAVES�WHICH�HAVE�THE��HARMONIC��FREQUENCY�RELATIONS����������
��������"FTER�THE�USUAL�ARGUMENTS�FOR�FUNCTION�TABLE�NUMBER
�START
�SIZE�AND�GEN�ROUTINE
NUMBER
�WHICH�ARE�THE�FIRST�FOUR�ARGUMENTS�INFTGENFOR�ALL�(&/�3OUTINES
�YOU�MUST
SPECIFY�FOR�(&/���THE�RELATIVE�STRENGTHS�OF�THE�HARMONICS��4O
�IF�YOU�JUST�PROVIDE�ONE
ARGUMENT
�YOU�WILL�END�UP�WITH�A�SINE�WAVE�	�ST�HARMONIC
��5HE�NEXT�ARGUMENT�IS�THE
STRENGTH�OF�THE��ND�HARMONIC
�THEN�THE��RD
�AND�SO�ON��*N�THIS�WAY
�YOU�CAN�BUILD�THE
STANDARD�HARMONIC�WAVEFORMS�BY�SUMS�OF�SINOIDS��5HIS�IS�DONE�IN�THE�NEXT�EXAMPLE�BY
INSTRUMENTS������*NSTRUMENT���USES�THE�SINE�WAVETABLE�TWICE��FOR�GENERATING�BOTH�THE
SOUND�AND�THE�ENVELOPE�

EXAMPLE 03D04_Standard_waveforms_with_GEN10.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
giSaw     ftgen     0, 0, 2^10, 10, 1, 1/2, 1/3, 1/4, 1/5, 1/6, 1/7, 1/8, 1/9
giSquare  ftgen     0, 0, 2^10, 10, 1, 0, 1/3, 0, 1/5, 0, 1/7, 0, 1/9
giTri     ftgen     0, 0, 2^10, 10, 1, 0, -1/9, 0, 1/25, 0, -1/49, 0, 1/81
giImp     ftgen     0, 0, 2^10, 10, 1, 1, 1, 1, 1, 1, 1, 1, 1

instr 1 ;plays the sine wavetable
aSine     poscil    .2, 400, giSine
aEnv      linen     aSine, .01, p3, .05

outs      aEnv, aEnv
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endin

instr 2 ;plays the saw wavetable
aSaw      poscil    .2, 400, giSaw
aEnv      linen     aSaw, .01, p3, .05

outs      aEnv, aEnv
endin

instr 3 ;plays the square wavetable
aSqu      poscil    .2, 400, giSquare
aEnv      linen     aSqu, .01, p3, .05

outs      aEnv, aEnv
endin

instr 4 ;plays the triangular wavetable
aTri      poscil    .2, 400, giTri
aEnv      linen     aTri, .01, p3, .05

outs      aEnv, aEnv
endin

instr 5 ;plays the impulse wavetable
aImp      poscil    .2, 400, giImp
aEnv      linen     aImp, .01, p3, .05

outs      aEnv, aEnv
endin

instr 6 ;plays a sine and uses the first half of its shape as envelope
aEnv      poscil    .2, 1/6, giSine
aSine     poscil    aEnv, 400, giSine

outs      aSine, aSine
endin

</CsInstruments>
<CsScore>
i 1 0 3
i 2 4 3
i 3 8 3
i 4 12 3
i 5 16 3
i 6 20 3
</CsScore>
</CsoundSynthesizer>

HOW TO WRITE VALUES TO A FUNCTION
TABLE

"S�WE�SAW
�EACH�(&/�3OUTINE�GENERATES�A�FUNCTION�TABLE
�AND�BY�DOING�THIS
�IT�WRITES
VALUES�INTO�IT��#UT�IN�CERTAIN�CASES�YOU�MIGHT�FIRST�WANT�TO�CREATE�AN�EMPTY�TABLE
�AND�THEN
WRITE�THE�VALUES�INTO�IT�LATER��5HIS�SECTION�IS�ABOUT�HOW�TO�DO�THIS�



"CTUALLY�IT�IS�NOT�CORRECT�TO�SPEAK�OF�AN��EMPTY�TABLE���*F�$SOUND�CREATES�AN��EMPTY�
TABLE
�IN�FACT�IT�WRITES�ZEROS�TO�THE�INDICES�WHICH�ARE�NOT�SPECIFIED��5HIS�IS�PERHAPS�THE
EASIEST�METHOD�OF�CREATING�AN��EMPTY��TABLE�FOR�����VALUES�

giEmpty   ftgen     0, 0, -100, 2, 0

5HE�BASIC�OPCODE�WHICH�WRITES�VALUES�TO�EXISTING�FUNCTION�TABLES�ISTABLEWAND�ITS�I�TIME
DESCENDANTTABLEIW��/OTE�THAT�YOU�MAY�HAVE�PROBLEMS�WITH�SOME�FEATURES�IF�YOUR�TABLE�IS
NOT�A�POWER�OF�TWO�SIZE��*N�THIS�CASE
�YOU�CAN�ALSO�USETABW� TABW@I
�BUT�THEY�DON�T�HAVE
THE�OFFSET��AND�THE�WRAPAROUND�FEATURE��"S�USUAL
�YOU�MUST�DIFFERENTIATE�IF�YOUR�SIGNAL
	VARIABLE
�IS�I�RATE
�K�RATE�OR�A�RATE��5HE�USAGE�IS�SIMPLE�AND�DIFFERS�JUST�IN�THE�CLASS�OF
VALUES�YOU�WANT�TO�WRITE�TO�THE�TABLE�	I�
�K��OR�A�VARIABLES
�

tableiw   isig, indx, ifn [, ixmode] [, ixoff] [, iwgmode]
tablew    ksig, kndx, ifn [, ixmode] [, ixoff] [, iwgmode]
tablew    asig, andx, ifn [, ixmode] [, ixoff] [, iwgmode]

d isig
 ksig
 asigIS�THE�VALUE�	VARIABLE
�YOU�WANT�TO�WRITE�INTO�SPECIFIED�LOCATIONS�OF
THE�TABLE�

d indx
 kndx
 andx IS�THE�LOCATION�	INDEX
�WHERE�YOU�WRITE�THE�VALUE�
d ifn IS�THE�FUNCTION�TABLE�YOU�WANT�TO�WRITE�IN�
d ixmodeGIVES�THE�CHOICE�TO�WRITE�BY�RAW�INDICES�	COUNTING�FROM���TO�SIZE��

�OR

BY�A�NORMALIZED�WRITING�MODE�IN�WHICH�THE�START�AND�END�OF�EACH�TABLE�ARE�ALWAYS
REFERRED�AS���AND���	NOT�DEPENDING�ON�THE�LENGTH�OF�THE�TABLE
��5HE�DEFAULT�IS
IXMODE���WHICH�MEANS�THE�RAW�INDEX�MODE��"�VALUE�NOT�EQUAL�TO�ZERO�FOR
IXMODE�CHANGES�TO�THE�NORMALIZED�INDEX�MODE�

d ixoff 	DEFAULT��
�GIVES�AN�INDEX�OFFSET��4O
�IF�INDX���AND�IXOFF��
�YOU�WILL�WRITE
AT�INDEX���

d iwgmodeTELLS�WHAT�YOU�WANT�TO�DO�IF�YOUR�INDEX�IS�LARGER�THAN�THE�SIZE�OF�THE
TABLE��*F�IWGMODE���	DEFAULT

�ANY�INDEX�LARGER�THAN�POSSIBLE�IS�WRITTEN�AT�THE�LAST
POSSIBLE�INDEX��*F�IWGMODE��
�THE�INDICES�ARE�WRAPPED�AROUND��'OR�INSTANCE
�IF
YOUR�TABLE�SIZE�IS��
�AND�YOUR�INDEX�IS���
�IN�THE�WRAPAROUND�MODE�THE�VALUE�WILL
BE�WRITTEN�AT�INDEX���

)ERE�ARE�SOME�EXAMPLES�FOR�I�
�K��AND�A�RATE�VALUES�

i-Rate Example

5HE�FOLLOWING�EXAMPLE�CALCULATES�THE�FIRST����VALUES�OF�A�'IBONACCI�SERIES�AND�WRITES�IT�TO
A�TABLE��5HIS�TABLE�HAS�BEEN�CREATED�FIRST�IN�THE�HEADER�	FILLED�WITH�ZEROS
��5HEN�INSTRUMENT
��CALCULATES�THE�VALUES�IN�AN�I�TIME�LOOP�AND�WRITES�THEM�TO�THE�TABLE�WITH�TABLEIW�
*NSTRUMENT���JUST�SERVES�TO�PRINT�THE�VALUES�

http://www.csounds.com/manual/html/tablew.html
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EXAMPLE 03D05_Write_Fibo_to_table.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz

giFt      ftgen     0, 0, -12, -2, 0

instr 1; calculates first 12 fibonacci values and writes them to giFt
istart    =         1
inext     =         2
indx      =         0
loop:

tableiw   istart, indx, giFt ;writes istart to table
istartold =         istart ;keep previous value of istart
istart    =         inext ;reset istart for next loop
inext     =         istartold + inext ;reset inext for next loop

loop_lt   indx, 1, 12, loop
endin

instr 2; prints the values of the table
prints    "%nContent of Function Table:%n"

indx      init      0
loop:
ival      table     indx, giFt

prints    "Index %d = %f%n", indx, ival
loop_lt   indx, 1, ftlen(giFt), loop

endin

</CsInstruments>
<CsScore>
i 1 0 0
i 2 0 0
</CsScore>
</CsoundSynthesizer>

k-Rate Example

5HE�NEXT�EXAMPLE�WRITES�A�K�SIGNAL�CONTINUOUSLY�INTO�A�TABLE��5HIS�CAN�BE�USED�TO�RECORD
ANY�KIND�OF�USER�INPUT
�FOR�INSTANCE�BY�.*%*�OR�WIDGETS��*T�CAN�ALSO�BE�USED�TO�RECORD
RANDOM�MOVEMENTS�OF�K�SIGNALS
�LIKE�HERE�

EXAMPLE 03D06_Record_ksig_to_table.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2



0dbfs = 1

giFt      ftgen     0, 0, -5*kr, 2, 0; size for 5 seconds of recording
giWave    ftgen     0, 0, 2^10, 10, 1, .5, .3, .1; waveform for oscillator

seed      0

; - recording of a random frequency movement for 5 seconds, and playing it
instr 1

kFreq     randomi   400, 1000, 1 ;random frequency
aSnd      poscil    .2, kFreq, giWave ;play it

outs      aSnd, aSnd
;;record the k-signal

prints    "RECORDING!%n"
;create a writing pointer in the table,
;moving in 5 seconds from index 0 to the end

kindx     linseg    0, 5, ftlen(giFt)
;write the k-signal

tablew    kFreq, kindx, giFt
endin

instr 2; read the values of the table and play it again
;;read the k-signal

prints    "PLAYING!%n"
;create a reading pointer in the table,
;moving in 5 seconds from index 0 to the end

kindx     linseg    0, 5, ftlen(giFt)
;read the k-signal

kFreq     table     kindx, giFt
aSnd      oscil3    .2, kFreq, giWave; play it

outs      aSnd, aSnd
endin

</CsInstruments>
<CsScore>
i 1 0 5
i 2 6 5
</CsScore>
</CsoundSynthesizer>

"S�YOU�SEE
�IN�THIS�TYPICAL�CASE�OF�WRITING�K�VALUES�TO�A�TABLE�YOU�NEED�A�MOVING�SIGNAL
FOR�THE�INDEX��5HIS�CAN�BE�DONE�USING�THELINEORLINSEGOPCODE�LIKE�HERE
�OR�BY�USING�A
PHASOR��5HE�PHASOR�ALWAYS�MOVES�FROM���TO���IN�A�CERTAIN�FREQUENCY��4O
�IF�YOU�WANT�THE
PHASOR�TO�MOVE�FROM���TO���IN���SECONDS
�YOU�MUST�SET�THE�FREQUENCY�TO������#Y�SETTING�THE
IXMODE�ARGUMENT�OF�TABLEW�TO��
�YOU�CAN�USE�THEphasorOUTPUT�DIRECTLY�AS�WRITING
POINTER��4O�THIS�IS�AN�ALTERNATIVE�VERSION�OF�INSTRUMENT���TAKEN�FROM�THE�PREVIOUS�EXAMPLE�

instr 1; recording of a random frequency movement for 5 seconds, and playing it
kFreq     randomi   400, 1000, 1; random frequency
aSnd      oscil3    .2, kFreq, giWave; play it

outs      aSnd, aSnd
;;record the k-signal with a phasor as index

prints    "RECORDING!%n"
;create a writing pointer in the table,
;moving in 5 seconds from index 0 to the end

http://www.csounds.com/manual/html/line.html
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kindx     phasor    1/5
;write the k-signal

tablew    kFreq, kindx, giFt, 1
endin

a-Rate Example

3ECORDING�AN�AUDIO�SIGNAL�IS�QUITE�SIMILAR�TO�RECORDING�A�CONTROL�SIGNAL��:OU�JUST�NEED�AN
A�SIGNAL�AS�INPUT�AND�ALSO�AS�INDEX��5HE�FIRST�EXAMPLE�SHOWS�FIRST�THE�RECORDING�OF�A
RANDOM�AUDIO�SIGNAL��*F�YOU�HAVE�LIVE�AUDIO�INPUT
�YOU�CAN�THEN�RECORD�YOUR�INPUT�FOR��
SECONDS�

EXAMPLE 03D07_Record_audio_to_table.csd

<CsoundSynthesizer>
<CsOptions>
-iadc -odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giFt      ftgen     0, 0, -5*sr, 2, 0; size for 5 seconds of recording audio
seed      0

instr 1 ;generating a band filtered noise for 5 seconds, and recording it
aNois     rand      .2
kCfreq    randomi   200, 2000, 3; random center frequency
aFilt     butbp     aNois, kCfreq, kCfreq/10; filtered noise
aBal      balance   aFilt, aNois, 1; balance amplitude

outs      aBal, aBal
;;record the audiosignal with a phasor as index

prints    "RECORDING FILTERED NOISE!%n"
;create a writing pointer in the table,
;moving in 5 seconds from index 0 to the end

aindx     phasor    1/5
;write the k-signal

tablew    aBal, aindx, giFt, 1
endin

instr 2 ;read the values of the table and play it
prints    "PLAYING FILTERED NOISE!%n"

aindx     phasor    1/5
aSnd      table3    aindx, giFt, 1

outs      aSnd, aSnd
endin

instr 3 ;record live input
ktim      timeinsts ; playing time of the instrument in seconds

prints    "PLEASE GIVE YOUR LIVE INPUT AFTER THE BEEP!%n"



kBeepEnv  linseg    0, 1, 0, .01, 1, .5, 1, .01, 0
aBeep     oscils    .2, 600, 0

outs      aBeep*kBeepEnv, aBeep*kBeepEnv
;;record the audiosignal after 2 seconds

if ktim > 2 then
ain       inch      1

printks   "RECORDING LIVE INPUT!%n", 10
;create a writing pointer in the table,
;moving in 5 seconds from index 0 to the end

aindx     phasor    1/5
;write the k-signal

tablew    ain, aindx, giFt, 1
endif

endin

instr 4 ;read the values from the table and play it
prints    "PLAYING LIVE INPUT!%n"

aindx     phasor    1/5
aSnd      table3    aindx, giFt, 1

outs      aSnd, aSnd
endin

</CsInstruments>
<CsScore>
i 1 0 5
i 2 6 5
i 3 12 7
i 4 20 5
</CsScore>
</CsoundSynthesizer>

HOW TO RETREIVE VALUES FROM A FUNCTION
TABLE

5HERE�ARE�TWO�METHODS�OF�READING�TABLE�VALUES��:OU�CAN�EITHER�USE�THETABLE� TABOPCODES

WHICH�ARE�UNIVERSALLY�USABLE
�BUT�NEED�AN�INDEX��OR�YOU�CAN�USE�AN�OSCILLATOR�FOR�READING�A
TABLE�AT�K�RATE�OR�A�RATE�

The table Opcode

5HETABLEOPCODE�IS�QUITE�SIMILAR�IN�SYNTAX�TO�THETABLEIW�TABLEWOPCODES�	WHICH�ARE
EXPLAINED�ABOVE
��*T�S�JUST�ITS�COUNTERPART�IN�READING�VALUES�FROM�A�FUNCTION�TABLE�INSTEAD
OF�WRITING�VALUES�TO�IT��4O�ITS�OUTPUT�IS�EITHER�AN�I�
�K��OR�A�SIGNAL��5HE�MAIN�INPUT�IS�AN
INDEX�OF�THE�APPROPRIATE�RATE�	I�INDEX�FOR�I�OUTPUT
�K�INDEX�FOR�K�OUTPUT
�A�INDEX�FOR�A�
OUTPUT
��5HE�OTHER�ARGUMENTS�ARE�AS�EXPLAINED�ABOVE�FORTABLEIW�TABLEW�

ires      table    indx, ifn [, ixmode] [, ixoff] [, iwrap]
kres      table    kndx, ifn [, ixmode] [, ixoff] [, iwrap]
ares      table    andx, ifn [, ixmode] [, ixoff] [, iwrap]
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"S�TABLE�READING�OFTEN�REQUIRES�INTERPOLATION�BETWEEN�THE�TABLE�VALUES���FOR�INSTANCE�IF�YOU
READ�K��OR�A�VALUES�FASTER�OR�SLOWER�THAN�THEY�HAVE�BEEN�WRITTEN�IN�THE�TABLE���$SOUND
OFFERS�TWO�DESCENDANTS�OF�TABLE�FOR�INTERPOLATION�TABLEIINTERPOLATES�LINEARLY
�WHILSTTABLE�
PERFORMS�CUBIC�INTERPOLATION�	WHICH�IS�GENERALLY�PREFERABLE�BUT�IS�COMPUTATIONALLY

SLIGHTLY�MORE�EXPENSIVE
��

"NOTHER�VARIANT�IS�THETAB@I� TABOPCODE�WHICH�MISSES�SOME�FEATURES�BUT�MAY�BE
PREFERABLE�IN�SOME�SITUATIONS��*F�YOU�HAVE�ANY�PROBLEMS�IN�READING�NON�POWER�OF�TWO
TABLES
�GIVE�THEM�A�TRY��5HEY�SHOULD�ALSO�BE�FASTER�THAN�THE�TABLE�OPCODE
�BUT�YOU�MUST
TAKE�CARE��THEY�INCLUDE�FEWER�BUILT�IN�PROTECTION�MEASURES�THANTABLE
 TABLEIANDTABLE�AND
IF�THEY�ARE�GIVEN�INDEX�VALUES�THAT�EXCEED�THE�TABLE�SIZE�$SOUND�WILL�STOP�AND�REPORT�A
PERFORMANCE�ERROR�
&XAMPLES�OF�THE�USE�OF�THETABLEOPCODES�CAN�BE�FOUND�IN�THE�EARLIER�EXAMPLES�IN�THE
)OW�5O�8RITE�7ALUES����SECTION�

Oscillators

5O�READ�TABLE�VALUES�USING�AN�OSCILLATOR�IS�STANDARD�WHEN�READING�TABLES�WHICH�CONTAIN
ONE�CYCLE�OF�A�WAVEFORM�AT�AUDIO�RATE��#UT�ACTUALLY�YOU�CAN�READ�ANY�TABLE�USING�AN
OSCILLATOR
�EITHER�AT�A��OR�AT�K�RATE��5HE�ADVANTAGE�IS�THAT�YOU�NEEDN�T�CREATE�AN�INDEX
SIGNAL��:OU�CAN�SIMPLY�SPECIFY�THE�FREQUENCY�OF�THE�OSCILLATOR�
:OU�SHOULD�BEAR�IN�MIND�THAT�MANY�OF�THE�OSCILLATORS�IN�$SOUND�WILL�WORK�ONLY�WITH
POWER�OF�TWO�TABLE�SIZES��5HEPOSCIL�POSCIL�OPCODES�DO�NOT�HAVE�THIS�RESTRICTION�AND
OFFER�A�HIGH�PRECISION
�BECAUSE�THEY�WORK�WITH�FLOATING�POINT�INDICES
�SO�IN�GENERAL�IT�IS
RECOMMENDED�TO�USE�THEM��#ELOW�IS�AN�EXAMPLE�THAT�DEMONSTRATES�BOTH�READING�A�K�RATE
AND�AN�A�RATE�SIGNAL�FROM�A�BUFFER�WITHPOSCIL�	AN�OSCILLATOR�WITH�A�CUBIC�INTERPOLATION
�

EXAMPLE 03D08_RecPlay_ak_signals.csd

<CsoundSynthesizer>
<CsOptions>
-iadc -odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1
; -- size for 5 seconds of recording control data
giControl ftgen     0, 0, -5*kr, 2, 0
; -- size for 5 seconds of recording audio data
giAudio   ftgen     0, 0, -5*sr, 2, 0
giWave    ftgen     0, 0, 2^10, 10, 1, .5, .3, .1; waveform for oscillator

seed      0

; -- ;recording of a random frequency movement for 5 seconds, and playing it
instr 1

kFreq     randomi   400, 1000, 1; random frequency
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aSnd      poscil    .2, kFreq, giWave; play it
outs      aSnd, aSnd

;;record the k-signal with a phasor as index
prints    "RECORDING RANDOM CONTROL SIGNAL!%n"

;create a writing pointer in the table,
;moving in 5 seconds from index 0 to the end

kindx     phasor    1/5
;write the k-signal

tablew    kFreq, kindx, giControl, 1
endin

instr 2; read the values of the table and play it with poscil
prints    "PLAYING CONTROL SIGNAL!%n"

kFreq     poscil    1, 1/5, giControl
aSnd      poscil    .2, kFreq, giWave; play it

outs      aSnd, aSnd
endin

instr 3; record live input
ktim      timeinsts ; playing time of the instrument in seconds

prints    "PLEASE GIVE YOUR LIVE INPUT AFTER THE BEEP!%n"
kBeepEnv  linseg    0, 1, 0, .01, 1, .5, 1, .01, 0
aBeep     oscils    .2, 600, 0

outs      aBeep*kBeepEnv, aBeep*kBeepEnv
;;record the audiosignal after 2 seconds

if ktim > 2 then
ain       inch      1

printks   "RECORDING LIVE INPUT!%n", 10
;create a writing pointer in the table,
;moving in 5 seconds from index 0 to the end

aindx     phasor    1/5
;write the k-signal

tablew    ain, aindx, giAudio, 1
endif

endin

instr 4; read the values from the table and play it with poscil
prints    "PLAYING LIVE INPUT!%n"

aSnd      poscil    .5, 1/5, giAudio
outs      aSnd, aSnd

endin

</CsInstruments>
<CsScore>
i 1 0 5
i 2 6 5
i 3 12 7
i 4 20 5
</CsScore>
</CsoundSynthesizer>



SAVING THE CONTENTS OF A FUNCTION TABLE
TO A FILE

"�FUNCTION�TABLE�EXISTS�ONLY�AS�LONG�AS�YOU�RUN�THE�$SOUND�INSTANCE�WHICH�HAS�CREATED�IT�
*F�$SOUND�TERMINATES
�ALL�THE�DATA�IS�LOST��*F�YOU�WANT�TO�SAVE�THE�DATA�FOR�LATER�USE
�YOU
MUST�WRITE�THEM�TO�A�FILE��5HERE�ARE�SEVERAL�CASES
�DEPENDING�FIRSTLY�ON�WHETHER�YOU�WRITE
AT�I�TIME�OR�AT�K�TIME�AND�SECONDLY�ON�WHAT�KIND�OF�FILE�YOU�WANT�TO�WRITE�TO�

Writing a File in Csound's ftsave Format at i-Time or k-Time

"NY�FUNCTION�TABLE�IN�$SOUND�CAN�EASILY�BE�WRITTEN�TO�A�FILE�BY�THEFTSAVE	I�TIME
�OR
FTSAVEK	K�TIME
�OPCODE��5HEIR�USE�IS�VERY�SIMPLE��5HE�FIRST�ARGUMENT�SPECIFIES�THE
FILENAME�	IN�DOUBLE�QUOTES

�THE�SECOND�ARGUMENT�CHOOSES�BETWEEN�A�TEXT�FORMAT�	NON
ZERO
�OR�A�BINARY�FORMAT�	ZERO
�TO�WRITE
�THEN�YOU�JUST�GIVE�THE�NUMBER�OF�THE�FUNCTION
TABLE	S
�TO�SAVE�
8ITH�THE�FOLLOWING�EXAMPLE
�YOU�SHOULD�END�UP�WITH�TWO�TEXTFILES�IN�THE�SAME�FOLDER�AS
YOUR��CSD���I�TIME@SAVE�TXT��SAVES�FUNCTION�TABLE���	A�SINE�WAVE
�AT�I�TIME���K�
TIME@SAVE�TXT��SAVES�FUNCTION�TABLE���	A�LINEAR�INCREMENT�PRODUCED�DURING�THE
PERFORMANCE
�AT�K�TIME�

EXAMPLE 03D09_ftsave.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giWave    ftgen     1, 0, 2^7, 10, 1; sine with 128 points
giControl ftgen     2, 0, -kr, 2, 0; size for 1 second of recording control data

seed      0

instr 1; saving giWave at i-time
ftsave    "i-time_save.txt", 1, 1

endin

instr 2; recording of a line transition between 0 and 1 for one second
kline     linseg    0, 1, 1

tabw      kline, kline, giControl, 1
endin

instr 3; saving giWave at k-time
ftsave    "k-time_save.txt", 1, 2

endin

</CsInstruments>
<CsScore>

http://www.csounds.com/manual/html/ftsave.html
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i 1 0 0
i 2 0 1
i 3 1 .1
</CsScore>
</CsoundSynthesizer>

5HE�COUNTERPART�TOFTSAVE�FTSAVEKARE�THEFTLOAD�FTLOADKOPCODES��6SING�THEM
�YOU�CAN
LOAD�THE�SAVED�FILES�INTO�FUNCTION�TABLES�

Writing a Soundfile from a Recorded Function Table

*F�YOU�HAVE�RECORDED�YOUR�LIVE�INPUT�TO�A�BUFFER
�YOU�MAY�WANT�TO�SAVE�YOUR�BUFFER�AS�A
SOUNDFILE��5HERE�IS�NO�OPCODE�IN�$SOUND�WHICH�DOES�THAT
�BUT�IT�CAN�BE�DONE�BY�USING�A�K�
RATE�LOOP�AND�THEFOUTOPCODE��5HIS�IS�SHOWN�IN�THE�NEXT�EXAMPLE
�IN�INSTRUMENT����'IRST
INSTRUMENT���RECORDS�YOUR�LIVE�INPUT��5HEN�INSTRUMENT���WRITES�THE��TESTWRITE�WAV��FILE
INTO�THE�SAME�FOLDER�AS�YOUR��CSD��5HIS�IS�DONE�AT�THE�FIRST�K�CYCLE�OF�INSTRUMENT��
�BY
REPEATEDLY�READING�THE�TABLE�VALUES�AND�WRITING�THEM�AS�AN�AUDIO�SIGNAL�TO�DISK��"FTER�THIS
IS�DONE
�THE�INSTRUMENT�IS�TURNED�OFF�BY�EXECUTING�THETURNOFFSTATEMENT�

EXAMPLE 03D10_Table_to_soundfile.csd

<CsoundSynthesizer>
<CsOptions>
-i adc
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1
; --  size for 5 seconds of recording audio data
giAudio   ftgen     0, 0, -5*sr, 2, 0

instr 1 ;record live input
ktim      timeinsts ; playing time of the instrument in seconds

prints    "PLEASE GIVE YOUR LIVE INPUT AFTER THE BEEP!%n"
kBeepEnv  linseg    0, 1, 0, .01, 1, .5, 1, .01, 0
aBeep     oscils    .2, 600, 0

outs      aBeep*kBeepEnv, aBeep*kBeepEnv
;;record the audiosignal after 2 seconds

if ktim > 2 then
ain       inch      1

printks   "RECORDING LIVE INPUT!%n", 10
;create a writing pointer in the table,
;moving in 5 seconds from index 0 to the end

aindx     phasor    1/5
;write the k-signal

tablew    ain, aindx, giAudio, 1
endif

endin
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instr 2; write the giAudio table to a soundfile
Soutname  =         "testwrite.wav"; name of the output file
iformat   =         14; write as 16 bit wav file
itablen   =         ftlen(giAudio); length of the table in samples

kcnt      init      0; set the counter to 0 at start
loop:
kcnt      =         kcnt+ksmps; next value (e.g. 10 if ksmps=10)
andx      interp    kcnt-1; calculate audio index (e.g. from 0 to 9)
asig      tab       andx, giAudio; read the table values as audio signal

fout      Soutname, iformat, asig; write asig to a file
if kcnt <= itablen-ksmps kgoto loop; go back as long there is something to do

turnoff   ; terminate the instrument
endin

</CsInstruments>
<CsScore>
i 1 0 7
i 2 7 .1
</CsScore>
</CsoundSynthesizer>

5HIS�CODE�CAN�ALSO�BE�TRANSFORMED�IN�A6SER�%EFINED�0PCODE��*T�CAN�BE�FOUNDHERE�

Related Opcodes

FTGEN��$REATES�A�FUNCTION�TABLE�IN�THE�ORCHESTRA�USING�ANY�(&/�3OUTINE�

TABLE� TABLEI� TABLE���3EAD�VALUES�FROM�A�FUNCTION�TABLE�AT�ANY�RATE
�EITHER�BY�DIRECT
INDEXING�	TABLE

�OR�BY�LINEAR�	TABLEI
�OR�CUBIC�	TABLE�
�INTERPOLATION��5HESE�OPCODES
PROVIDE�MANY�OPTIONS�AND�ARE�SAFE�BECAUSE�OF�BOUNDARY�CHECK
�BUT�YOU�MAY�HAVE
PROBLEMS�WITH�NON�POWER�OF�TWO�TABLES�

TAB@I� TAB��3EAD�VALUES�FROM�A�FUNCTION�TABLE�AT�I�RATE�	TAB@I

�K�RATE�OR�A�RATE�	TAB
��0FFER
NO�INTERPOLATION�AND�LESS�OPTIONS�THAN�THE�TABLE�OPCODES
�BUT�THEY�WORK�ALSO�FOR�NON�
POWER�OF�TWO�TABLES��5HEY�DO�NOT�PROVIDE�A�BOUNDARY�CHECK
�WHICH�MAKES�THEM�FAST�BUT
ALSO�GIVE�THE�USER�THE�RESPOSABILITY�NOT�READING�ANY�VALUE�OFF�THE�TABLE�BOUNDARIES�

TABLEIW� TABLEW��8RITE�VALUES�TO�A�FUNCTION�TABLE�AT�I�RATE�	TABLEIW

�K�RATE�AND�A�RATE
	TABLEW
��5HESE�OPCODES�PROVIDE�MANY�OPTIONS�AND�ARE�SAFE�BECAUSE�OF�BOUNDARY�CHECK

BUT�YOU�MAY�HAVE�PROBLEMS�WITH�NON�POWER�OF�TWO�TABLES�

TABW@I� TABW��8RITE�VALUES�TO�A�FUNCTION�TABLE�AT�I�RATE�	TABW@I

�K�RATE�OR�A�RATE�	TABW
�
0FFER�LESS�OPTIONS�THAN�THE�TABLEIW�TABLEW�OPCODES
�BUT�WORK�ALSO�FOR�NON�POWER�OF�TWO
TABLES��5HEY�DO�NOT�PROVIDE�A�BOUNDARY�CHECK
�WHICH�MAKES�THEM�FAST�BUT�ALSO�GIVE�THE
USER�THE�RESPOSABILITY�NOT�WRITING�ANY�VALUE�OFF�THE�TABLE�BOUNDARIES�

http://www.csounds.com/manual/html/OrchUDO.html
http://www.csounds.com/udo/displayOpcode.php?opcode_id=122
http://www.csounds.com/manual/html/ftgen.html
http://www.csounds.com/manual/html/table.html
http://www.csounds.com/manual/html/tablei.html
http://www.csounds.com/manual/html/table3.html
http://www.csounds.com/manual/html/tab.html
http://www.csounds.com/manual/html/tab.html
http://www.csounds.com/manual/html/tableiw.html
http://www.csounds.com/manual/html/tablew.html
http://www.csounds.com/manual/html/tab.html
http://www.csounds.com/manual/html/tab.html


POSCIL� POSCIL���1RECISE�OSCILLATORS�FOR�READING�FUNCTION�TABLES�AT�K��OR�A�RATE
�WITH�LINEAR
	POSCIL
�OR�CUBIC�	POSCIL�
�INTERPOLATION��5HEY�SUPPORT�ALSO�NON�POWER�OF�TWO�TABLES
�SO
IT�S�USUALLY�RECOMMENDED�TO�USE�THEM�INSTEAD�OF�THE�OLDER�OSCILI�OSCIL��OPCODES��1OSCIL
HAS�ALSO�A�RATE�INPUT�FOR�AMPLITUDE�AND�FREQUENCY
�WHILE�POSCIL��HAS�JUST�K�RATE�INPUT�

OSCILI� OSCIL���5HE�STANDARD�OSCILLATORS�IN�$SOUND�FOR�READING�FUNCTION�TABLES�AT�K��OR�A�
RATE
�WITH�LINEAR�	OSCILI
�OR�CUBIC�	OSCIL�
�INTERPOLATION��5HEY�SUPPORT�ALL�RATES�FOR�THE
AMPLITUDE�AND�FREQUENCY�INPUT
�BUT�ARE�RESTRICTED�TO�POWER�OF�TWO�TABLES��1ARTICULARILY�FOR
LONG�TABLES�AND�LOW�FREQUENCIES�THEY�ARE�NOT�AS�PRECISE�AS�THE�POSCIL�POSCIL��OSCILLATORS�

FTSAVE� FTSAVEK��4AVE�A�FUNCTION�TABLE�AS�A�FILE
�AT�I�TIME�	FTSAVE
�OR�K�TIME�	FTSAVEK
��5HIS
CAN�BE�A�TEXT�FILE�OR�A�BINARY�FILE
�BUT�NOT�A�SOUNDFILE��*F�YOU�WANT�TO�SAVE�A�SOUNDFILE
�USE
THE�6SER�%EFINED�0PCODE5ABLE5O4'�

FTLOAD� FTLOADK��-OAD�A�FUNCTION�TABLE�WHICH�HAS�BEEN�WRITTEN�BY�FTSAVE�FTSAVEK�

LINE� LINSEG� PHASOR��$AN�BE�USED�TO�CREATE�INDEX�VALUES�WHICH�ARE�NEEDED�TO�READ�WRITE
K��OR�A�SIGNALS�WITH�THE�TABLE�TABLEW�OR�TAB�TABW�OPCODES�

�� .AINLY�BECAUSE�YOU�CAN�REFER�TO�THE�FUNCTION�TABLE�BY�A�VARIABLE�NAME�AND�MOST

NOT�DEAL�WITH�TABLES�NUMBERS�?

�� *F�YOUn��CSD�FILE�IS
�FOR�INSTANCE
�IN�THE�DIRECTORY��HOME�JH�CSOUND
�AND�YOUR�SOUND
FILE�IN�THE�DIRECTORY��HOME�JH�SAMPLES
�YOU�SHOULD�ADD�THIS�INSIDE�THE
�$S0PTIONS��TAG�

��ENV�44%*3���HOME�JH�SAMPLES��5HIS�MEANS���-OOK�ALSO�IN��HOME�JH�SAMPLE�AS
4OUND�4AMPLE�%IRECTORY�	44%*3
�

?

�� 'OR�A�GENERAL�INTRODUCTION�ABOUT�INTERPOLATION
�SEE�FOR�INSTANCE

HTTP���EN�WIKIPEDIA�ORG�WIKI�*NTERPOLATION?

http://www.csounds.com/manual/html/poscil.html
http://www.csounds.com/manual/html/poscil3.html
http://www.csounds.com/manual/html/oscili.html
http://www.csounds.com/manual/html/oscil3.html
http://www.csounds.com/manual/html/ftsave.html
http://www.csounds.com/manual/html/ftsavek.html
http://www.csounds.com/udo/displayOpcode.php?opcode_id=122
http://www.csounds.com/manual/html/ftload.html
http://www.csounds.com/manual/html/ftloadk.html
http://www.csounds.com/manual/html/line.html
http://www.csounds.com/manual/html/linseg.html
http://www.csounds.com/manual/html/phasor.html
d-function-tables#InsertNoteID_6_marker7
d-function-tables#InsertNoteID_24_marker25
http://en.wikipedia.org/wiki/Interpolation
d-function-tables#InsertNoteID_8_marker9


ARRAYS
4INCE�$SOUND�����	SEE�THERELEASE�NOTE
�THERE�IS�A�POSSIBILITY�TO�USE�AN�EXPERIMENTAL�WAY
OF�HANDLING�ARRAYS
�CALLED�T�VARIABLES�	T�AStable
�WHICH�ARE�BASICALLY�VECTORS�OF�K�
VARIABLES��*N�$SOUND�
�THE�IMPLEMENTATION�OF�ARRAYS�HAS�BEEN�EXTENDED�CONSIDERABLY�AND
IS�CONTINUOUSLY�DEVELOPING��1LEASE�KEEP�AN�EYE�ON�THE�CHANGES�AND�DOCUMENTATION�

"S�FOR�NOW
�WE�WILL�GIVE�SOME�EXAMPLES�FOR�T�VARIABLES�IN�$SOUND��
�AND�SORT�OF�PREVIEW
ON�ARRAYS�IN�$SOUND���

$SOUND��

Initialisation and allocation:

t1 init 10

ALLOCATES�T�<�>�THROUGH�T�<�>
�INITIALISED�TO�ZERO�

t2 init 20, 1

ALLOCATES�T�<�>�THROUGH�T�<��>
�INITIALISED�TO��

*NDIVIDUAL�ELEMENTS�CAN�BE�ASSIGNED�VIA

t1[kvar] = ...expression...

AND�ALL�EXPRESSIONS�CAN�CONTAIN�T�<KEXPR>

*T�IS�POSSIBLE�TO�COPY�A�TABLE�WITH

t1 = t2

"T�PRESENT�THERE�ARE�NO�GLOBAL�T�VARIABLES�	USE�FTABLES
�

Interaction with tables

tans copy2ftab tab, kftbl

5HEcopy2ftabOPCODE�TAKES�A�T�VAR�AND�COPIES�THE�CONTENTS�TO�AN�F�TABLE�

tans copy2ttab tab, kftbl

5HEcopy2ttabOPCODE�TAKES�AN�F�TABLE�AND�COPIES�THE�CONTENTS�TO�A�T�VAR�

http://www.csounds.com/node/1517
http://www.csounds.com/manual/html/copy2ftab.html
http://www.csounds.com/manual/html/copy2ttab.html


'OR�EXAMPLE�IF�YOU�WANT�TO�TRANSFER�DATA�FROM�ONE�INSTRUMENT�TO�ANOTHER
�YOU�NEED�TO�USE
GLOBAL�F�TABLES�	AND�THERE�IS�PLENTY�OF�OTHER�CASES�WHERE�IT�IS�NECESSARY�TO�WRITE�DATA�FROM
F�TABLE�TO�T�ARRAY�ORvice versa)�

EXAMPLE 03E01_Array_to_table.csd

<CsoundSynthesizer>
<CsOptions>
-odac -d
;Example by Tarmo Johannes
</CsOptions>
<CsInstruments>

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giTab1 ftgen 0, 0, -6, -2, 10,11,12,13,14,15
giTab2 ftgen 0, 0, -6, -2, 0

instr 1
tvar init ftlen(giTab1) ; declare and initialize array tvar
copy2ttab tvar,giTab1 ; copy giTab1 to tvar
printk2 tvar[4]
tvar[4]=tvar[4]+tvar[3] ;    change a value
copy2ftab tvar, giTab2 ; write the whole array to the other table
turnoff ; stop after 1st k-cycle

endin

instr 2
index = 0

loophere:
ival tab_i index,giTab2
print index,ival
loop_lt index, 1, ftlen(giTab2), loophere

endin

</CsInstruments>
<CsScore>
i 1 0 0.1 ; must have some duration, since tvar is handled in k-time (percormance pass)
i 2 0.2 0  ; here only i-values, no duration needed
</CsScore>
</CsoundSynthesizer>

Other opcodes with t-variables

PLUSTAB� 1ERFORMS�AN�ELEMENT�BY�ELEMENT�ADDITION�OF�TWO�VECTORS�

tans plustab tleft, tright

MULTTAB��1ERFORMS�AN�ELEMENT�BY�ELEMENT�MULTIPLICATION�OF�TWO�VECTORS�

http://www.csounds.com/manual/html/plustab.html
http://www.csounds.com/manual/html/multtab.html


tans multtab tleft, tright

MAXTAB��RETURNS�THE�MAXIMUM�VALUE�IN�A�VECTOR�

kmax maxtab tab

MINTAB � RETURNS�THE�MINIMUM�VALUE�IN�A�VECTOR�

kmin mintab tab

SUMTAB��RETURNS�THE�SUM�OF�THE�ELEMENTS�IN�A�VECTOR�

ksum sumtab tab

SCALET� SCALES�THE�VALUES�IN�A�RANGE�OF�A�VECTOR�

scalet tab, kmin, kmax[, kleft, kright]

	 tab ���TABLE�FOR�OPERATION
kmin, kmax���TARGET�MINIMUM�AND�MAXIMUM�VALUES
kleft,
kright ���RANGE�OF�TABLE�TO�USE
�DEFAULTING�TO���AND�SIZE�OF�THE�VECTOR


PVS�TAB� COPIES�SPECTRAL�DATA�TO�T�VARIABLES�

kframe pvs2tab tvar, fsig

TAB�PVS��COPIES�SPECTRAL�DATA�FROM�T�VARIABLES

fsig tab2pvs tvar[,ihopsize, iwinsize, iwintype]

Examples

Example 1��NORMALIZE�TWO�TABLES�TABLES�TO�THE�MAXIMUM�VALUE�OF�THE�TABLES�	USINGmaxtab
ANDscalet 
���CAN�BE�USEFUL�FOR�LEVELING�ALSO�TABLES�WITH�AUDIO�DATA�

EXAMPLE 03E02_norm_to_max.csd

<CsoundSynthesizer>
<CsOptions>
-odac ; no -d -allow displays
;Example by Tarmo Johannes
</CsOptions>
<CsInstruments>

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

#define ELEMENTS #5#
seed 0

http://www.csounds.com/manual/html/maxtab.html
http://www.csounds.com/manual/html/mintab.html
http://www.csounds.com/manual/html/sumtab.html
http://www.csounds.com/manual/html/scalet.html
http://www.csounds.com/manual/html/pvs2tab.html
http://www.csounds.com/manual/html/tab2pvs.html


giTab1 ftgen 0,0,-$ELEMENTS,-21,1,100 ; table of random numbers, 5 elements, maximum 100
giTab2 ftgen 0,0,-$ELEMENTS,-21,1,100

instr 1

t1 init $ELEMENTS
t2 init $ELEMENTS

copy2ttab t1, giTab1 ; f-tables to vectors
copy2ttab t2, giTab2

; find out maxima
kmax1 maxtab t1
kmax2 maxtab t2

if (kmax1>kmax2) then
scalet t2, 0,kmax1 ; scale to the maximum of the higer table
printks "Vector 1 has higer maximum: %f\n",0, kmax1
copy2ftab t2, giTab2 ; and write it back to f-table

else
scalet t1, 0,kmax2 ; scale to the maximum of the higer table
printks "Vector 2 has higer maximum %f\n",0, kmax2
copy2ftab t1, giTab1

endif

; output the new values of the vectors
kindex=0

loop2:
event "i", 2, 0, 0, 1,kindex,t1[kindex]
event "i", 2, 0, 0, 2,kindex,t2[kindex]
loop_lt kindex,1,$ELEMENTS, loop2

turnoff ; finish after 1 performance pass
endin

instr 2 ; output values
prints "Vector: %d index: %d value: %f\n", p4,p5,p6

endin

</CsInstruments>
<CsScore>
i 1 0 0.1
</CsScore>
</CsoundSynthesizer>

&XAMPLE����DETECT�PEAKS�IN�THE�SIGNAL���SAVE�DATA�FROM�''5�ANALYZE�TO�ARRAY�	PVS�TAB


SCAN�THE�ARRAY�FOR�PEAKS�AND�PLAY�BACK�SOUND�ON�THE�FREQUENCIES�AND�AMPLITUDES�OF�THE
PEAKS�AS�ARPEGGIO�

EXAMPLE 03E03_FFT_peaks_arpegg.csd



<CsoundSynthesizer>
<CsOptions>
-odac -d -m128
; Example by Tarmo Johannes
</CsOptions>
<CsInstruments>

sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine ftgen 0, 0, 4096, 10, 1

instr getPeaks

; generate signal to analyze
kfrcoef jspline 60,0.1,1 ; change the signal in time a bit for better testing
kharmcoef jspline 4,0.1,1
kmodcoef jspline 1,0.1,1
kenv linen 0.5,0.05,p3,0.05
asig foscil kenv, 300+kfrcoef,1,1+kmodcoef, 10,giSine
outs asig*0.05,asig*0.05 ; original sound in backround

; FFT analyze
ifftsize  = 1024
ioverlap  = ifftsize / 4
iwinsize  = ifftsize
iwinshape = 1
fsig pvsanal asig, ifftsize, ioverlap, iwinsize, iwinshape
ithresh= 0.001 ; detect only peaks over this value
tFrames init iwinsize+2 ; declare array
kframe pvs2tab tFrames, fsig ; FFT values to array - every even member - amp of one bin, odd - frequency

; detect peaks
kindex = 2 ; start checking from second bin, to be able to compare it to previous one
kcounter = 0
iMaxPeaks = 13 ; track up to iMaxPeaks peaks
ktrigger metro 1/2 ; check after every 2 seconds
if (kframe>0 && ktrigger==1 ) then

label1:
if (tFrames[kindex-2]<=tFrames[kindex] && tFrames[kindex]>tFrames[kindex+2] && tFrames[kindex]>ithresh && kcounter<iMaxPeaks) then  ; check with neigbouring amps - if higher or equal than previous amp and more than the coming one, must be peak.

kamp = tFrames[kindex]
kfreq = tFrames[kindex+1]
event "i", "sound", kcounter*0.1, 1, kamp, kfreq ; play sounds with the amplitude and frequency of the peak as in arpeggio
kcounter=kcounter+1

endif
loop_lt kindex,2,ifftsize,label1;

endif
endin

instr sound
iamp= p4
ifreq=p5
kenv adsr 0.1,0.1,0.5,p3/2
kndx line 5,p3,1



asig foscil iamp*kenv, ifreq,1,0.75,kndx,giSine
outs asig, asig

endin

</CsInstruments>
<CsScore>
i "getPeaks" 0 60
</CsScore>
</CsoundSynthesizer>

ARRAYS IN CSOUND 6

%URING�THE�TIME�OF�WRITING�ON�THIS�RELEASE
�$SOUND���IS�STILL�IN�ALPHA�DEVELOPMENT��#UT�IT
MAY�NEVERTHELESS�BE�USEFUL�TO�PUT�SOME�EXAMPLES�FOR�ARRAYS�IN�$SOUND���HERE�WHICH�ARE
WORKING�ALREADY�NOW�IN�MARCH������

i-Arrays Local

<CsoundSynthesizer>
<CsOptions>
-dnm0
</CsOptions>
<CsInstruments>

;test local iArrays
;jh march 2013

instr 1
prints    "iArr in instr %d:\n", p1

iArr[]    init     4
icounter  =        0

until (icounter >= 4) do
iArr[icounter] =   icounter ^ 2

prints   " iArr[%d] = %f\n", icounter, iArr[icounter]
icounter  +=       1

od
endin

instr 2
prints    "iArr in instr %d:\n", p1

iArr[]    init     4
icounter  =        0

until (icounter >= 4) do
iArr[icounter] =   icounter ^ 2 + 1

prints   " iArr[%d] = %f\n", icounter, iArr[icounter]
icounter  +=       1

od
endin

</CsInstruments>
<CsScore>
i 1 0 0



i 2 0 0
</CsScore>
</CsoundSynthesizer>

1RINTS�
I"RR�IN�INSTR���
I"RR<�>�����������
I"RR<�>�����������
I"RR<�>�����������
I"RR<�>�����������
I"RR�IN�INSTR���
I"RR<�>�����������
I"RR<�>�����������
I"RR<�>�����������
I"RR<�>������������

i-Arrays Global

<CsoundSynthesizer>
<CsOptions>
-dnm0
</CsOptions>
<CsInstruments>

;test global iArrays
;jh march 2013

giArr[]    init       4

instr 1
prints     "Printing giArr[] in instr %d:\n [", p1

icounter   =          0
until      (icounter == 3) do
prints     "%f ", giArr[icounter]

icounter += 1
od

prints     "%f]\n", giArr[3]
endin

instr 2
prints     "Changing giArr[] in instr %d.\n", p1

icounter   =          0
until      (icounter == 4) do

giArr[icounter] =     rnd(10)
printf_i   " giArr[%d] = %f\n", icounter+1, icounter, giArr[icounter]

icounter   +=         1
od
endin

instr 3
prints     "Printing giArr[] in instr %d:\n [", p1

icounter   =          0



until      (icounter == 3) do
prints     "%f ", giArr[icounter]

icounter   +=         1
od

prints     "%f]\n", giArr[3]
endin
</CsInstruments>
<CsScore>
i 1 0 0
i 2 0 0
i 3 0 0
</CsScore>
</CsoundSynthesizer>

1RINTS�
1RINTING�GI"RR<>�IN�INSTR���
<�����������������������������������>
$HANGING�GI"RR<>�IN�INSTR���
GI"RR<�>�����������
GI"RR<�>�����������
GI"RR<�>�����������
GI"RR<�>�����������
1RINTING�GI"RR<>�IN�INSTR���
<�����������������������������������>

k-Arrays Local

<CsoundSynthesizer>
<CsOptions>
-dnm0
</CsOptions>
<CsInstruments>

;test local kArrays
;jh march 2013

instr 1
printks   "kArr in instr %d:\n", 0, p1

kArr[]    init     4
kcounter  =        0

until (kcounter == 4) do
kArr[kcounter] =   kcounter ^ 2

printf   " kArr[%d] = %f\n", kcounter+1, kcounter, kArr[kcounter]
kcounter  +=       1

od
turnoff

endin

instr 2
printks   "kArr in instr %d:\n", 0, p1

kArr[]    init     4
kcounter  =        0



until (kcounter == 4) do
kArr[kcounter] =   kcounter ^ 2 + 1

printf   " kArr[%d] = %f\n", kcounter+1, kcounter, kArr[kcounter]
kcounter  +=       1

od
turnoff

endin

</CsInstruments>
<CsScore>
i 1 0 1
i 2 0 1
</CsScore>
</CsoundSynthesizer>

1RINTS�
K"RR�IN�INSTR���
K"RR<�>�����������
K"RR<�>�����������
K"RR<�>�����������
K"RR<�>�����������
K"RR�IN�INSTR���
K"RR<�>�����������
K"RR<�>�����������
K"RR<�>�����������
K"RR<�>������������

k-Arrays Global

<CsoundSynthesizer>
<CsOptions>
-dnm0
</CsOptions>
<CsInstruments>

;test global iArrays
;jh march 2013

giArrLen  =        5
gkArr[]   init     giArrLen

instr 1
printks   "Printing gkArr[] in instr %d:\n [", 0, p1

kcounter  =        0
until (kcounter == giArrLen-1) do

printf   "%f ", kcounter+1, gkArr[kcounter]
kcounter  +=       1

od
printf    "%f]\n", kcounter+1, gkArr[kcounter]
turnoff

endin



instr 2
printks   "Changing gkArr[] in instr %d.\n", 0, p1

kcounter  =        0
kLim      init     10

until kcounter == giArrLen do
gkArr[kcounter] =  rnd(kLim)

printf " gkArr[%d] = %f\n", kcounter+1, kcounter, gkArr[kcounter]
kcounter  +=       1

od
turnoff

endin

instr 3
printks   "Printing gkArr[] in instr %d:\n [", 0, p1

kcounter  =        0
until (kcounter == giArrLen-1) do

printf   "%f ", kcounter+1, gkArr[kcounter]
kcounter  +=       1

od
printf    "%f]\n", kcounter+1, gkArr[kcounter]
turnoff

endin
</CsInstruments>
<CsScore>
i 1 0 1
i 2 0 1
i 3 0 1
</CsScore>
</CsoundSynthesizer>

1RINTS�
1RINTING�GK"RR<>�IN�INSTR���
<��������������������������������������������>
$HANGING�GK"RR<>�IN�INSTR���
GK"RR<�>�����������
GK"RR<�>�����������
GK"RR<�>�����������
GK"RR<�>�����������
GK"RR<�>�����������
1RINTING�GK"RR<>�IN�INSTR���
<��������������������������������������������>

a-Arrays Local

<CsoundSynthesizer>
<CsOptions>
-odac -d
</CsOptions>
<CsInstruments>

;test local aArrays
;jh march 2013



sr = 44100
ksmps = 32
nchnls = 2

instr 1
aArr[]     init       2
a1         oscils     .2, 400, 0
a2         oscils     .2, 500, 0
kEnv       transeg    1, p3, -3, 0
aArr[0]    =          a1 * kEnv * 20000
aArr[1]    =          a2 * kEnv * 20000

outch      1, aArr[0], 2, aArr[1]
endin

instr 2 ;to test identical names
aArr[]     init       2
a1         oscils     .2, 600, 0
a2         oscils     .2, 700, 0
kEnv       transeg    0, p3-p3/10, 3, 1, p3/10, -6, 0
aArr[0]    =          a1 * kEnv * 20000
aArr[1]    =          a2 * kEnv * 20000

outch      1, aArr[0], 2, aArr[1]
endin
</CsInstruments>
<CsScore>
i 1 0 3
i 2 0 3
</CsScore>
</CsoundSynthesizer>

a-Arrays Global

<CsoundSynthesizer>
<CsOptions>
-odac -d
</CsOptions>
<CsInstruments>

;test global aArrays
;jh march 2013 (using code from iain mccurdy)

sr = 44100
ksmps = 32
nchnls = 2

gaArr[]    init       2

instr 1 ; left channel
kEnv       loopseg    0.5, 0, 0, 1,0.003, 1,0.0001, 0,0.9969
aSig       pinkish    kEnv
gaArr[0]   =          aSig * 20000

endin

instr 2 ; right channel



kEnv       loopseg    0.5, 0, 0.5, 1,0.003, 1,0.0001, 0,0.9969
aSig       pinkish    kEnv
gaArr[1]   =          aSig * 20000

endin

instr 3 ; reverb
aInSigL    =          gaArr[0] / 3
aInSigR    =          gaArr[1] / 2
aRvbL,aRvbR reverbsc  aInSigL, aInSigR, 0.88, 8000
gaArr[0]   =          gaArr[0] + aRvbL
gaArr[1]   =          gaArr[1] + aRvbR

outs       gaArr[0], gaArr[1]
gaArr[0]   =          0
gaArr[1]   =          0

endin
</CsInstruments>
<CsScore>
i 1 0 10
i 2 0 10
i 3 0 12
</CsScore>
</CsoundSynthesizer>

S-Arrays Local

<CsoundSynthesizer>
<CsOptions>
-dnm0
</CsOptions>
<CsInstruments>

;test local SArrays
;(same code in instr 1 and 2, different values)
;create and fill string array at i-time, modify at k-time
;jh march 2013

opcode StrAgrm, S, Sj
;changes the elements in Sin randomly, like in an anagram

Sin, iLen  xin
if iLen == -1 then

iLen       strlen     Sin
endif

Sout       =          ""
;for all elements in Sin
iCnt       =          0
iRange     =          iLen
loop:
;get one randomly
iRnd       rnd31      iRange-.0001, 0
iRnd       =          int(abs(iRnd))
Sel        strsub     Sin, iRnd, iRnd+1
Sout       strcat     Sout, Sel
;take it out from Sin
Ssub1      strsub     Sin, 0, iRnd
Ssub2      strsub     Sin, iRnd+1



Sin        strcat     Ssub1, Ssub2
;adapt range (new length)
iRange     =          iRange-1

loop_lt    iCnt, 1, iLen, loop
xout       Sout

endop

instr 1
prints     "SArr[] in instr %d at init-time:\n  [", p1

;create
S_Arr[]    init       4
;fill
iCounter   =          0

until      (iCounter == 4) do
S_new      StrAgrm    "csound"
S_Arr[iCounter] =     S_new
iCounter += 1
od
;print
iCounter   =          0

until      (iCounter == 4) do
printf_i   "%s ", iCounter+1, S_Arr[iCounter]

iCounter += 1
od

prints     "]\n"

kCycle     timeinstk
printks    "SArr[] in instr %d at k-cycle %d:\n  [", 0, p1, kCycle

;fill
kCounter   =          0

until      (kCounter == 4) do
kChar      random     33, 127
S_new      sprintfk   "%c ", int(kChar)
S_Arr[kCounter] strcpyk S_new ;'=' should work but does not
kCounter += 1
od
;print
kCounter   =          0

until      (kCounter == 4) do
printf     "%s ", kCounter+1, S_Arr[kCounter]

kCounter += 1
od

printks    "]\n", 0
if kCycle == 3 then

turnoff
endif

endin

instr 2
prints     "SArr[] in instr %d at init-time:\n  [", p1

;create
S_Arr[]    init       4
;fill
iCounter   =          0

until      (iCounter == 4) do



S_new      StrAgrm    "csound"
S_Arr[iCounter] =     S_new
iCounter += 1
od
;print
iCounter   =          0

until      (iCounter == 4) do
printf_i   "%s ", iCounter+1, S_Arr[iCounter]

iCounter += 1
od

prints     "]\n"

kCycle     timeinstk
printks    "SArr[] in instr %d at k-cycle %d:\n  [", 0, p1, kCycle

;fill
kCounter   =          0

until      (kCounter == 4) do
kChar      random     33, 127
S_new      sprintfk   "%c ", int(kChar)
S_Arr[kCounter] strcpyk S_new ;'=' should work but does not
kCounter += 1
od
;print
kCounter   =          0

until      (kCounter == 4) do
printf     "%s ", kCounter+1, S_Arr[kCounter]

kCounter += 1
od

printks    "]\n", 0
if kCycle == 3 then

turnoff
endif

endin

</CsInstruments>
<CsScore>
i 1 0 1
i 2 1 1
</CsScore>
</CsoundSynthesizer>

1RINTS�
4"RR<>�IN�INSTR���AT�INIT�TIME�
<CONSDU�UNCDOS�ODUSCN�SCODUN�>
4"RR<>�IN�INSTR���AT�K�CYCLE���
<S���X���>
4"RR<>�IN�INSTR���AT�K�CYCLE���
<��1�;�R�>
4"RR<>�IN�INSTR���AT�K�CYCLE���
<U�6�B�,�>
4"RR<>�IN�INSTR���AT�INIT�TIME�
<UOCDSN�ODSCNU�USCDON�SNCDUO�>
4"RR<>�IN�INSTR���AT�K�CYCLE���



<C���H�H�>
4"RR<>�IN�INSTR���AT�K�CYCLE���
<������6�>
4"RR<>�IN�INSTR���AT�K�CYCLE���
<X�'�;�L�>

S-Arrays Global

<CsoundSynthesizer>
<CsOptions>
-dnm0
</CsOptions>
<CsInstruments>

;test global SArrays
;jh march 2013

giArrLen  =        5
gSArr[]   init     giArrLen

opcode StrAgrm, S, Sj
;changes the elements in Sin randomly, like in an anagram

Sin, iLen  xin
if iLen == -1 then

iLen       strlen     Sin
endif

Sout       =          ""
;for all elements in Sin
iCnt       =          0
iRange     =          iLen
loop:
;get one randomly
iRnd       rnd31      iRange-.0001, 0
iRnd       =          int(abs(iRnd))
Sel        strsub     Sin, iRnd, iRnd+1
Sout       strcat     Sout, Sel
;take it out from Sin
Ssub1      strsub     Sin, 0, iRnd
Ssub2      strsub     Sin, iRnd+1
Sin        strcat     Ssub1, Ssub2
;adapt range (new length)
iRange     =          iRange-1

loop_lt    iCnt, 1, iLen, loop
xout       Sout

endop

instr 1
prints     "Filling gSArr[] in instr %d at init-time!\n", p1

iCounter   =          0
until      (iCounter == giArrLen) do

S_new      StrAgrm    "csound"
gSArr[iCounter] =     S_new
iCounter += 1



od
endin

instr 2
prints     "Printing gSArr[] in instr %d at init-time:\n  [", p1

iCounter   =          0
until      (iCounter == giArrLen) do
printf_i   "%s ", iCounter+1, gSArr[iCounter]

iCounter += 1
od

prints     "]\n"
endin

instr 3
printks   "Printing gSArr[] in instr %d at perf-time:\n  [", 0, p1

kcounter  =        0
until (kcounter == giArrLen) do

printf   "%s ", kcounter+1, gSArr[kcounter]
kcounter  +=       1

od
printks  "]\n", 0
turnoff

endin

instr 4
prints     "Modifying gSArr[] in instr %d at init-time!\n", p1

iCounter   =          0
until      (iCounter == giArrLen) do

S_new      StrAgrm    "csound"
gSArr[iCounter] =     S_new
iCounter += 1
od
endin

instr 5
prints     "Printing gSArr[] in instr %d at init-time:\n  [", p1

iCounter   =          0
until      (iCounter == giArrLen) do
printf_i   "%s ", iCounter+1, gSArr[iCounter]

iCounter += 1
od

prints     "]\n"
endin

instr 6
kCycle     timeinstk

printks    "Modifying gSArr[] in instr %d at k-cycle %d!\n", 0, p1, kCycle
kCounter   =          0

until      (kCounter == giArrLen) do
kChar      random     33, 127
S_new      sprintfk   "%c ", int(kChar)
gSArr[kCounter] strcpyk S_new ;'=' should work but does not
kCounter += 1
od
if kCycle == 3 then

turnoff



endif
endin

instr 7
kCycle     timeinstk

printks    "Printing gSArr[] in instr %d at k-cycle %d:\n  [", 0, p1, kCycle
kCounter   =          0

until      (kCounter == giArrLen) do
printf     "%s ", kCounter+1, gSArr[kCounter]

kCounter += 1
od

printks    "]\n", 0
if kCycle == 3 then

turnoff
endif
endin
</CsInstruments>
<CsScore>
i 1 0 1
i 2 0 1
i 3 0 1
i 4 1 1
i 5 1 1
i 6 1 1
i 7 1 1
</CsScore>
</CsoundSynthesizer>

1RINTS�
'ILLING�G4"RR<>�IN�INSTR���AT�INIT�TIME�
1RINTING�G4"RR<>�IN�INSTR���AT�INIT�TIME�
<NUDOSC�COUDNS�DSOCUN�OCSUND�OSNCDU�>
1RINTING�G4"RR<>�IN�INSTR���AT�PERF�TIME�
<NUDOSC�COUDNS�DSOCUN�OCSUND�OSNCDU�>
.ODIFYING�G4"RR<>�IN�INSTR���AT�INIT�TIME�
1RINTING�G4"RR<>�IN�INSTR���AT�INIT�TIME�
<OUSNDC�UOCDNS�SUDOCN�USNOCD�OUNCDS�>
.ODIFYING�G4"RR<>�IN�INSTR���AT�K�CYCLE���
1RINTING�G4"RR<>�IN�INSTR���AT�K�CYCLE���
<S���X�����>
.ODIFYING�G4"RR<>�IN�INSTR���AT�K�CYCLE���
1RINTING�G4"RR<>�IN�INSTR���AT�K�CYCLE���
<1�;�R�U�6�>
.ODIFYING�G4"RR<>�IN�INSTR���AT�K�CYCLE���
1RINTING�G4"RR<>�IN�INSTR���AT�K�CYCLE���
<B�,�C���H�>



TRIGGERING INSTRUMENT EVENTS
5HE�BASIC�CONCEPT�OF�$SOUND�FROM�THE�EARLY�DAYS�OF�THE�PROGRAM�IS�STILL�VALENT�AND�FERTILE
BECAUSE�IT�IS�A�FAMILIAR�MUSICAL�ONE��:OU�CREATE�A�SET�OF�INSTRUMENTS�AND�INSTRUCT�THEM�TO
PLAY�AT�VARIOUS�TIMES��5HESE�CALLS�OF�INSTRUMENT�INSTANCES
�AND�THEIR�EXECUTION
�ARE�CALLED
�INSTRUMENT�EVENTS��

5HIS�SCHEME�OF�INSTRUMENTS�AND�EVENTS�CAN�BE�INSTIGATED�IN�A�NUMBER�OF�WAYS��*N�THE
CLASSICAL�APPROACH�YOU�THINK�OF�AN��ORCHESTRA��WITH�A�NUMBER�OF�MUSICIANS�PLAYING�FROM�A
�SCORE�
�BUT�YOU�CAN�ALSO�TRIGGER�INSTRUMENTS�USING�ANY�KIND�OF�LIVE�INPUT��FROM�.*%*

FROM�04$
�FROM�THE�COMMAND�LINE
�FROM�A�(6*�	SUCH�AS�$SOUND�S�'-5,�WIDGETS�OR
$SOUND2T�S�WIDGETS

�FROM�THE�"1*�	ALSO�USED�IN�$SOUND2T�S�-IVE�&VENT�4HEET
��0R�YOU
CAN�CREATE�A�KIND�OF��MASTER�INSTRUMENT�
�WHICH�IS�ALWAYS�ON
�AND�TRIGGERS�OTHER
INSTRUMENTS�USING�OPCODES�DESIGNED�FOR�THIS�TASK
�PERHAPS�UNDER�CERTAIN�CONDITIONS��IF�THE
LIVE�AUDIO�INPUT�FROM�A�SINGER�HAS�BEEN�DETECTED�TO�HAVE�A�BASE�FREQUENCY�GREATER�THAN
�����)Z
�THEN�START�AN�INSTRUMENT�WHICH�PLAYS�A�SOUNDFILE�OF�BROKEN�GLASS���

5HIS�CHAPTER�IS�ABOUT�THE�VARIOUS�WAYS�TO�TRIGGER�INSTRUMENT�EVENTS�WHETHER�THAT�BE�FROM
THE�SCORE
�BY�USING�.*%*
�BY�USING�WIDGETS
�THROUGH�USING�CONDITIONALS�OR�BY�USING�LOOPS�
5HE�FOLLOWING�SECTION�CAN�BE�SKIPPED�FIRST�AND�READ�LATER�IF�YOU�WANT�TO�GO�MORE�IN�DETAIL�

ORDER OF EXECUTION REVISITED

8HATEVER�YOU�DO�IN�$SOUND�WITH�INSTRUMENT�EVENTS
�YOU�MUST�BEAR�IN�MIND�THE�ORDER�OF
EXECUTION�THAT�HAS�BEEN�EXPLAINED�IN�THE�FIRST�CHAPTER�OF�THIS�SECTION�ABOUT�THE
Initialization and Performance Pass��INSTRUMENTS�ARE�EXECUTED�ONE�BY�ONE
�BOTH�IN�THE
INITIALIZATION�PASS�AND�IN�EACH�CONTROL�CYCLE
�AND�THE�ORDER�IS�DETERMINEDby the
instrument number�

*T�IS�WORTH�TO�HAVE�A�CLOSER�LOOK�TO�WHAT�IS�HAPPENING�EXACTLY�IN�TIME�IF�YOU�TRIGGER�AN
INSTRUMENT�FROM�INSIDE�ANOTHER�INSTRUMENT��5HE�FIRST�EXAMPLE�SHOWS�THE�RESULT�WHEN
INSTRUMENT���TRIGGERS�INSTRUMENT���AND�INSTRUMENT��at init-time �

EXAMPLE 03F01_OrderOfExc_event_i.csd

<CsoundSynthesizer>
<CsOptions>
-nm0
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 441

instr 1
kCycle timek



prints "Instrument 1 is here at initialization.\n"
printks "Instrument 1: kCycle = %d\n", 0, kCycle
endin

instr 2
kCycle timek
prints "  Instrument 2 is here at initialization.\n"
printks "  Instrument 2: kCycle = %d\n", 0, kCycle
event_i "i", 3, 0, .02
event_i "i", 1, 0, .02
endin

instr 3
kCycle timek
prints "    Instrument 3 is here at initialization.\n"
printks "    Instrument 3: kCycle = %d\n", 0, kCycle
endin

</CsInstruments>
<CsScore>
i 2 0 .02
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

5HIS�IS�THE�OUTPUT�
*NSTRUMENT���IS�HERE�AT�INITIALIZATION�
*NSTRUMENT���IS�HERE�AT�INITIALIZATION�

*NSTRUMENT���IS�HERE�AT�INITIALIZATION�
*NSTRUMENT����K$YCLE����
*NSTRUMENT����K$YCLE����
*NSTRUMENT����K$YCLE����

*NSTRUMENT����K$YCLE����
*NSTRUMENT����K$YCLE����
*NSTRUMENT����K$YCLE����

*NSTRUMENT���IS�THE�FIRST�ONE�TO�INITIALIZE
�BECAUSE�IT�IS�THE�ONLY�ONE�WHICH�IS�CALLED�BY�THE
SCORE��5HEN�INSTRUMENT���IS�INITIALIZED
�BECAUSE�IT�IS�CALLED�FIRST�BY�INSTRUMENT����5HE�LAST
ONE�IS�INSTRUMENT����"LL�THIS�IS�DONE�BEFORE�THE�ACTUAL�PERFORMANCE�BEGINS��*N�THE
PERFORMANCE�ITSELF
�STARTING�FROM�THE�FIRST�CONTROL�CYCLE
�ALL�INSTRUMENTS�ARE�EXECUTED�BY
THEIR�ORDER�

-ET�US�COMPARE�NOW�WHAT�IS�HAPPENING�WHEN�INSTRUMENT���CALLS�INSTRUMENT���AND��
during the performance 	��AT�K�TIME
�

EXAMPLE 03F02_OrderOfExc_event_k.csd

<CsoundSynthesizer>
<CsOptions>
-nm0



</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 441
0dbfs = 1
nchnls = 1

instr 1
kCycle timek
prints "Instrument 1 is here at initialization.\n"
printks "Instrument 1: kCycle = %d\n", 0, kCycle
endin

instr 2
kCycle timek
prints "  Instrument 2 is here at initialization.\n"
printks "  Instrument 2: kCycle = %d\n", 0, kCycle

if kCycle == 1 then
event "i", 3, 0, .02
event "i", 1, 0, .02

endif
printks "  Instrument 2: still in kCycle = %d\n", 0, kCycle
endin

instr 3
kCycle timek
prints "    Instrument 3 is here at initialization.\n"
printks "    Instrument 3: kCycle = %d\n", 0, kCycle
endin

instr 4
kCycle timek
prints "      Instrument 4 is here at initialization.\n"
printks "      Instrument 4: kCycle = %d\n", 0, kCycle
endin

</CsInstruments>
<CsScore>
i 4 0 .02
i 2 0 .02
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

5HIS�IS�THE�OUTPUT�
*NSTRUMENT���IS�HERE�AT�INITIALIZATION�

*NSTRUMENT���IS�HERE�AT�INITIALIZATION�
*NSTRUMENT����K$YCLE����
*NSTRUMENT����STILL�IN�K$YCLE����

*NSTRUMENT����K$YCLE����
*NSTRUMENT���IS�HERE�AT�INITIALIZATION�

*NSTRUMENT���IS�HERE�AT�INITIALIZATION�
*NSTRUMENT����K$YCLE����



*NSTRUMENT����K$YCLE����
*NSTRUMENT����STILL�IN�K$YCLE����
*NSTRUMENT����K$YCLE����
*NSTRUMENT����K$YCLE����

*NSTRUMENT���STARTS�WITH�ITS�INIT�PASS
�AND�THEN�INSTRUMENT���IS�INITIALIZED��"S�YOU�SEE
�THE
REVERSE�ORDER�OF�THE�SCORELINES�HAS�NO�EFFECT��THE�INSTRUMENTS�WHICH�START�AT�THE�SAME�TIME
ARE�EXECUTED�IN�ASCENDING�ORDER
�DEPENDING�ON�THEIR�NUMBERS�

*N�THIS�FIRST�CYCLE
�INSTRUMENT���CALLS�INSTRUMENT���AND����"S�YOU�SEE�BY�THE�OUTPUT�OF
INSTRUMENT��
�THE�WHOLE�CONTROL�CYCLE�IS�FINISHED�FIRST
�BEFORE�INSTRUMENT���AND���	IN�THIS

ORDER
�ARE�INITIALIZED�� 5HESE�BOTH�INSTRUMENTS�START�THEIR�PERFORMANCE�IN�CYCLE�NUMBER
TWO
�WHERE�THEY�FIND�THEMSELVES�IN�THE�USUAL�ORDER��INSTRUMENT���BEFORE�INSTRUMENT��

THEN�INSTRUMENT���BEFORE�INSTRUMENT���

6SUALLY�YOU�WILL�NOT�NEED�TO�KNOW�THIS�IN�SUCH�A�PRECISE�TIMING��#UT�IN�CASE�YOU
EXPERIENCE�ANY�PROBLEMS
�THE�KNOWLEDGE�ABOUT�THESE�PROCEEDINGS�MAY�HELP�

INSTRUMENT EVENTS FROM THE SCORE

5HIS�IS�THE�CLASSICAL�WAY�OF�TRIGGERING�INSTRUMENT�EVENTS��YOU�WRITE�A�LIST�IN�THE�SCORE
SECTION�OF�A��CSD�FILE��&ACH�LINE�WHICH�BEGINS�WITH�AN��I�
�IS�AN�INSTRUMENT�EVENT��"S�THIS�IS
VERY�SIMPLE
�AND�EXAMPLES�CAN�BE�FOUND�EASILY
�LET�US�FOCUS�INSTEAD�ON�SOME�ADDITIONAL
FEATURES�WHICH�CAN�BE�USEFUL�WHEN�YOU�WORK�IN�THIS�WAY��%OCUMENTATION�FOR�THESE
FEATURES�CAN�BE�FOUND�IN�THE4CORE�4TATEMENTSSECTION�OF�THE�$ANONICAL�$SOUND�3EFERENCE
.ANUAL��)ERE�ARE�SOME�EXAMPLES�

EXAMPLE 03F03_Score_tricks.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giWav     ftgen     0, 0, 2^10, 10, 1, .5, .3, .1

instr 1
kFadout   init      1
krel      release   ;returns "1" if last k-cycle

if krel == 1 && p3 < 0 then ;if so, and negative p3:
xtratim   .5       ;give 0.5 extra seconds

kFadout   linseg    1, .5, 0 ;and make fade out

e-triggering-instrument-events#InsertNoteID_26
http://www.csounds.com/manual/html/ScoreStatements.html


endif
kEnv      linseg    0, .01, p4, abs(p3)-.1, p4, .09, 0; normal fade out
aSig      poscil    kEnv*kFadout, p5, giWav

outs      aSig, aSig
endin

</CsInstruments>
<CsScore>
t 0 120                      ;set tempo to 120 beats per minute
i    1    0    1    .2   400 ;play instr 1 for one second
i    1    2   -10   .5   500 ;play instr 1 indefinetely (negative p3)
i   -1    5    0             ;turn it off (negative p1)
; -- turn on instance 1 of instr 1 one sec after the previous start
i    1.1  ^+1  -10  .2   600
i    1.2  ^+2  -10  .2   700 ;another instance of instr 1
i   -1.2  ^+2  0             ;turn off 1.2
; -- turn off 1.1 (dot = same as the same p-field above)
i   -1.1  ^+1  .
s                            ;end of a section, so time begins from new at zero
i    1    1    1    .2   800
r 5                          ;repeats the following line (until the next "s")
i    1   .25  .25   .2   900
s
v 2                          ;lets time be double as long
i    1    0    2    .2   1000
i    1    1    1    .2   1100
s
v 0.5                        ;lets time be half as long
i    1    0    2    .2   1200
i    1    1    1    .2   1300
s                            ;time is normal now again
i    1    0    2    .2   1000
i    1    1    1    .2   900
s
; -- make a score loop (4 times) with the variable "LOOP"
{4 LOOP
i    1    [0 + 4 * $LOOP.]    3    .2   [1200 - $LOOP. * 100]
i    1    [1 + 4 * $LOOP.]    2    .    [1200 - $LOOP. * 200]
i    1    [2 + 4 * $LOOP.]    1    .    [1200 - $LOOP. * 300]
}
e
</CsScore>
</CsoundSynthesizer>



5RIGGERING�AN�INSTRUMENT�WITH�AN�INDEFINITE�DURATION�BY�SETTING�P��TO�ANY�NEGATIVE�VALUE

AND�STOPPING�IT�BY�A�NEGATIVE�P��VALUE
�CAN�BE�AN�IMPORTANT�FEATURE�FOR�LIVE�EVENTS��*F�YOU
TURN�INSTRUMENTS�OFF�IN�THIS�WAY�YOU�MAY�HAVE�TO�ADD�A�FADE�OUT�SEGMENT��0NE�METHOD�OF
DOING�THIS�IS�SHOWN�IN�THE�INSTRUMENT�ABOVE�WITH�A�COMBINATION�OF�THERELEASEAND�THE
XTRATIMOPCODES��"LSO�NOTE�THAT�YOU�CAN�START�AND�STOP�CERTAIN�INSTANCES�OF�AN�INSTRUMENT
WITH�A�FLOATING�POINT�NUMBER�AS�P��

USING MIDI NOTE-ON EVENTS

$SOUND�HAS�A�PARTICULAR�FEATURE�WHICH�MAKES�IT�VERY�SIMPLE�TO�TRIGGER�INSTRUMENT�EVENTS
FROM�A�.*%*�KEYBOARD��&ACH�.*%*�/OTE�0N�EVENT�CAN�TRIGGER�AN�INSTRUMENT
�AND�THE
RELATED�/OTE�0FF�EVENT�OF�THE�SAME�KEY�STOPS�THE�RELATED�INSTRUMENT�INSTANCE��5HIS�IS
EXPLAINED�MORE�IN�DETAIL�IN�THE�CHAPTERTriggering Instrument InstancesIN�THE�.*%*
SECTION�OF�THIS�MANUAL��)ERE
�JUST�A�SMALL�EXAMPLE�IS�SHOWN��4IMPLY�CONNECT�YOUR�.*%*
KEYBOARD�AND�IT�SHOULD�WORK�

EXAMPLE 03F04_Midi_triggered_events.csd

http://www.csounds.com/manual/html/release.html
http://www.csounds.com/manual/html/xtratim.html


<CsoundSynthesizer>
<CsOptions>
-Ma -odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
massign   0, 1; assigns all midi channels to instr 1

instr 1
iFreq     cpsmidi   ;gets frequency of a pressed key
iAmp      ampmidi   8 ;gets amplitude and scales 0-8
iRatio    random    .9, 1.1 ;ratio randomly between 0.9 and 1.1
aTone     foscili   .1, iFreq, 1, iRatio/5, iAmp+1, giSine ;fm
aEnv      linenr    aTone, 0, .01, .01 ; avoiding clicks at the note-end

outs      aEnv, aEnv
endin

</CsInstruments>
<CsScore>
f 0 36000; play for 10 hours
e
</CsScore>
</CsoundSynthesizer>

USING WIDGETS

*F�YOU�WANT�TO�TRIGGER�AN�INSTRUMENT�EVENT�IN�REALTIME�WITH�A�(RAPHICAL�6SER�*NTERFACE
�IT
IS�USUALLY�A��#UTTON��WIDGET�WHICH�WILL�DO�THIS�JOB��8E�WILL�SEE�HERE�A�SIMPLE�EXAMPLE�
FIRST�IMPLEMENTED�USING�$SOUND�S�'-5,�WIDGETS
�AND�THEN�USING�$SOUND2T�S�WIDGETS�

FLTK Button

5HIS�IS�A�VERY�SIMPLE�EXAMPLE�DEMONSTRATING�HOW�TO�TRIGGER�AN�INSTRUMENT�USING�AN'-5,
BUTTON��"�MORE�EXTENDED�EXAMPLE�CAN�BE�FOUNDHERE�

EXAMPLE 03F05_FLTK_triggered_events.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2

http://www.csounds.com/manual/html/FLbutton.html
http://www.csounds.com/manual/html/FLbutton.html
http://www.csounds.com/manual/html/examples/FLbutton.csd


0dbfs = 1

; -- create a FLTK panel --
FLpanel   "Trigger By FLTK Button", 300, 100, 100, 100

; -- trigger instr 1 (equivalent to the score line "i 1 0 1")k1, ih1   FLbutton  "Push me!", 0, 0, 1, 150, 40, 10, 25, 0, 1, 0, 1
; -- trigger instr 2

k2, ih2   FLbutton  "Quit", 0, 0, 1, 80, 40, 200, 25, 0, 2, 0, 1
FLpanelEnd; end of the FLTK panel section
FLrun     ; run FLTK
seed      0; random seed different each time

instr 1
idur      random    .5, 3; recalculate instrument duration
p3        =         idur; reset instrument duration
ioct      random    8, 11; random values between 8th and 11th octave
idb       random    -18, -6; random values between -6 and -18 dB
aSig      oscils    ampdb(idb), cpsoct(ioct), 0
aEnv      transeg   1, p3, -10, 0

outs      aSig*aEnv, aSig*aEnv
endin

instr 2
exitnow

endin

</CsInstruments>
<CsScore>
f 0 36000
e
</CsScore>
</CsoundSynthesizer>

/OTE�THAT�IN�THIS�EXAMPLE�THE�DURATION�OF�AN�INSTRUMENT�EVENT�IS�RECALCULATED�WHEN�THE
INSTRUMENT�IS�INITITALIZED��5HIS�IS�DONE�USING�THE�STATEMENT��P����I������5HIS�CAN�BE�A�USEFUL
TECHNIQUE�IF�YOU�WANT�THE�DURATION�THAT�AN�INSTRUMENT�PLAYS�FOR�TO�BE�DIFFERENT�EACH�TIME�IT
IS�CALLED��*N�THIS�EXAMPLE�DURATION�IS�THE�RESULT�OF�A�RANDOM�FUNCTION���5HE�DURATION
DEFINED�BY�THE�'-5,�BUTTON�WILL�BE�OVERWRITEN�BY�ANY�OTHER�CALCULATION�WITHIN�THE
INSTRUMENT�ITSELF�AT�I�TIME�

CsoundQt Button

*N�$SOUND2T
�A�BUTTON�CAN�BE�CREATED�EASILY�FROM�THE�SUBMENU�IN�A�WIDGET�PANEL�



*N�THE�1ROPERTIES�%IALOG�OF�THE�BUTTON�WIDGET
�MAKE�SURE�YOU�HAVE�SELECTED��EVENT��AS
5YPE��*NSERT�A�$HANNEL�NAME
�AND�AT�THE�BOTTOM�TYPE�IN�THE�EVENT�YOU�WANT�TO�TRIGGER���AS
YOU�WOULD�IF�WRITING�A�LINE�IN�THE�SCORE�



*N�YOUR�$SOUND�CODE
�YOU�NEED�NOTHING�MORE�THAN�THE�INSTRUMENT�YOU�WANT�TO�TRIGGER�



'OR�MORE�INFORMATION�ABOUT�$SOUND2T
�READ�THE�$SOUND2T�CHAPTER�IN�THE��'RONTENDS�
SECTION�OF�THIS�MANUAL�

USING A REALTIME SCORE (LIVE EVENT
SHEET)

Command Line With The -L stdin Option

*F�YOU�USE�ANY��CSD�WITH�THE�OPTION���-�STDIN��	AND�THE��ODAC�OPTION�FOR�REALTIME�OUTPUT


YOU�CAN�TYPE�ANY�SCORE�LINE�IN�REALTIME�	SORRY
�THIS�DOES�NOT�WORK�FOR�8INDOWS
��'OR
INSTANCE
�SAVE�THIS��CSD�ANYWHERE�AND�RUN�IT�FROM�THE�COMMAND�LINE�

EXAMPLE 03F06_Commandline_rt_events.csd

<CsoundSynthesizer>
<CsOptions>
-L stdin -odac
</CsOptions>



<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

seed      0; random seed different each time

instr 1
idur      random    .5, 3; calculate instrument duration
p3        =         idur; reset instrument duration
ioct      random    8, 11; random values between 8th and 11th octave
idb       random    -18, -6; random values between -6 and -18 dB
aSig      oscils    ampdb(idb), cpsoct(ioct), 0
aEnv      transeg   1, p3, -10, 0

outs      aSig*aEnv, aSig*aEnv
endin

</CsInstruments>
<CsScore>
f 0 36000
e
</CsScore>
</CsoundSynthesizer>

*F�YOU�RUN�IT�BY�TYPING�AND�RETURNING�A�COMMANDLINE�LIKE�THIS����

����YOU�SHOULD�GET�A�PROMPT�AT�THE�END�OF�THE�$SOUND�MESSAGES�



*F�YOU�NOW�TYPE�THE�LINE��I��������AND�PRESS�RETURN
�YOU�SHOULD�HEAR�THAT�INSTRUMENT���HAS
BEEN�EXECUTED��"FTER�THREE�TIMES�YOUR�MESSAGES�MAY�LOOK�LIKE�THIS�



CsoundQt's Live Event Sheet

*N�GENERAL
�THIS�IS�THE�METHOD�THAT�$SOUND2T�USES�AND�IT�IS�MADE�AVAILABLE�TO�THE�USER�IN�A
FLEXIBLE�ENVIRONMENT�CALLED�THE�-IVE�&VENT�4HEET��)AVE�A�LOOK�IN�THE�$SOUND2T�FRONTEND
TO�SEE�MORE�OF�THE�POSSIBILITIES�OF��FIRING��LIVE�INSTRUMENT�EVENTS�USING�THE�-IVE�&VENT

4HEET��

e-triggering-instrument-events#InsertNoteID_28


BY CONDITIONS

8E�HAVE�DISCUSSED�FIRST�THE�CLASSICAL�METHOD�OF�TRIGGERING�INSTRUMENT�EVENTS�FROM�THE
SCORE�SECTION�OF�A��CSD�FILE
�THEN�WE�WENT�ON�TO�LOOK�AT�DIFFERENT�METHODS�OF�TRIGGERING�REAL
TIME�EVENTS�USING�.*%*
�BY�USING�WIDGETS
�AND�BY�USING�SCORE�LINES�INSERTED�LIVE��8E�WILL
NOW�LOOK�AT�THE�$SOUND�ORCHESTRA�ITSELF�AND�TO�SOME�METHODS�BY�WHICH�AN�INSTRUMENT�CAN
INTERNALLY�TRIGGER�ANOTHER�INSTRUMENT��5HE�PATTERN�OF�TRIGGERING�COULD�BE�GOVERNED�BY
CONDITIONALS
�OR�BY�DIFFERENT�KINDS�OF�LOOPS��"S�THIS��MASTER��INSTRUMENT�CAN�ITSELF�BE
TRIGGERED�BY�A�REALTIME�EVENT
�YOU�HAVE�UNLIMITED�OPTIONS�AVAILABLE�FOR�COMBINING�THE
DIFFERENT�METHODS�

-ET�S�START�WITH�CONDITIONALS��*F�WE�HAVE�A�REALTIME�INPUT
�WE�MAY�WANT�TO�DEFINE�A
THRESHOLD
�AND�TRIGGER�AN�EVENT

�� IF�WE�CROSS�THE�THRESHOLD�FROM�BELOW�TO�ABOVE�
�� IF�WE�CROSS�THE�THRESHOLD�FROM�ABOVE�TO�BELOW�

*N�$SOUND
�THIS�COULD�BE�IMPLEMENTED�USING�AN�ORCHESTRA�OF�THREE�INSTRUMENTS��5HE�FIRST
INSTRUMENT�IS�THE�MASTER�INSTRUMENT��*T�RECEIVES�THE�INPUT�SIGNAL�AND�INVESTIGATES�WHETHER



THAT�SIGNAL�IS�CROSSING�THE�THRESHOLD�AND�IF�IT�DOES�WHETHER�IT�IS�CROSSING�FROM�LOW�TO�HIGH
OR�FROM�HIGH�TO�LOW��*F�IT�CROSSES�THE�THRESHOLD�FROM�LOW�OT�HIGH�THE�SECOND�INSTRUMENT�IS
TRIGGERED
�IF�IT�CROSSES�FROM�HIGH�TO�LOW�THE�THIRD�INSTRUMENT�IS�TRIGGERED�

EXAMPLE 03F07_Event_by_condition.csd

<CsoundSynthesizer>
<CsOptions>
-iadc -odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

seed      0; random seed different each time

instr 1; master instrument
ichoose   =         p4; 1 = real time audio, 2 = random amplitude movement
ithresh   =         -12; threshold in dB
kstat     init      1; 1 = under the threshold, 2 = over the threshold
;;CHOOSE INPUT SIGNAL

if ichoose == 1 then
ain       inch      1

else
kdB       randomi   -18, -6, 1
ain       pinkish   ampdb(kdB)

endif
;;MEASURE AMPLITUDE AND TRIGGER SUBINSTRUMENTS IF THRESHOLD IS CROSSED
afoll     follow    ain, .1; measure mean amplitude each 1/10 second
kfoll     downsamp  afoll

if kstat == 1 && dbamp(kfoll) > ithresh then; transition down->up
event     "i", 2, 0, 1; call instr 2
printks   "Amplitude = %.3f dB%n", 0, dbamp(kfoll)

kstat     =         2; change status to "up"
elseif kstat == 2 && dbamp(kfoll) < ithresh then; transition up->down

event     "i", 3, 0, 1; call instr 3
printks   "Amplitude = %.3f dB%n", 0, dbamp(kfoll)

kstat     =         1; change status to "down"
endif

endin

instr 2; triggered if threshold has been crossed from down to up
asig      oscils    .2, 500, 0
aenv      transeg   1, p3, -10, 0

outs      asig*aenv, asig*aenv
endin

instr 3; triggered if threshold has been crossed from up to down
asig      oscils    .2, 400, 0
aenv      transeg   1, p3, -10, 0

outs      asig*aenv, asig*aenv



endin

</CsInstruments>
<CsScore>
i 1 0 1000 2 ;change p4 to "1" for live input
e
</CsScore>
</CsoundSynthesizer>

USING I-RATE LOOPS FOR CALCULATING A
POOL OF INSTRUMENT EVENTS

:OU�CAN�PERFORM�A�NUMBER�OF�CALCULATIONS�AT�INIT�TIME�WHICH�LEAD�TO�A�LIST�OF�INSTRUMENT
EVENTS��*N�THIS�WAY�YOU�ARE�PRODUCING�A�SCORE
�BUT�INSIDE�AN�INSTRUMENT��5HE�SCORE�EVENTS
ARE�THEN�EXECUTED�LATER�

6SING�THIS�OPPORTUNITY�WE�CAN�INTRODUCE�THESCORELINE� SCORELINE@IOPCODE��*T�IS�QUITE
SIMILAR�TO�THEEVENT� EVENT@IOPCODE�BUT�HAS�TWO�MAJOR�BENEFITS�

d :OU�CAN�WRITE�MORE�THAN�ONE�SCORELINE�BY�USING��[[��AT�THE�BEGINNING�AND��]]��AT
THE�END�

d :OU�CAN�SEND�A�STRING�TO�THE�SUBINSTRUMENT�	WHICH�IS�NOT�POSSIBLE�WITH�THE�EVENT
OPCODE
�

-ET�S�LOOK�AT�A�SIMPLE�EXAMPLE�FOR�EXECUTING�SCORE�EVENTS�FROM�AN�INSTRUMENT�USING�THE
SCORELINE�OPCODE�

EXAMPLE 03F08_Generate_event_pool.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

seed      0; random seed different each time

instr 1 ;master instrument with event pool
scoreline_i {{i 2 0 2 7.09

i 2 2 2 8.04
i 2 4 2 8.03
i 2 6 1 8.04}}

endin

instr 2 ;plays the notes

http://www.csounds.com/manual/html/scoreline.html
http://www.csounds.com/manual/html/scoreline_i.html
http://www.csounds.com/manual/html/event.html
http://www.csounds.com/manual/html/event_i.html


asig      pluck     .2, cpspch(p4), cpspch(p4), 0, 1
aenv      transeg   1, p3, 0, 0

outs      asig*aenv, asig*aenv
endin

</CsInstruments>
<CsScore>
i 1 0 7
e
</CsScore>
</CsoundSynthesizer>

8ITH�GOOD�RIGHT
�YOU�MIGHT�SAY���0,
�THAT�S�NICE
�BUT�*�CAN�ALSO�WRITE�SCORELINES�IN�THE
SCORE�ITSELF���5HAT�S�RIGHT
�BUT�THE�ADVANTAGE�WITH�THEscoreline_iMETHOD�IS�THAT�YOU�CAN
render THE�SCORE�EVENTS�IN�AN�INSTRUMENT
�ANDthen SEND�THEM�OUT�TO�ONE�OR�MORE
INSTRUMENTS�TO�EXECUTE�THEM��5HIS�CAN�BE�DONE�WITH�THESPRINTFOPCODE
�WHICH�PRODUCES
THE�STRING�FOR�SCORELINE�IN�AN�I�TIME�LOOP�	SEE�THE�CHAPTER�ABOUT�CONTROL�STRUCTURES
�

EXAMPLE 03F09_Events_sprintf.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giPch     ftgen     0, 0, 4, -2, 7.09, 8.04, 8.03, 8.04
seed      0; random seed different each time

instr 1 ; master instrument with event pool
itimes    =         7 ;number of events to produce
icnt      =         0 ;counter
istart    =         0
Slines    =         ""
loop:               ;start of the i-time loop
idur      random    1, 2.9999 ;duration of each note:
idur      =         int(idur) ;either 1 or 2
itabndx   random    0, 3.9999 ;index for the giPch table:
itabndx   =         int(itabndx) ;0-3
ipch      table     itabndx, giPch ;random pitch value from the table
Sline     sprintf   "i 2 %d %d %.2f\n", istart, idur, ipch ;new scoreline
Slines    strcat    Slines, Sline ;append to previous scorelines
istart    =         istart + idur ;recalculate start for next scoreline

loop_lt   icnt, 1, itimes, loop ;end of the i-time loop
puts      Slines, 1 ;print the scorelines
scoreline_i Slines ;execute them

iend      =         istart + idur ;calculate the total duration
p3        =         iend ;set p3 to the sum of all durations

print     p3 ;print it

http://www.csounds.com/manual/html/sprintf.html


endin

instr 2 ;plays the notes
asig      pluck     .2, cpspch(p4), cpspch(p4), 0, 1
aenv      transeg   1, p3, 0, 0

outs      asig*aenv, asig*aenv
endin

</CsInstruments>
<CsScore>
i 1 0 1 ;p3 is automatically set to the total duration
e
</CsScore>
</CsoundSynthesizer>

*N�THIS�EXAMPLE
�SEVEN�EVENTS�HAVE�BEEN�RENDERED�IN�AN�I�TIME�LOOP�IN�INSTRUMENT����5HE
RESULT�IS�STORED�IN�THE�STRING�VARIABLESlines��5HIS�STRING�IS�GIVEN�AT�I�TIME�TO�SCORELINE@I

WHICH�EXECUTES�THEM�THEN�ONE�BY�ONE�ACCORDING�TO�THEIR�STARTING�TIMES�	P�

�DURATIONS
	P�
�AND�OTHER�PARAMETERS�

*F�YOU�HAVE�MANY�SCORELINES�WHICH�ARE�ADDED�IN�THIS�WAY
�YOU�MAY�RUN�TO�$SOUND�S
MAXIMAL�STRING�LENGTH��#Y�DEFAULT
�IT�IS�����CHARACTERS��*T�CAN�BE�EXTENDED�BY�ADDING�THE
OPTION����MAX@STR@LEN��������TO�$SOUND�S�MAXIMUM�STRING�LENGTH�OF������CHARACTERS�
*NSTEAD�OF�COLLECTING�ALL�SCORE�LINES�IN�A�SINGLE�STRING
�YOU�CAN�ALSO�EXECUTE�THEM�INSIDE�THE
I�TIME�LOOP��"LSO�IN�THIS�WAY�ALL�THE�SINGLE�SCORE�LINES�ARE�ADDED�TO�$SOUND�S�EVENT�POOL�
5HE�NEXT�EXAMPLE�SHOWS�AN�ALTERNATIVE�VERSION�OF�THE�PREVIOUS�ONE�BY�ADDING�THE
INSTRUMENT�EVENTS�ONE�BY�ONE�IN�THE�I�TIME�LOOP
�EITHER�WITH�EVENT@I�	INSTR��
�OR�WITH
SCORELINE@I�	INSTR��
�

EXAMPLE 03F10_Events_collected.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giPch     ftgen     0, 0, 4, -2, 7.09, 8.04, 8.03, 8.04
seed      0; random seed different each time

instr 1; master instrument with event_i
itimes    =         7; number of events to produce
icnt      =         0; counter
istart    =         0
loop:               ;start of the i-time loop
idur      random    1, 2.9999; duration of each note:
idur      =         int(idur); either 1 or 2



itabndx   random    0, 3.9999; index for the giPch table:
itabndx   =         int(itabndx); 0-3
ipch      table     itabndx, giPch; random pitch value from the table

event_i   "i", 3, istart, idur, ipch; new instrument event
istart    =         istart + idur; recalculate start for next scoreline

loop_lt   icnt, 1, itimes, loop; end of the i-time loop
iend      =         istart + idur; calculate the total duration
p3        =         iend; set p3 to the sum of all durations

print     p3; print it
endin

instr 2; master instrument with scoreline_i
itimes    =         7; number of events to produce
icnt      =         0; counter
istart    =         0
loop:               ;start of the i-time loop
idur      random    1, 2.9999; duration of each note:
idur      =         int(idur); either 1 or 2
itabndx   random    0, 3.9999; index for the giPch table:
itabndx   =         int(itabndx); 0-3
ipch      table     itabndx, giPch; random pitch value from the table
Sline     sprintf   "i 3 %d %d %.2f", istart, idur, ipch; new scoreline

scoreline_i Sline; execute it
puts      Sline, 1; print it

istart    =         istart + idur; recalculate start for next scoreline
loop_lt   icnt, 1, itimes, loop; end of the i-time loop

iend      =         istart + idur; calculate the total duration
p3        =         iend; set p3 to the sum of all durations

print     p3; print it
endin

instr 3; plays the notes
asig      pluck     .2, cpspch(p4), cpspch(p4), 0, 1
aenv      transeg   1, p3, 0, 0

outs      asig*aenv, asig*aenv
endin

</CsInstruments>
<CsScore>
i 1 0 1
i 2 14 1
e
</CsScore>
</CsoundSynthesizer>

USING TIME LOOPS

"S�DISCUSSED�ABOVE�IN�THE�CHAPTER�ABOUT�CONTROL�STRUCTURES
�A�TIME�LOOP�CAN�BE�BUILT�IN
$SOUND�EITHER�WITH�THETIMOUTOPCODE�OR�WITH�THEMETROOPCODE��5HERE�WERE�ALSO�SIMPLE
EXAMPLES�FOR�TRIGGERING�INSTRUMENT�EVENTS�USING�BOTH�METHODS��)ERE
�A�MORE�COMPLEX
EXAMPLE�IS�GIVEN��"�MASTER�INSTRUMENT�PERFORMS�A�TIME�LOOP�	CHOOSE�EITHER�INSTR���FOR�THE
TIMOUT�METHOD�OR�INSTR���FOR�THE�METRO�METHOD
�AND�TRIGGERS�ONCE�IN�A�LOOP�A
SUBINSTRUMENT��5HE�SUBINSTRUMENT�ITSELF�	INSTR���
�PERFORMS�AN�I�TIME�LOOP�AND�TRIGGERS

http://www.csounds.com/manual/html/timout.html
http://www.csounds.com/manual/html/metro.html


SEVERAL�INSTANCES�OF�A�SUB�SUBINSTRUMENT�	INSTR����
��&ACH�INSTANCE�PERFORMS�A�PARTIAL
WITH�AN�INDEPENDENT�ENVELOPE�FOR�A�BELL�LIKE�ADDITIVE�SYNTHESIS�

EXAMPLE 03F11_Events_time_loop.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
seed      0

instr 1; time loop with timout. events are triggered by event_i (i-rate)
loop:
idurloop  random    1, 4; duration of each loop

timout    0, idurloop, play
reinit    loop

play:
idurins   random    1, 5; duration of the triggered instrument

event_i   "i", 10, 0, idurins; triggers instrument 10
endin

instr 2; time loop with metro. events are triggered by event (k-rate)
kfreq     init      1; give a start value for the trigger frequency
kTrig     metro     kfreq

if kTrig == 1 then ;if trigger impulse:
kdur      random    1, 5; random duration for instr 10

event     "i", 10, 0, kdur; call instr 10
kfreq     random    .25, 1; set new value for trigger frequency

endif
endin

instr 10; triggers 8-13 partials
inumparts random    8, 14
inumparts =         int(inumparts); 8-13 as integer
ibasoct   random    5, 10; base pitch in octave values
ibasfreq  =         cpsoct(ibasoct)
ipan      random    .2, .8; random panning between left (0) and right (1)
icnt      =         0; counter
loop:

event_i   "i", 100, 0, p3, ibasfreq, icnt+1, inumparts, ipan
loop_lt   icnt, 1, inumparts, loop

endin

instr 100; plays one partial
ibasfreq  =         p4; base frequency of sound mixture
ipartnum  =         p5; which partial is this (1 - N)
inumparts =         p6; total number of partials



ipan      =         p7; panning
ifreqgen  =         ibasfreq * ipartnum; general frequency of this partial
ifreqdev  random    -10, 10; frequency deviation between -10% and +10%
; -- real frequency regarding deviation
ifreq     =         ifreqgen + (ifreqdev*ifreqgen)/100
ixtratim  random    0, p3; calculate additional time for this partial
p3        =         p3 + ixtratim; new duration of this partial
imaxamp   =         1/inumparts; maximum amplitude
idbdev    random    -6, 0; random deviation in dB for this partial
iamp      =   imaxamp * ampdb(idbdev-ipartnum); higher partials are softer
ipandev   random    -.1, .1; panning deviation
ipan      =         ipan + ipandev
aEnv      transeg   0, .005, 0, iamp, p3-.005, -10, 0
aSine     poscil    aEnv, ifreq, giSine
aL, aR    pan2      aSine, ipan

outs      aL, aR
prints    "ibasfreq = %d, ipartial = %d, ifreq = %d%n",\

ibasfreq, ipartnum, ifreq
endin

</CsInstruments>
<CsScore>
i 1 0 300 ;try this, or the next line (or both)
;i 2 0 300
</CsScore>
</CsoundSynthesizer>

LINKS AND RELATED OPCODES

Links

"�GREAT�COLLECTION�OF�INTERACTIVE�EXAMPLES�WITH�'-5,�WIDGETS�BY�*AIN�.C$URDY�CAN�BE
FOUNDHERE��4EE�PARTICULARILY�THE��3EALTIME�4CORE�(ENERATION��SECTION��3ECENTLY
�THE
COLLECTION�HAS�BEEN�PORTED�TO�2UTE$SOUND�BY�3ENa�+OPI
�AND�IS�PART�OF�2UTE$SOUND�S
EXAMPLE�MENU�

"N�EXTENDED�EXAMPLE�FOR�CALCULATING�SCORE�EVENTS�AT�I�TIME�CAN�BE�FOUND�IN�THE3E�
(ENERATION�OF�4TOCKHAUSEN�S��4TUDIE�**�BY�+OACHIM�)EINTZ�	ALSO�INCLUDED�IN�THE
2UTE$SOUND�&XAMPLES�MENU
�

Related Opcodes

EVENT@I� EVENT��(ENERATE�AN�INSTRUMENT�EVENT�AT�I�TIME�	EVENT@I
�OR�AT�K�TIME�	EVENT
�
&ASY�TO�USE
�BUT�YOU�CANNOT�SEND�A�STRING�TO�THE�SUBINSTRUMENT�

SCORELINE@I� SCORELINE��(ENERATE�AN�INSTRUMENT�AT�I�TIME�	SCORELINE@I
�OR�AT�K�TIME
	SCORELINE
��-IKE�EVENT@I�EVENT
�BUT�YOU�CAN�SEND�TO�MORE�THAN�ONE�INSTRUMENT�BUT�UNLIKE

http://iainmccurdy.org/csound.html
http://www.joachimheintz.de/soft/popsoft.html
http://www.joachimheintz.de/soft/popsoft.html
http://www.csounds.com/manual/html/event_i.html
http://www.csounds.com/manual/html/event.html
http://www.csounds.com/manual/html/scoreline_i.html
http://www.csounds.com/manual/html/scoreline.html


EVENT@I�EVENT�YOU�CAN�SEND�STRINGS��0N�THE�OTHER�HAND
�YOU�MUST�USUALLY�PREFORMAT�YOUR
SCORELINE�STRING�USING�SPRINTF�

SPRINTF� SPRINTFK��(ENERATE�A�FORMATTED�STRING�AT�I�TIME�	SPRINTF
�OR�K�TIME�	SPRINTFK

�AND
STORE�IT�AS�A�STRING�VARIABLE�

��MAX@STR@LEN��������0PTION�IN�THE��$S0PTIONS��TAG�OF�A��CSD�FILE�WHICH�EXTEND�THE
MAXIMUM�STRING�LENGTH�TO������CHARACTERS�

MASSIGN��"SSIGNS�THE�INCOMING�.*%*�EVENTS�TO�A�PARTICULAR�INSTRUMENT��*T�IS�ALSO�POSSIBLE
TO�PREVENT�ANY�ASSIGMENT�BY�THIS�OPCODE�

CPSMIDI� AMPMIDI��3ETURNS�THE�FREQUENCY���VELOCITY�OF�A�PRESSED�.*%*�KEY�

RELEASE��3ETURNS�����IF�THE�LAST�K�CYCLE�OF�AN�INSTRUMENT�HAS�BEGUN�

XTRATIM��"DDS�AN�ADDITIONAL�TIME�TO�THE�DURATION�	P�
�OF�AN�INSTRUMENT�

TURNOFF� TURNOFF���5URNS�AN�INSTRUMENT�OFF��EITHER�BY�THE�INSTRUMENT�ITSELF�	TURNOFF

�OR
FROM�ANOTHER�INSTRUMENT�AND�WITH�SEVERAL�OPTIONS�	TURNOFF�
�

�P�����P � ��"�NEGATIVE�DURATION�	P�
�TURNS�AN�INSTRUMENT�ON��INDEFINITELY���A�NEGATIVE
INSTRUMENT�NUMBER�	P�
�TURNS�THIS�INSTRUMENT�OFF��4EE�THE�EXAMPLES�AT�THE�BEGINNING�OF
THIS�CHAPTER�

�-�STDIN��0PTION�IN�THE��$S0PTIONS��TAG�OF�A��CSD�FILE�WHICH�LETS�YOU�TYPE�IN�REALTIME�SCORE
EVENTS�

TIMOUT��"LLOWS�YOU�TO�PERFORM�TIME�LOOPS�AT�I�TIME�WITH�REINITALIZATION�PASSES�

METRO��0UTPUTS�MOMENTARY��S�WITH�A�DEFINABLE�	AND�VARIABLE
�FREQUENCY��$AN�BE�USED�TO
PERFORM�A�TIME�LOOP�AT�K�RATE�

FOLLOW��&NVELOPE�FOLLOWER�

�� 5HIS�HAS�BEEN�DESCRIBED�INCORRECTLY�IN�THE�FIRST�TWO�ISSUES�OF�THIS�MANUAL�?

�� 5HERE�ARE�ALSO�SOME�VIDEO�TUTORIALS��HTTP���WWW�YOUTUBE�COM�
WATCH V�0�86�%ZD6M&�HTTP���WWW�YOUTUBE�COM�WATCH V�)S�E0�O���K

HTTP���WWW�YOUTUBE�COM�WATCH V�Y6.ZP����,W?

http://www.csounds.com/manual/html/sprintf.html
http://www.csounds.com/manual/html/sprintfk.html
http://www.csounds.com/manual/html/CommandFlags.html
http://www.csounds.com/manual/html/massign.html
http://www.csounds.com/manual/html/cpsmidi.html
http://www.csounds.com/manual/html/ampmidi.html
http://www.csounds.com/manual/html/release.html
http://www.csounds.com/manual/html/xtratim.html
http://www.csounds.com/manual/html/turnoff.html
http://www.csounds.com/manual/html/turnoff2.html
http://www.csounds.com/manual/html/i.html
http://www.csounds.com/manual/html/CommandFlags.html
http://www.csounds.com/manual/html/timout.html
http://www.csounds.com/manual/html/metro.html
http://www.csounds.com/manual/html/follow.html
e-triggering-instrument-events#InsertNoteID_26_marker27
e-triggering-instrument-events#InsertNoteID_28_marker29


USER DEFINED OPCODES
0PCODES�ARE�THE�CORE�UNITS�OF�EVERYTHING�THAT�$SOUND�DOES��5HEY�ARE�LIKE�LITTLE�MACHINES
THAT�DO�A�JOB
�AND�PROGRAMMING�IS�AKIN�TO�CONNECTING�THESE�LITTLE�MACHINES�TO�PERFORM�A
LARGER�JOB��"N�OPCODE�USUALLY�HAS�SOMETHING�WHICH�GOES�INTO�IT��THE�INPUTS�OR�ARGUMENTS

AND�USUALLY�IT�HAS�SOMETHING�WHICH�COMES�OUT�OF�IT��THE�OUTPUT�WHICH�IS�STORED�IN�ONE�OR
MORE�VARIABLES��0PCODES�ARE�WRITTEN�IN�THE�PROGRAMMING�LANGUAGE�$�	THAT�IS�WHERE�THE
NAME��$SOUND��COMES�FROM
��*F�YOU�WANT�TO�CREATE�A�NEW�OPCODE�IN�$SOUND
�YOU�MUST
WRITE�IT�IN�$��)OW�TO�DO�THIS�IS�DESCRIBED�IN�THE&XTENDING�$SOUNDCHAPTER�OF�THIS�MANUAL

AND�IS�ALSO�DESCRIBED�IN�THE�RELEVANTCHAPTEROF�THE$ANONICAL�$SOUND�3EFERENCE�.ANUAL�

5HERE�IS
�HOWEVER
�A�WAY�OF�WRITING�YOUR�OWN�OPCODES�IN�THE�$SOUND�-ANGUAGE�ITSELF�
5HE�OPCODES�WHICH�ARE�WRITTEN�IN�THIS�WAY
�ARE�CALLED�6SER�%EFINED�0PCODES�OR��6%0�S�
"�6%0�BEHAVES�IN�THE�SAME�WAY�AS�A�STANDARD�OPCODE��IT�HAS�INPUT�ARGUMENTS
�AND
USUALLY�ONE�OR�MORE�OUTPUT�VARIABLES��5HEY�RUN�AT�I�TIME�OR�AT�K�TIME��:OU�USE�THEM�AS
PART�OF�THE�$SOUND�-ANGUAGE�AFTER�YOU�HAVE�DEFINED�AND�LOADED�THEM�

6SER�%EFINED�0PCODES�HAVE�MANY�VALUABLE�PROPERTIES��5HEY�MAKE�YOUR�INSTRUMENT�CODE
CLEARER�BECAUSE�THEY�ALLOW�YOU�TO�CREATE�ABSTRACTIONS�OFBLOCKS�OF�CODE��0NCE�A�6%0�HAS
BEEN�DEFINED�IT�CAN�BE�RECALLED�AND�REPEATED�MANY�TIMES�WITHIN�AN�ORCHESTRA
�EACH
REPETITION�REQUIRING�ONLY�A�SINGLE�LINE�OF�CODE��6%0S�ALLOW�YOU�TO�BUILD�UP�YOUR�OWN
LIBRARY�OF�FUNCTIONS�YOU�NEED�AND�RETURN�TO�FREQUENTLY�IN�YOUR�WORK��*N�THIS�WAY
�YOU�BUILD
YOUR�OWN�$SOUND�DIALECT�WITHIN�THE�$SOUND�-ANGUAGE��6%0S�ALSO�REPRESENT�A�CONVENIENT
FORMAT�WITH�WHICH�TO�SHARE�YOUR�WORK�IN�$SOUND�WITH�OTHER�USERS�

5HIS�CHAPTER�EXPLAINS
�INITIALLY�WITH�A�VERY�BASIC�EXAMPLE
�HOW�YOU�CAN�BUILD�YOUR�OWN
6%0S
�AND�WHAT�OPTIONS�THEY�OFFER��'OLLOWING�THIS
�THE�PRACTICE�OF�LOADING�6%0S�IN�YOUR
�CSD�FILE�IS�SHOWN
�FOLLOWED�BY�SOME�TIPS�IN�REGARD�TO�SOME�UNIQUE�CAPABILITIES�OF�6%0S�
#EFORE�THE��-INKS�"ND�3ELATED�0PCODES��SECTION�AT�THE�END
�SOME�EXAMPLES�ARE�SHOWN
FOR�DIFFERENT�6SER�%EFINED�0PCODE�DEFINITIONS�AND�APPLICATIONS�

TRANSFORMING CSOUND INSTRUMENT CODE
TO A USER DEFINED OPCODE

8RITING�A�6SER�%EFINED�0PCODE�IS�ACTUALLY�VERY�EASY�AND�STRAIGHTFORWARD��*T�MAINLY
MEANS�TO�EXTRACT�A�PORTION�OF�USUAL�$SOUND�INSTRUMENT�CODE
�AND�PUT�IT�IN�THE�FRAME�OF�A
6%0��-ET�S�START�WITH�THE�INSTRUMENT�CODE�

EXAMPLE 03G01_Pre_UDO.csd

<CsoundSynthesizer>
<CsOptions>
-odac

http://en.flossmanuals.net/bin/view/Csound/EXTENDINGCSOUND
http://www.csounds.com/manual/html/csound5extending.html
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</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
seed      0

instr 1
aDel      init      0; initialize delay signal
iFb       =         .7; feedback multiplier
aSnd      rand      .2; white noise
kdB       randomi   -18, -6, .4; random movement between -18 and -6
aSnd      =         aSnd * ampdb(kdB); applied as dB to noise
kFiltFq   randomi   100, 1000, 1; random movement between 100 and 1000
aFilt     reson    aSnd, kFiltFq, kFiltFq/5; applied as filter center frequency
aFilt     balance   aFilt, aSnd; bring aFilt to the volume of aSnd
aDelTm    randomi   .1, .8, .2; random movement between .1 and .8 as delay time
aDel      vdelayx   aFilt + iFb*aDel, aDelTm, 1, 128; variable delay
kdbFilt   randomi   -12, 0, 1; two random movements between -12 and 0 (dB) ...
kdbDel    randomi   -12, 0, 1; ... for the filtered and the delayed signal
aOut      =         aFilt*ampdb(kdbFilt) + aDel*ampdb(kdbDel); mix it

outs      aOut, aOut
endin

</CsInstruments>
<CsScore>
i 1 0 60
</CsScore>
</CsoundSynthesizer>

5HIS�IS�A�FILTERED�NOISE
�AND�ITS�DELAY
�WHICH�IS�FED�BACK�AGAIN�INTO�THE�DELAY�LINE�AT�A
CERTAIN�RATIO�I'B��5HE�FILTER�IS�MOVING�AS�K'ILT'Q�RANDOMLY�BETWEEN�����AND������)Z��5HE
VOLUME�OF�THE�FILTERED�NOISE�IS�MOVING�AS�KD#�RANDOMLY�BETWEEN�����D#�AND����D#��5HE
DELAY�TIME�MOVES�BETWEEN�����AND�����SECONDS
�AND�THEN�BOTH�SIGNALS�ARE�MIXED�TOGETHER�

Basic Example

*F�THIS�SIGNAL�PROCESSING�UNIT�IS�TO�BE�TRANSFORMED�INTO�A�6SER�%EFINED�0PCODE
�THE�FIRST
QUESTION�IS�ABOUT�THE�EXTEND�OF�THE�CODE�THAT�WILL�BE�ENCAPSULATED��WHERE�THE�6%0�CODE
WILL�BEGIN�AND�END �5HE�FIRST�SOLUTION�COULD�BE�A�RADICAL
�AND�POSSIBLY�BAD
�APPROACH��TO
TRANSFORM�THE�WHOLE�INSTRUMENT�INTO�A�6%0�

EXAMPLE 03G02_All_to_UDO.csd

<CsoundSynthesizer>
<CsOptions>
</CsOptions>
<CsInstruments>



;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
seed      0

opcode FiltFb, 0, 0
aDel      init      0; initialize delay signal
iFb       =         .7; feedback multiplier
aSnd      rand      .2; white noise
kdB       randomi   -18, -6, .4; random movement between -18 and -6
aSnd      =         aSnd * ampdb(kdB); applied as dB to noise
kFiltFq   randomi   100, 1000, 1; random movement between 100 and 1000
aFilt     reson    aSnd, kFiltFq, kFiltFq/5; applied as filter center frequency
aFilt     balance   aFilt, aSnd; bring aFilt to the volume of aSnd
aDelTm    randomi   .1, .8, .2; random movement between .1 and .8 as delay time
aDel      vdelayx   aFilt + iFb*aDel, aDelTm, 1, 128; variable delay
kdbFilt   randomi   -12, 0, 1; two random movements between -12 and 0 (dB) ...
kdbDel    randomi   -12, 0, 1; ... for the filtered and the delayed signal
aOut      =         aFilt*ampdb(kdbFilt) + aDel*ampdb(kdbDel); mix it

outs      aOut, aOut
endop

instr 1
FiltFb

endin

</CsInstruments>
<CsScore>
i 1 0 60
</CsScore>
</CsoundSynthesizer>

#EFORE�WE�CONTINUE�THE�DISCUSSION�ABOUT�THE�QUALITY�OF�THIS�TRANSORMATION
�WE�SHOULD�HAVE
A�LOOK�AT�THE�SYNTAX�FIRST��5HE�GENERAL�SYNTAX�FOR�A�6SER�%EFINED�0PCODE�IS�

opcode name, outtypes, intypes
...
endop

)ERE
�THEnameOF�THE�6%0�ISFiltFb ��:OU�ARE�FREE�TO�USE�ANY�NAME
�BUT�IT�IS�SUGGESTED
THAT�YOU�BEGIN�THE�NAME�WITH�A�CAPITAL�LETTER��#Y�DOING�THIS
�YOU�AVOID�DUPLICATING�THE

NAME�OF�MOST�OF�THE�PRE�EXISTING�OPCODES� WHICH�NORMALLY�START�WITH�A�LOWER�CASE�LETTER�
"S�WE�HAVE�NO�INPUT�ARGUMENTS�AND�NO�OUTPUT�ARGUMENTS�FOR�THIS�FIRST�VERSION�OF�'ILT'B

BOTHouttypesANDintypesARE�SET�TO�ZERO��4IMILAR�TO�THEINSTR��� ENDINBLOCK�OF�A�NORMAL
INSTRUMENT�DEFINITION
�FOR�A�6%0�THEopcode ... endopKEYWORDS�BEGIN�AND�END�THE�6%0
DEFINITION�BLOCK��*N�THE�INSTRUMENT
�THE�6%0�IS�CALLED�LIKE�A�NORMAL�OPCODE�BY�USING�ITS
NAME
�AND�IN�THE�SAME�LINE�THE�INPUT�ARGUMENTS�ARE�LISTED�ON�THE�RIGHT�AND�THE�OUTPUT

f-user-defined-opcodes#InsertNoteID_6
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http://www.csounds.com/manual/html/endin.html


ARGUMENTS�ON�THE�LEFT��*N�THE�PREVIOUS�A�EXAMPLE
��'ILT'B��HAS�NO�INPUT�AND�OUTPUT
ARGUMENTS�SO�IT�IS�CALLED�BY�JUST�USING�ITS�NAME�

instr 1
FiltFb

endin

/OW���WHY�IS�THIS�6%0�MORE�OR�LESS�USELESS �*T�ACHIEVES�NOTHING
�WHEN�COMPARED�TO�THE
ORIGINAL�NON�6%0�VERSION
�AND�IN�FACT�LOOSES�SOME�OF�THE�ADVANTAGES�OF�THE�INSTRUMENT
DEFINED�VERSION��'IRSTLY
�IT�IS�NOT�ADVISABLE�TO�INCLUDE�THIS�LINE�IN�THE�6%0�

outs      aOut, aOut

5HIS�STATEMENT�WRITES�THE�AUDIO�SIGNAL�A0UT�FROM�INSIDE�THE�6%0�TO�THE�OUTPUT�DEVICE�
*MAGINE�YOU�WANT�TO�CHANGE�THE�OUTPUT�CHANNELS
�OR�YOU�WANT�TO�ADD�ANY�SIGNAL�MODIFIER
AFTER�THE�OPCODE��5HIS�WOULD�BE�IMPOSSIBLE�WITH�THIS�STATEMENT��4O�INSTEAD�OF�INCLUDING
THE��OUTS��OPCODE
�WE�GIVE�THE�'ILT'B�6%0�AN�AUDIO�OUTPUT�

xout      aOut

5HEXOUTSTATEMENT�OF�A�6%0�DEFINITION�WORKS�LIKE�THE��OUTLETS��IN�1%�OR�.AX
�SENDING
THE�RESULT	S
�OF�AN�OPCODE�BACK�TO�THE�CALLER�INSTRUMENT�

/OW�LET�US�CONSIDER�THE�6%0�S�INPUT�ARGUMENTS
�CHOOSE�WHICH�PROCESSES�SHOULD�BE
CARRIED�OUT�WITHIN�THE�'ILT'B�UNIT
�AND�WHAT�ASPECTS�WOULD�OFFER�GREATER�FLEXIBILITY�IF
CONTROLLABLE�FROM�OUTSIDE�THE�6%0��'IRST
�THEaSndPARAMETER�SHOULD�NOT�BE�RESTRICTED�TO
A�WHITE�NOISE�WITH�AMPLITUDE����
�BUT�SHOULD�BE�AN�INPUT�	LIKE�A��SIGNAL�INLET��IN�1%�.AX
�
5HIS�IS�IMPLEMENTED�USING�THE�LINE�

aSnd      xin

#OTH�THE�OUTPUT�AND�THE�INPUT�TYPE�MUST�BE�DECLARED�IN�THE�FIRST�LINE�OF�THE�6%0
DEFINITION
�WHETHER�THEY�ARE�I�
�K��OR�A�VARIABLES��4O�INSTEAD�OF��OPCODE�'ILT'B
��
����THE
STATEMENT�HAS�CHANGED�NOW�TO��OPCODE�'ILT'B
�A
�A�
�BECAUSE�WE�HAVE�BOTH�INPUT�AND
OUTPUT�AS�A�VARIABLE�

5HE�6%0�IS�NOW�MUCH�MORE�FLEXIBLE�AND�LOGICAL��IT�TAKES�ANY�AUDIO�INPUT
�IT�PERFORMS�THE
FILTERED�DELAY�AND�FEEDBACK�PROCESSING
�AND�RETURNS�THE�RESULT�AS�ANOTHER�AUDIO�SIGNAL��*N
THE�NEXT�EXAMPLE
�INSTRUMENT���DOES�EXACTLY�THE�SAME�AS�BEFORE��*NSTRUMENT���HAS�LIVE
INPUT�INSTEAD�

EXAMPLE 03G03_UDO_more_flex.csd

<CsoundSynthesizer>
<CsOptions>
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz

http://www.csounds.com/manual/html/xout.html


sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
seed      0

opcode FiltFb, a, a
aSnd      xin
aDel      init      0; initialize delay signal
iFb       =         .7; feedback multiplier
kdB       randomi   -18, -6, .4; random movement between -18 and -6
aSnd      =         aSnd * ampdb(kdB); applied as dB to noise
kFiltFq   randomi   100, 1000, 1; random movement between 100 and 1000
aFilt     reson    aSnd, kFiltFq, kFiltFq/5; applied as filter center frequency
aFilt     balance   aFilt, aSnd; bring aFilt to the volume of aSnd
aDelTm    randomi   .1, .8, .2; random movement between .1 and .8 as delay time
aDel      vdelayx   aFilt + iFb*aDel, aDelTm, 1, 128; variable delay
kdbFilt   randomi   -12, 0, 1; two random movements between -12 and 0 (dB) ...
kdbDel    randomi   -12, 0, 1; ... for the filtered and the delayed signal
aOut      =         aFilt*ampdb(kdbFilt) + aDel*ampdb(kdbDel); mix it

xout      aOut
endop

instr 1; white noise input
aSnd      rand      .2
aOut      FiltFb    aSnd

outs      aOut, aOut
endin

instr 2; live audio input
aSnd      inch      1; input from channel 1
aOut      FiltFb    aSnd

outs      aOut, aOut
endin

</CsInstruments>
<CsScore>
i 1 0 60 ;change to i 2 for live audio input
</CsScore>
</CsoundSynthesizer>

Is There an Optimal Design for a User Defined Opcode?

*S�THIS�NOW�THE�OPTIMAL�VERSION�OF�THEFiltFb 6SER�%EFINED�0PCODE �0BVIOUSLY�THERE�ARE
OTHER�PARTS�OF�THE�OPCODE�DEFINITON�WHICH�COULD�BE�CONTROLLABLE�FROM�OUTSIDE��THE
FEEDBACK�MULTIPLIERiFb
�THE�RANDOM�MOVEMENT�OF�THE�INPUT�SIGNALkdB
�THE�RANDOM
MOVEMENT�OF�THE�FILTER�FREQUENCYkFiltFq 
�AND�THE�RANDOM�MOVEMENTS�OF�THE�OUTPUT�MIX
kdbSnd ANDkdbDel��*S�IT�BETTER�TO�PUT�THEM�OUTSIDE�OF�THE�OPCODE�DEFINITION
�OR�IS�IT
BETTER�TO�LEAVE�THEM�INSIDE 



5HERE�IS�NO�GENERAL�ANSWER��*T�DEPENDS�ON�THE�DEGREE�OF�ABSTRACTION�YOU�DESIRE�OR�YOU
PREFER�TO�RELINQUISH��*F�YOU�ARE�WORKING�ON�A�PIECE�FOR�WHICH�ALL�OF�THE�PARAMETERS�SETTINGS
ARE�ALREADY�DEFINED�AS�REQUIRED�IN�THE�6%0
�THEN�CONTROL�FROM�THE�CALLER�INSTRUMENT�MAY
NOT�BE�NECESSARY���5HE�ADVANTAGE�OF�MINIMIZING�THE�NUMBER�OF�INPUT�AND�OUTPUT
ARGUMENTS�IS�THE�SIMPLIFICATION�IN�USING�THE�6%0��5HE�MORE�FLEXIBILITY�YOU�REQUIRE�FROM
YOUR�6%0�HOWEVER
�THE�GREATER�THE�NUMBER�OF�INPUT�ARGUMENTS�THAT�WILL�BE�REQUIRED�
1ROVIDING�MORE�CONTROL�IS�BETTER�FOR�A�LATER�REUSABILITY
�BUT�MAY�BE�UNNECESSARILY
COMPLICATED�

1ERHAPS�IT�IS�THE�BEST�SOLUTION�TO�HAVE�ONE�ABSTRACT�DEFINITION�WHICH�PERFORMS�ONE�TASK

AND�TO�CREATE�A�DERIVATIVE���ALSO�AS�6%0���FINE�TUNED�FOR�THE�PARTICULAR�PROJECT�YOU�ARE
WORKING�ON��5HE�FINAL�EXAMPLE�DEMONSTRATES�THE�DEFINITION�OF�A�GENERAL�AND�MORE�ABSTRACT
6%0 FiltFb
�AND�ITS�VARIOUS�APPLICATIONS��INSTRUMENT���DEFINES�THE�SPECIFICATIONS�IN�THE
INSTRUMENT�ITSELF��INSTRUMENT���USES�A�SECOND�6%0Opus123_FiltFbFOR�THIS�PURPOSE�
INSTRUMENT���SETS�THE�GENERALFiltFb IN�A�NEW�CONTEXT�OF�TWO�VARYING�DELAY�LINES�WITH�A
BUZZ�SOUND�AS�INPUT�SIGNAL�

EXAMPLE 03G04_UDO_calls_UDO.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
seed      0

opcode FiltFb, aa, akkkia
; -- DELAY AND FEEDBACK OF A BAND FILTERED INPUT SIGNAL --
;input: aSnd = input sound
; kFb = feedback multiplier (0-1)
; kFiltFq: center frequency for the reson band filter (Hz)
; kQ = band width of reson filter as kFiltFq/kQ
; iMaxDel = maximum delay time in seconds
; aDelTm = delay time
;output: aFilt = filtered and balanced aSnd
; aDel = delay and feedback of aFilt

aSnd, kFb, kFiltFq, kQ, iMaxDel, aDelTm xin
aDel      init      0
aFilt     reson     aSnd, kFiltFq, kFiltFq/kQ
aFilt     balance   aFilt, aSnd
aDel      vdelayx   aFilt + kFb*aDel, aDelTm, iMaxDel, 128; variable delay

xout      aFilt, aDel
endop



opcode Opus123_FiltFb, a, a
;;the udo FiltFb here in my opus 123 :)
;input = aSnd
;output = filtered and delayed aSnd in different mixtures
aSnd      xin
kdB       randomi   -18, -6, .4; random movement between -18 and -6
aSnd      =         aSnd * ampdb(kdB); applied as dB to noise
kFiltFq   randomi   100, 1000, 1; random movement between 100 and 1000
iQ        =         5
iFb       =         .7; feedback multiplier
aDelTm    randomi   .1, .8, .2; random movement between .1 and .8 as delay time
aFilt, aDel FiltFb    aSnd, iFb, kFiltFq, iQ, 1, aDelTm
kdbFilt   randomi   -12, 0, 1; two random movements between -12 and 0 (dB) ...
kdbDel    randomi   -12, 0, 1; ... for the noise and the delay signal
aOut      =         aFilt*ampdb(kdbFilt) + aDel*ampdb(kdbDel); mix it

xout      aOut
endop

instr 1; well known context as instrument
aSnd      rand      .2
kdB       randomi   -18, -6, .4; random movement between -18 and -6
aSnd      =         aSnd * ampdb(kdB); applied as dB to noise
kFiltFq   randomi   100, 1000, 1; random movement between 100 and 1000
iQ        =         5
iFb       =         .7; feedback multiplier
aDelTm    randomi   .1, .8, .2; random movement between .1 and .8 as delay time
aFilt, aDel FiltFb    aSnd, iFb, kFiltFq, iQ, 1, aDelTm
kdbFilt   randomi   -12, 0, 1; two random movements between -12 and 0 (dB) ...
kdbDel    randomi   -12, 0, 1; ... for the noise and the delay signal
aOut      =         aFilt*ampdb(kdbFilt) + aDel*ampdb(kdbDel); mix it
aOut      linen     aOut, .1, p3, 3

outs      aOut, aOut
endin

instr 2; well known context UDO which embeds another UDO
aSnd      rand      .2
aOut      Opus123_FiltFb aSnd
aOut      linen     aOut, .1, p3, 3

outs      aOut, aOut
endin

instr 3; other context: two delay lines with buzz
kFreq     randomh   200, 400, .08; frequency for buzzer
aSnd      buzz      .2, kFreq, 100, giSine; buzzer as aSnd
kFiltFq   randomi   100, 1000, .2; center frequency
aDelTm1   randomi   .1, .8, .2; time for first delay line
aDelTm2   randomi   .1, .8, .2; time for second delay line
kFb1      randomi   .8, 1, .1; feedback for first delay line
kFb2      randomi   .8, 1, .1; feedback for second delay line
a0, aDel1 FiltFb    aSnd, kFb1, kFiltFq, 1, 1, aDelTm1; delay signal 1
a0, aDel2 FiltFb    aSnd, kFb2, kFiltFq, 1, 1, aDelTm2; delay signal 2
aDel1     linen     aDel1, .1, p3, 3
aDel2     linen     aDel2, .1, p3, 3

outs      aDel1, aDel2
endin



</CsInstruments>
<CsScore>
i 1 0 30
i 2 31 30
i 3 62 120
</CsScore>
</CsoundSynthesizer>

5HE�GOOD�THING�ABOUT�THE�DIFFERENT�POSSIBILITIES�OF�WRITING�A�MORE�SPECIFIED�6%0
�OR�A
MORE�GENERALIZED��:OU�NEEDN�T�DECIDE�THIS�AT�THE�BEGINNING�OF�YOUR�WORK��+UST�START�WITH
ANY�FORMULATION�YOU�FIND�USEFUL�IN�A�CERTAIN�SITUATION��*F�YOU�CONTINUE�AND�SEE�THAT�YOU
SHOULD�HAVE�SOME�MORE�PARAMETERS�ACCESSIBLE
�IT�SHOULD�BE�EASY�TO�REWRITE�THE�6%0��+UST
BE�CAREFUL�NOT�TO�CONFUSE�THE�DIFFERENT�VERSIONS�YOU�CREATE��6SE�NAMES�LIKE�'AULTY�

'AULTY��ETC��INSTEAD�OF�OVERWRITING�'AULTY��.AKING�USE�OF�EXTENSIVE�COMMENTING�WHEN
YOU�INITIALLY�CREATE�THE�6%0�WILL�MAKE�IT�EASIER�TO�ADAPT�THE�6%0�AT�A�LATER�TIME��8HAT
ARE�THE�INPUTS�	INCLUDING�THE�MEASUREMENT�UNITS�THEY�USE�SUCH�AS�)ERTZ�OR�SECONDS
 �8HAT
ARE�THE�OUTPUTS ���)OW�YOU�DO�THIS
�IS�UP�TO�YOU�AND�DEPENDS�ON�YOUR�STYLE�AND�YOUR
PREFERENCE�

HOW TO USE THE USER DEFINED OPCODE
FACILITY IN PRACTICE

*N�THIS�SECTION
�WE�WILL�ADDRESS�THE�MAIN�POINTS�OF�USING�6%0S��WHAT�YOU�MUST�BEAR�IN
MIND�WHEN�LOADING�THEM
�WHAT�SPECIAL�FEATURES�THEY�OFFER
�WHAT�RESTRICTIONS�YOU�MUST�BE
AWARE�OF�AND�HOW�YOU�CAN�BUILD�YOUR�OWN�LANGUAGE�WITH�THEM�

Loading User Defined Opcodes in the Orchestra Header

"S�CAN�BE�SEEN�FROM�THE�EXAMPLES�ABOVE
�6SER�%EFINED�0PCODES�MUST�BE�DEFINED�IN�THE
ORCHESTRA�HEADER�	WHICH�IS�SOMETIMES�CALLED��INSTRUMENT���
�

:OU�CAN�LOAD�AS�MANY�6SER�%EFINED�0PCODES�INTO�A�$SOUND�ORCHESTRA�AS�YOU�WISH��"S
LONG�AS�THEY�DO�NOT�DEPEND�ON�EACH�OTHER
�THEIR�ORDER�IS�ARBITRARILY��*F�6%0
Opus123_FiltFbUSES�THE�6%0FiltFb FOR�ITS�DEFINITION�	SEE�THE�EXAMPLE�ABOVE

�YOU
MUST�FIRST�LOADFiltFb
�AND�THENOpus123_FiltFb��*F�NOT
�YOU�WILL�GET�AN�ERROR�LIKE�THIS�

orch compiler:
opcode        Opus123_FiltFb        a        a

error:  no legal opcode, line 25:
aFilt, aDel FiltFb    aSnd, iFb, kFiltFq, iQ, 1, aDelTm

Loading By An #include File

%EFINITIONS�OF�6SER�%EFINED�0PCODES�CAN�ALSO�BE�LOADED�INTO�A��CSD�FILE�BY�AN���INCLUDE�
STATEMENT��8HAT�YOU�MUST�DO�IS�THE�FOLLOWING�



�� 4AVE�YOUR�OPCODE�DEFINITIONS�IN�A�PLAIN�TEXT�FILE
�FOR�INSTANCE��.Y0PCODES�TXT��
�� *F�THIS�FILE�IS�IN�THE�SAME�DIRECTORY�AS�YOUR��CSD�FILE
�YOU�CAN�JUST�CALL�IT�BY�THE

STATEMENT�

#include "MyOpcodes.txt"

�� *F��.Y0PCODES�TXT��IS�IN�A�DIFFERENT�DIRECTORY
�YOU�MUST�CALL�IT�BY�THE�FULL�PATH
NAME
�FOR�INSTANCE�

#include "/Users/me/Documents/Csound/UDO/MyOpcodes.txt"

"S�ALWAYS
�MAKE�SURE�THAT�THE���INCLUDE��STATEMENT�IS�THE�LAST�ONE�IN�THE�ORCHESTRA�HEADER

AND�THAT�THE�LOGICAL�ORDER�IS�ACCEPTED�IF�ONE�OPCODE�DEPENDS�ON�ANOTHER�

*F�YOU�WORK�WITH�6SER�%EFINED�0PCODES�A�LOT
�AND�BUILD�UP�A�COLLECTION�OF�THEM
�THE
�INCLUDE�FEATURE�ALLOWS�YOU�EASILY�IMPORT�SEVERAL�OR�ALL�OF�THEM�TO�YOUR��CSD�FILE�

The setksmps Feature

5HEKSMPSASSIGNMENT�IN�THE�ORCHESTRA�HEADER�CANNOT�BE�CHANGED�DURING�THE�PERFORMANCE
OF�A��CSD�FILE��#UT�IN�A�6SER�%EFINED�0PCODE�YOU�HAVE�THE�UNIQUE�POSSIBILITY�OF�CHANGING
THIS�VALUE�BY�A�LOCAL�ASSIGNMENT��*F�YOU�USE�ASETKSMPSSTATEMENT�IN�YOUR�6%0
�YOU�CAN
HAVE�A�LOCALLY�SMALLER�VALUE�FOR�THE�NUMBER�OF�SAMPLES�PER�CONTROL�CYCLE�IN�THE�6%0��*N
THE�FOLLOWING�EXAMPLE
�THE�PRINT�STATEMENT�IN�THE�6%0�PRINTS�TEN�TIMES�COMPARED�TO�ONE
TIME�IN�THE�INSTRUMENT
�BECAUSE�KSMPS�IN�THE�6%0�IS����TIMES�SMALLER�

EXAMPLE 03G06_UDO_setksmps.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 44100 ;very high because of printing

opcode Faster, 0, 0
setksmps 4410 ;local ksmps is 1/10 of global ksmps
printks "UDO print!%n", 0

endop

instr 1
printks "Instr print!%n", 0 ;print each control period (once per second)
Faster ;print 10 times per second because of local ksmps

endin

</CsInstruments>
<CsScore>
i 1 0 2
</CsScore>
</CsoundSynthesizer>

http://www.csounds.com/manual/html/ksmps.html
http://www.csounds.com/manual/html/setksmps.html


Default Arguments

'OR�I�TIME�ARGUMENTS
�YOU�CAN�USE�A�SIMPLE�FEATURE�TO�SET�DEFAULT�VALUES�

d �O��	INSTEAD�OF��I�
�DEFAULTS�TO��
d �P��	INSTEAD�OF��I�
�DEFAULTS�TO��
d �J��	INSTEAD�OF��I�
�DEFAULTS�TO���

'OR�K�TIME�ARGUMENTS
�YOU�CAN�USE�SINCE�$SOUND������THESE�DEFAULT�VALUES�

d �0��	INSTEAD�OF��K�
�DEFAULTS�TO��
d �1��	INSTEAD�OF��K�
�DEFAULTS�TO��
d �7��	INSTEAD�OF��K�
�DEFAULTS�TO����

4O�YOU�CAN�OMIT�THESE�ARGUMENTS���IN�THIS�CASE�THE�DEFAULT�VALUES�WILL�BE�USED��*F�YOU�GIVE
AN�INPUT�ARGUMENT�INSTEAD
�THE�DEFAULT�VALUE�WILL�BE�OVERWRITTEN�

EXAMPLE 03G07_UDO_default_args.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz

opcode Defaults, iii, opj
ia, ib, ic xin
xout ia, ib, ic

endop

instr 1
ia, ib, ic Defaults

print     ia, ib, ic
ia, ib, ic Defaults  10

print     ia, ib, ic
ia, ib, ic Defaults  10, 100

print     ia, ib, ic
ia, ib, ic Defaults  10, 100, 1000

print     ia, ib, ic
endin

</CsInstruments>
<CsScore>
i 1 0 0
</CsScore>
</CsoundSynthesizer>

Recursive User Defined Opcodes

3ECURSION�MEANS�THAT�A�FUNCTION�CAN�CALL�ITSELF��5HIS�IS�A�FEATURE�WHICH�CAN�BE�USEFUL�IN
MANY�SITUATIONS��"LSO�6SER�%EFINED�0PCODES�CAN�BE�RECURSIVE��:OU�CAN�DO�MANY�THINGS
WITH�A�RECURSIVE�6%0�WHICH�YOU�CANNOT�DO�IN�ANY�OTHER�WAY��AT�LEAST�NOT�IN�A�SIMLIARLY



SIMPLE�WAY��5HIS�IS�AN�EXAMPLE�OF�GENERATING�EIGHT�PARTIALS�BY�A�RECURSIVE�6%0��4EE�THE
LAST�EXAMPLE�IN�THE�NEXT�SECTION�FOR�A�MORE�MUSICAL�APPLICATION�OF�A�RECURSIVE�6%0�

EXAMPLE 03G08_Recursive_UDO.csd

<CsoundSynthesizer>
<CsOptions>
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

opcode Recursion, a, iip
;input: frequency, number of partials, first partial (default=1)
ifreq, inparts, istart xin
iamp      =         1/inparts/istart ;decreasing amplitudes for higher partials

if istart < inparts then ;if inparts have not yet reached
acall     Recursion ifreq, inparts, istart+1 ;call another instance of this UDO

endif
aout      oscils    iamp, ifreq*istart, 0 ;execute this partial
aout      =         aout + acall ;add the audio signals

xout      aout
endop

instr 1
amix      Recursion 400, 8 ;8 partials with a base frequency of 400 Hz
aout      linen     amix, .01, p3, .1

outs      aout, aout
endin

</CsInstruments>
<CsScore>
i 1 0 1
</CsScore>
</CsoundSynthesizer>

EXAMPLES

8E�WILL�FOCUS�HERE�ON�SOME�EXAMPLES�WHICH�WILL�HOPEFULLY�SHOW�THE�WIDE�RANGE�OF�6SER
%EFINED�0PCODES��4OME�OF�THEM�ARE�ADAPTIONS�OF�EXAMPLES�FROM�PREVIOUS�CHAPTERS�ABOUT
THE�$SOUND�4YNTAX��.UCH�MORE�EXAMPLES�CAN�BE�FOUND�IN�THE6SER�%EFINED�0PCODE
%ATABASE
�EDITIED�BY�4TEVEN�:I�

Play A Mono Or Stereo Soundfile

$SOUND�IS�OFTEN�VERY�STRICT�AND�GIVES�ERRORS�WHERE�OTHER�APPLICATIONS�MIGHT��TURN�A�BLIND
EYE���5HIS�IS�ALSO�THE�CASE�IF�YOU�READ�A�SOUNDFILE�USING�ONE�OF�$SOUND�S�OPCODES�SOUNDIN

DISKINORDISKIN���*F�YOUR�SOUNDFILE�IS�MONO
�YOU�MUST�USE�THE�MONO�VERSION
�WHICH�HAS

http://www.csounds.com/udo/
http://www.csounds.com/udo/
http://www.csounds.com/manual/html/soundin.html
http://www.csounds.com/manual/html/diskin.html
http://www.csounds.com/manual/html/diskin2.html


ONE�AUDIO�SIGNAL�AS�OUTPUT��*F�YOUR�SOUNDFILE�IS�STEREO
�YOU�MUST�USE�THE�STEREO�VERSION

WHICH�OUTPUTS�TWO�AUDIO�SIGNALS��*F�YOU�WANT�A�STEREO�OUTPUT
�BUT�YOU�HAPPEN�TO�HAVE�A
MONO�SOUNDFILE�AS�INPUT
�YOU�WILL�GET�THE�ERROR�MESSAGE�

INIT ERROR in ...: number of output args inconsistent with number
of file channels

*T�MAY�BE�MORE�USEFUL�TO�HAVE�AN�OPCODE�WHICH�WORKS�FOR�BOTH
�MONO�AND�STEREO�FILES�AS
INPUT��5HIS�IS�A�IDEAL�JOB�FOR�A�6%0��5WO�VERSIONS�ARE�POSSIBLE��'ILE1LAY��RETURNS�ALWAYS
ONE�AUDIO�SIGNAL�	IF�THE�FILE�IS�STEREO�IT�USES�JUST�THE�FIRST�CHANNEL

�'ILE1LAY��RETURNS
ALWAYS�TWO�AUDIO�SIGNALS�	IF�THE�FILE�IS�MONO�IT�DUPLICATES�THIS�TO�BOTH�CHANNELS
��8E�CAN
USE�THE�DEFAULT�ARGUMENTS�TO�MAKE�THIS�OPCODE�BEHAVE�EXACTLY�AS�DISKIN��

EXAMPLE 03G09_UDO_FilePlay.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

opcode FilePlay1, a, Skoooooo
;gives mono output regardless your soundfile is mono or stereo
;(if stereo, just the first channel is used)
;see diskin2 page of the csound manual for information about the input arguments
Sfil, kspeed, iskip, iloop, iformat, iwsize, ibufsize, iskipinit xin
ichn      filenchnls Sfil

if ichn == 1 then
aout      diskin2   Sfil, kspeed, iskip, iloop, iformat, iwsize,\

ibufsize, iskipinit
else

aout, a0  diskin2   Sfil, kspeed, iskip, iloop, iformat, iwsize,\
ibufsize, iskipinit

endif
xout      aout

endop

opcode FilePlay2, aa, Skoooooo
;gives stereo output regardless your soundfile is mono or stereo
;see diskin2 page of the csound manual for information about the input arguments
Sfil, kspeed, iskip, iloop, iformat, iwsize, ibufsize, iskipinit xin
ichn      filenchnls Sfil

if ichn == 1 then
aL        diskin2    Sfil, kspeed, iskip, iloop, iformat, iwsize,\

ibufsize, iskipinit
aR        =          aL

else
aL, aR            diskin2    Sfil, kspeed, iskip, iloop, iformat, iwsize,\



ibufsize, iskipinit
endif

xout       aL, aR
endop

instr 1
aMono     FilePlay1  "fox.wav", 1

outs       aMono, aMono
endin

instr 2
aL, aR    FilePlay2  "fox.wav", 1

outs       aL, aR
endin

</CsInstruments>
<CsScore>
i 1 0 4
i 2 4 4
</CsScore>
</CsoundSynthesizer>

Change the Content of a Function Table

*N�EXAMPLE03C11_Table_random_dev.csd
�A�FUNCTION�TABLE�HAS�BEEN�CHANGED�AT
PERFORMANCE�TIME
�ONCE�A�SECOND
�BY�RANDOM�DEVIATIONS��5HIS�CAN�BE�EASILY�TRANSFORMED
TO�A�6SER�%EFINED�0PCODE��*T�TAKES�THE�FUNCTION�TABLE�VARIABLE
�A�TRIGGER�SIGNAL
�AND�THE
RANDOM�DEVIATION�IN�PERCENT�AS�INPUT��*N�EACH�CONTROL�CYCLE�WHERE�THE�TRIGGER�SIGNAL�IS����

THE�TABLE�VALUES�ARE�READ��5HE�RANDOM�DEVIATION�IS�APPLIED
�AND�THE�CHANGED�VALUES�ARE
WRITTEN�AGAIN�INTO�THE�TABLE��)ERE
�THETAB�TABWOPCODES�ARE�USED�TO�MAKE�SURE�THAT�ALSO
NON�POWER�OF�TWO�TABLES�CAN�BE�USED�

EXAMPLE 03G10_UDO_rand_dev.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 441
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 256, 10, 1; sine wave
seed      0; each time different seed

opcode TabDirtk, 0, ikk
;"dirties" a function table by applying random deviations at a k-rate trigger
;input: function table, trigger (1 = perform manipulation),
;deviation as percentage
ift, ktrig, kperc xin

http://www.csounds.com/manual/html/tab.html


if ktrig == 1 then ;just work if you get a trigger signal
kndx      =         0
loop:
krand     random    -kperc/100, kperc/100
kval      tab       kndx, ift; read old value
knewval   =         kval + (kval * krand); calculate new value

tabw      knewval, kndx, giSine; write new value
loop_lt   kndx, 1, ftlen(ift), loop; loop construction

endif
endop

instr 1
kTrig     metro     1, .00001 ;trigger signal once per second

TabDirtk  giSine, kTrig, 10
aSig      poscil    .2, 400, giSine

outs      aSig, aSig
endin

</CsInstruments>
<CsScore>
i 1 0 10
</CsScore>
</CsoundSynthesizer>

0F�COURSE�YOU�CAN�ALSO�CHANGE�THE�CONTENT�OF�A�FUNCTION�TABLE�AT�INIT�TIME��5HE�NEXT
EXAMPLE�PERMUTES�A�SERIES�OF�NUMBERS�RANDOMLY�EACH�TIME�IT�IS�CALLED��'OR�THIS�PURPOSE

FIRST�THE�INPUT�FUNCTION�TABLEiTabin IS�COPIED�ASiCopy��5HIS�IS�NECESSARY�BECAUSE�WE�DO
NOT�WANT�TO�CHANGE�I5ABIN�IN�ANY�WAY��/EXT�A�RANDOM�INDEX�IN�I$OPY�IS�CREATED�AND�THE
VALUE�AT�THIS�LOCATION�IN�I5ABIN�IS�WRITTEN�AT�THE�BEGINNING�OFiTabout
�WHICH�CONTAINS�THE
PERMUTED�RESULTS��"T�THE�END�OF�THIS�CYCLE
�EACH�VALUE�INiCopyWHICH�HAS�A�LARGER�INDEX
THAN�THE�ONE�WHICH�HAS�JUST�BEEN�READ
�IS�SHIFTED�ONE�POSITION�TO�THE�LEFT��4O�NOWiCopy
HAS�BECOME�ONE�POSITION�SMALLER���NOT�IN�TABLE�SIZE�BUT�IN�THE�NUMBER�OF�VALUES�TO�READ�
5HIS�PROCEDURE�IS�CONTINUED�UNTIL�ALL�VALUES�FROMiCopyARE�REFLECTED�IN�I5ABOUT�

EXAMPLE 03G11_TabPermRnd.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz

giVals ftgen 0, 0, -12, -2, 1, 2, 3, 4, 5, 6, 7, 8, 9, 10, 11, 12
seed      0; each time different seed

opcode TabPermRand_i, i, i
;permuts randomly the values of the input table
;and creates an output table for the result
iTabin    xin
itablen   =         ftlen(iTabin)
iTabout   ftgen     0, 0, -itablen, 2, 0 ;create empty output table
iCopy     ftgen     0, 0, -itablen, 2, 0 ;create empty copy of input table

tableicopy iCopy, iTabin ;write values of iTabin into iCopy
icplen    init      itablen ;number of values in iCopy
indxwt    init      0 ;index of writing in iTabout



loop:
indxrd    random    0, icplen - .0001; random read index in iCopy
indxrd    =         int(indxrd)
ival      tab_i     indxrd, iCopy; read the value

tabw_i    ival, indxwt, iTabout; write it to iTabout
; -- shift values in iCopy larger than indxrd one position to the left

shift:
if indxrd < icplen-1 then ;if indxrd has not been the last table value

ivalshft  tab_i     indxrd+1, iCopy ;take the value to the right ...
tabw_i    ivalshft, indxrd, iCopy ;...and write it to indxrd position

indxrd    =         indxrd + 1 ;then go to the next position
igoto     shift ;return to shift and see if there is anything left to do

endif
indxwt    =         indxwt + 1 ;increase the index of writing in iTabout

loop_gt   icplen, 1, 0, loop ;loop as long as there is ;
;a value in iCopy

ftfree    iCopy, 0 ;delete the copy table
xout      iTabout ;return the number of iTabout

endop

instr 1
iPerm     TabPermRand_i giVals ;perform permutation
;print the result
indx      =         0
Sres      =         "Result:"
print:
ival      tab_i     indx, iPerm
Sprint    sprintf   "%s %d", Sres, ival
Sres      =         Sprint

loop_lt   indx, 1, 12, print
puts      Sres, 1

endin

instr 2; the same but performed ten times
icnt      =         0
loop:
iPerm     TabPermRand_i giVals ;perform permutation
;print the result
indx      =         0
Sres      =         "Result:"
print:
ival      tab_i     indx, iPerm
Sprint    sprintf   "%s %d", Sres, ival
Sres      =         Sprint

loop_lt   indx, 1, 12, print
puts      Sres, 1
loop_lt   icnt, 1, 10, loop

endin

</CsInstruments>
<CsScore>
i 1 0 0
i 2 0 0
</CsScore>
</CsoundSynthesizer>



Print the Content of a Function Table

5HERE�IS�NO�OPCODE�IN�$SOUND�FOR�PRINTING�THE�CONTENTS�OF�A�FUNCTION�TABLE
�BUT�ONE�CAN�BE

CREATED�AS�A�6%0�� "GAIN�A�LOOP�IS�NEEDED�FOR�CHECKING�THE�VALUES�AND�PUTTING�THEM�INTO
A�STRING�WHICH�CAN�THEN�BE�PRINTED��*N�ADDITION
�SOME�OPTIONS�CAN�BE�GIVEN�FOR�THE�PRINT
PRECISION�AND�FOR�THE�NUMBER�OF�ELEMENTS�IN�A�LINE�

EXAMPLE 03G12_TableDumpSimp.csd

<CsoundSynthesizer>
<CsOptions>
-ndm0 -+max_str_len=10000
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz

gitab     ftgen     1, 0, -7, -2, 0, 1, 2, 3, 4, 5, 6
gisin     ftgen     2, 0, 128, 10, 1

opcode TableDumpSimp, 0, ijo
;prints the content of a table in a simple way
;input: function table, float precision while printing (default = 3),
;parameters per row (default = 10, maximum = 32)
ifn, iprec, ippr xin
iprec     =         (iprec == -1 ? 3 : iprec)
ippr      =         (ippr == 0 ? 10 : ippr)
iend      =         ftlen(ifn)
indx      =         0
Sformat   sprintf   "%%.%df\t", iprec
Sdump     =         ""
loop:
ival      tab_i     indx, ifn
Snew      sprintf   Sformat, ival
Sdump     strcat    Sdump, Snew
indx      =         indx + 1
imod      =         indx % ippr

if imod == 0 then
puts      Sdump, 1

Sdump     =         ""
endif
if indx < iend igoto loop

puts      Sdump, 1
endop

instr 1
TableDumpSimp p4, p5, p6
prints    "%n"

endin

</CsInstruments>
<CsScore>

f-user-defined-opcodes#InsertNoteID_8


;i1   st   dur   ftab   prec   ppr
i1    0    0     1      -1
i1    .    .     1       0
i1    .    .     2       3     10
i1    .    .     2       6     32
</CsScore>
</CsoundSynthesizer>

A Recursive User Defined Opcode for Additive Synthesis

*N�THE�LAST�EXAMPLE�OF�THE�CHAPTER�ABOUT5RIGGERING�*NSTRUMENT�&VENTSA�NUMBER�OF
PARTIALS�WERE�SYNTHESIZED
�EACH�WITH�A�RANDOM�FREQUENCY�DEVIATION�OF�UP�TO����
COMPARED�TO�PRECISE�HARMONIC�SPECTRUM�FREQUENCIES�AND�A�UNIQUE�DURATION�FOR�EACH
PARTIAL��5HIS�CAN�ALSO�BE�WRITTEN�AS�A�RECURSIVE�6%0��&ACH�6%0�GENERATES�ONE�PARTIAL

AND�CALLS�THE�6%0�AGAIN�UNTIL�THE�LAST�PARTIAL�IS�GENERATED��/OW�THE�CODE�CAN�BE�REDUCED
TO�TWO�INSTRUMENTS��INSTRUMENT���PERFORMS�THE�TIME�LOOP
�CALCULATES�THE�BASIC�VALUES�FOR
ONE�NOTE
�AND�TRIGGERS�THE�EVENT��5HEN�INSTRUMENT����IS�CALLED�WHICH�FEEDS�THE�6%0�WITH
THE�VALUES�AND�PASSES�THE�AUDIO�SIGNALS�TO�THE�OUTPUT�

EXAMPLE 03G13_UDO_Recursive_AddSynth.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
seed      0

opcode PlayPartials, aa, iiipo
;plays inumparts partials with frequency deviation and own envelopes and
;durations for each partial
;ibasfreq: base frequency of sound mixture
;inumparts: total number of partials
;ipan: panning
;ipartnum: which partial is this (1 - N, default=1)
;ixtratim: extra time in addition to p3 needed for this partial (default=0)

ibasfreq, inumparts, ipan, ipartnum, ixtratim xin
ifreqgen  =         ibasfreq * ipartnum; general frequency of this partial
ifreqdev  random    -10, 10; frequency deviation between -10% and +10%
ifreq     =         ifreqgen + (ifreqdev*ifreqgen)/100; real frequency
ixtratim1 random    0, p3; calculate additional time for this partial
imaxamp   =         1/inumparts; maximum amplitude
idbdev    random    -6, 0; random deviation in dB for this partial
iamp      =        imaxamp * ampdb(idbdev-ipartnum); higher partials are softer

http://en.flossmanuals.net/bin/view/Csound/TriggeringInstrumentEvents


ipandev   random    -.1, .1; panning deviation
ipan      =         ipan + ipandev
aEnv      transeg   0, .005, 0, iamp, p3+ixtratim1-.005, -10, 0; envelope
aSine     poscil    aEnv, ifreq, giSine
aL1, aR1  pan2      aSine, ipan

if ixtratim1 > ixtratim then
ixtratim  =  ixtratim1 ;set ixtratim to the ixtratim1 if the latter is larger

endif
if ipartnum < inumparts then ;if this is not the last partial

; -- call the next one
aL2, aR2  PlayPartials ibasfreq, inumparts, ipan, ipartnum+1, ixtratim

else               ;if this is the last partial
p3        =         p3 + ixtratim; reset p3 to the longest ixtratim value

endif
xout      aL1+aL2, aR1+aR2

endop

instr 1; time loop with metro
kfreq     init      1; give a start value for the trigger frequency
kTrig     metro     kfreq

if kTrig == 1 then ;if trigger impulse:
kdur      random    1, 5; random duration for instr 10
knumparts random    8, 14
knumparts =         int(knumparts); 8-13 partials
kbasoct   random    5, 10; base pitch in octave values
kbasfreq  =         cpsoct(kbasoct) ;base frequency
kpan      random    .2, .8; random panning between left (0) and right (1)

event     "i", 11, 0, kdur, kbasfreq, knumparts, kpan; call instr 11
kfreq     random    .25, 1; set new value for trigger frequency

endif
endin

instr 11; plays one mixture with 8-13 partials
aL, aR    PlayPartials p4, p5, p6

outs      aL, aR
endin

</CsInstruments>
<CsScore>
i 1 0 300
</CsScore>
</CsoundSynthesizer>

Using Strings as Arrays

'OR�SOME�SITUATIONS�IT�CAN�BE�VERY�USEFUL�TO�USE�STRINGS�IN�$SOUND�AS�A�COLLECTION�OF�SINGLE
STRINGS�OR�NUMBERS��5HIS�IS�WHAT�PROGRAMMING�LANGUAGES�CALL�A�LIST�OR�AN�ARRAY��$SOUND
DOES�NOT�PROVIDE�OPCODES�FOR�THIS�PURPOSE
�BUT�YOU�CAN�DEFINE�THESE�OPCODES�AS�6%0S��"
SET�OF�THESE�6%0S�CAN�THEN�BE�USED�LIKE�THIS�

ilen       StrayLen     "a b c d e"
ilen -> 5

Sel        StrayGetEl   "a b c d e", 0
Sel -> "a"



inum       StrayGetNum  "1 2 3 4 5", 0
inum -> 1

ipos       StrayElMem   "a b c d e", "c"
ipos -> 2

ipos       StrayNumMem  "1 2 3 4 5", 3
ipos -> 2

Sres       StraySetEl   "a b c d e", "go", 0
Sres -> "go a b c d e"

Sres       StraySetNum  "1 2 3 4 5", 0, 0
Sres -> "0 1 2 3 4 5"

Srev       StrayRev     "a b c d e"
Srev -> "e d c b a"

Sub        StraySub     "a b c d e", 1, 3
Sub -> "b c"

Sout       StrayRmv     "a b c d e", "b d"
Sout -> "a c e"

Srem       StrayRemDup  "a b a c c d e e"
Srem -> "a b c d e"

ift,iftlen StrayNumToFt "1 2 3 4 5", 1
ift -> 1 (same as f 1 0 -5 -2 1 2 3 4 5)
iftlen -> 5

:OU�CAN�FIND�AN�ARTICLE�ABOUT�DEFINING�SUCH�A�SUB�LANGUAGEHERE
�AND�THE�UP�TO�DATE�6%0
CODEHERE	OR�AT�THE6%0�REPOSITORY
�

LINKS AND RELATED OPCODES

Links

5HISIS�THE�PAGE�IN�THE�$ANONICAL�$SOUND�3EFERENCE�.ANUAL�ABOUT�THE�DEFINITION�OF
6%0S�

5HE�MOST�IMPORTANT�RESOURCE�OF�6SER�%EFINED�0PCODES�IS�THE6SER�%EFINED�0PCODE
%ATABASE
�EDITIED�BY�4TEVEN�:I�

"LSO�BY�4TEVEN�:I
�READ�THE�SECOND�PART�OF�HIS�ARTICLE�ABOUT�CONTROL�FLOW�IN�$SOUND�IN�THE
$SOUND�+OURNAL	SUMMER�����
�

Related Opcodes

OPCODE��5HE�OPCODE�USED�TO�BEGIN�A�6SER�%EFINED�0PCODE�DEFINITION�

�INCLUDE��6SEFUL�TO�INCLUDE�ANY�LOADABLE�$SOUND�CODE
�IN�THIS�CASE�DEFINITIONS�OF�6SER
%EFINED�0PCODES�

SETKSMPS��-ETS�YOU�SET�A�SMALLER�KSMPS�VALUE�LOCALLY�IN�A�6SER�%EFINED�0PCODE�

http://www.csounds.com/journal/issue13/index.html
http://joachimheintz.de/soft/Strays.zip
http://www.csounds.com/udo/
http://www.csounds.com/manual/html/opcode.html
http://www.csounds.com/udo/
http://www.csounds.com/udo/
http://www.csounds.com/journal/2006summer/controlFlow_part2.html
http://www.csounds.com/manual/html/opcode.html
http://www.csounds.com/manual/html/include.html
http://www.csounds.com/manual/html/setksmps.html


�� 0NLY�THE�'-5,�AND�45,�OPCODES�BEGIN�WITH�CAPITAL�LETTERS�?

�� 4EEHTTPS���GITHUB�COM�JOACHIMHEINTZ�JUDOFOR�MORE�AND�MORE�RECENT�VERSIONS�?

f-user-defined-opcodes#InsertNoteID_6_marker7
f-user-defined-opcodes/ https:/github.com/joachimheintz/judo
f-user-defined-opcodes#InsertNoteID_8_marker9


MACROS
.ACROS�WITHIN�$SOUND�IS�A�MECHANISM�WHEREBY�A�LINE�OR�A�BLOCK�OF�TEXT�CAN�BE
REFERENCED�USING�A�MACRO�CODEWORD��8HENEVER�THE�CODEWORD�IS�SUBSEQUENTLY
ENCOUNTERED�IN�A�$SOUND�ORCHESTRA�OR�SCORE�IT�WILL�BE�REPLACED�BY�THE�CODE�TEXT�CONTAINED
WITHIN�THE�MACRO��5HIS�MECHANISM�CAN�BE�USEFUL�IN�SITUATIONS�WHERE�A�LINE�OR�A�BLOCK�OF
CODE�WILL�BE�REPEATED�MANY�TIMES���IF�A�CHANGE�IS�REQUIRED�IN�THE�CODE�THAT�WILL�BE
REPEATED
�IT�NEED�ONLY�BE�ALTERED�ONCE�IN�THE�MACRO�DEFINITION�RATHER�THAN�HAVING�TO�BE
EDITED�IN�EACH�OF�THE�REPETITIONS�

$SOUND�UTILISES�A�SUBTLY�DIFFERENT�MECHANISM�FOR�ORCHESTRA�AND�SCORE�MACROS�SO�EACH�WILL
BE�CONSIDERED�IN�TURN��5HERE�ARE�ALSO�ADDITIONAL�FEATURES�OFFERED�BY�THE�MACRO�SYSTEM�SUCH
AS�THE�ABILITY�TO�CREATE�A�MACRO�THAT�ACCEPTS�ARGUMENTS���A�LITTLE�LIKE�THE�MAIN�MACRO
CONTAINING�SUB�MACROS�THAT�CAN�BE�REPEATED�SEVERAL�TIMES�WITHIN�THE�MAIN�MACRO���THE
INCLUSION�OF�A�BLOCK�OF�TEXT�CONTAINED�WITHIN�A�COMPLETELY�SEPARATE�FILE�AND�OTHER�MACRO
REFINEMENTS�

*T�IS�IMPORTANT�TO�REALISE�THAT�A�MACRO�CAN�CONTAIN�ANY�TEXT
�INCLUDING�CARRIAGE�RETURNS
�AND
THAT�$SOUND�WILL�BE�IGNORANT�TO�ITS�USE�OF�SYNTAX�UNTIL�THE�MACRO�IS�ACTUALLY�USED�AND
EXPANDED�ELSEWHERE�IN�THE�ORCHESTRA�OR�SCORE�

ORCHESTRA MACROS

.ACROS�ARE�DEFINED�USING�THE�SYNTAX�

#define NAME # replacement text #

�/".&��IS�THE�USER�DEFINED�NAME�THAT�WILL�BE�USED�TO�CALL�THE�MACRO�AT�SOME�POINT�LATER
IN�THE�ORCHESTRA��IT�MUST�BEGIN�WITH�A�LETTER�BUT�CAN�THEN�CONTAIN�ANY�COMBINATION�OF
NUMBERS�AND�LETTERS���REPLACEMENT�TEXT�
�BOUNDED�BY�HASH�SYMBOLS�WILL�BE�THE�TEXT�THAT�WILL
REPLACE�THE�MACRO�NAME�WHEN�LATER�CALLED��3EMEMBER�THAT�THE�REPLACEMENT�TEXT�CAN
STRETCH�OVER�SEVERAL�LINES��0NE�SYNTACTICAL�ASPECT�TO�NOTE�IS�THAT���DEFINE��NEEDS�TO�BE�RIGHT
AT�THE�BEGINNING�OF�A�LINE
�I�E��THE�$SOUND�PARSER�WILL�BE�INTOLERANT�TOWARD�THE�INITIAL����
BEING�PRECEDED�BY�ANY�WHITE�SPACE
�WHETHER�THAT�BE�SPACES�OR�TABS��"�MACRO�CAN�BE
DEFINED�ANYWHERE�WITHIN�THE��$S*NSTRUMENTS����$S*NSTRUMENTS��SECTIONS�OF�A��CSD�FILE�

8HEN�IT�IS�DESIRED�TO�USE�AND�EXPAND�THE�MACRO�LATER�IN�THE�ORCHESTRA�THE�MACRO�NAME
NEEDS�TO�BE�PRECEDED�WITH�A�����SYMBOL�THUS�

$NAME

5HE�FOLLOWING�EXAMPLE�ILLUSTRATES�THE�BASIC�SYNTAX�NEEDED�TO�EMPLOY�MACROS��5HE�NAME
OF�A�SOUND�FILE�IS�REFERENCED�TWICE�IN�THE�SCORE�SO�IT�IS�DEFINED�AS�A�MACRO�JUST�AFTER�THE
HEADER�STATEMENTS��*NSTRUMENT���DERIVES�THE�DURATION�OF�THE�SOUND�FILE�AND�INSTRUCTS



INSTRUMENT���TO�PLAY�A�NOTE�FOR�THIS�DURATION��INSTRUMENT���PLAYS�THE�SOUND�FILE��5HE�SCORE
AS�DEFINED�IN�THE��$S4CORE����$S4CORE��SECTION�ONLY�LASTS�FOR������SECONDS�BUT�THE
EVENT@I�STATEMENT�IN�INSTRUMENT���WILL�EXTEND�THIS�FOR�THE�REQUIRED�DURATION��5HE�SOUND
FILE�IS�A�MONO�FILE�SO�YOU�CAN�REPLACE�IT�WITH�ANY�OTHER�MONO�FILE�OR�USE�THEORIGINAL�ONE�

EXAMPLE 03H01_Macros_basic.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>
sr         =         44100
ksmps         =         16
nchnls         =         1
0dbfs        =        1

; define the macro
#define SOUNDFILE # "loop.wav" #

instr  1
; use an expansion of the macro in deriving the duration of the sound file
idur  filelen   $SOUNDFILE

event_i   "i",2,0,idur
endin

instr  2
; use another expansion of the macro in playing the sound file
a1  diskin2  $SOUNDFILE,1

out      a1
endin

</CsInstruments>

<CsScore>
i 1 0 0.01
e
</CsScore>
</CsoundSynthesizer>
; example written by Iain McCurdy

*N�MORE�COMPLEX�SITUATIONS�WHERE�WE�REQUIRE�SLIGHT�VARIATIONS
�SUCH�AS�DIFFERENT�CONSTANT
VALUES�OR�DIFFERENT�SOUND�FILES�IN�EACH�REUSE�OF�THE�MACRO
�WE�CAN�USE�A�MACRO�WITH
ARGUMENTS��"�MACRO�S�ARGUMENT�ARE�DEFINED�AS�A�LIST�OF�SUB�MACRO�NAMES�WITHIN�BRACKETS
AFTER�THE�NAME�OF�THE�PRIMARY�MACRO�AND�EACH�MACRO�ARGUMENT�IS�SEPARATED�BY�AN
APOSTROPHE�AS�SHOWN�BELOW�

#define NAME(Arg1'Arg2'Arg3...) # replacement text #

http://www.iainmccurdy.org/CsoundRealtimeExamples/SourceMaterials/loop.wav


"RGUMENTS�CAN�BE�ANY�TEXT�STRING�PERMITTED�AS�$SOUND�CODE
�THEY�SHOULD�NOT�BE�LIKENED�TO
OPCODE�ARGUMENTS�WHERE�EACH�MUST�CONFORM�TO�A�CERTAIN�TYPE�SUCH�AS�I
�K
�A�ETC��.ACRO
ARGUMENTS�ARE�SUBSEQUENTLY�REFERENCED�IN�THE�MACRO�TEXT�USING�THEIR�NAMES�PRECEDED�BY�A
����SYMBOL��8HEN�THE�MAIN�MACRO�IS�CALLED�LATER�IN�THE�ORCHESTRA�ITS�ARGUMENTS�ARE�THEN
REPLACED�WITH�THE�VALUES�OR�STRINGS�REQUIRED��5HE�$SOUND�3EFERENCE�.ANUAL�STATES�THAT�UP
TO�FIVE�ARGUMENTS�ARE�PERMITTED�BUT�THIS�STILL�REFERS�TO�AN�EARLIER�IMPLEMENTATION�AND�IN
FACT�MANY�MORE�ARE�ACTUALLY�PERMITTED�

*N�THE�FOLLOWING�EXAMPLE�A���PARTIAL�ADDITIVE�SYNTHESIS�ENGINE�WITH�A�PERCUSSIVE�CHARACTER
IS�DEFINED�WITHIN�A�MACRO��*TS�FUNDAMENTAL�FREQUENCY�AND�THE�RATIOS�OF�ITS�SIX�PARTIALS�TO
THIS�FUNDAMENTAL�FREQUENCY�ARE�PRESCRIBED�AS�MACRO�ARGUMENTS��5HE�MACRO�IS�REUSED
WITHIN�THE�ORCHESTRA�TWICE�TO�CREATE�TWO�DIFFERENT�TIMBRES
�IT�COULD�BE�REUSED�MANY�MORE
TIMES�HOWEVER��5HE�FUNDAMENTAL�FREQUENCY�ARGUMENT�IS�PASSED�TO�THE�MACRO�AS�P��FROM
THE�SCORE�

EXAMPLE 03H02_Macro_6partials.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>
sr         =         44100
ksmps         =         16
nchnls         =         1
0dbfs        =        1

gisine  ftgen  0,0,2^10,10,1

; define the macro
#define ADDITIVE_TONE(Frq'Ratio1'Ratio2'Ratio3'Ratio4'Ratio5'Ratio6) #
iamp =      0.1
aenv expseg  1,p3*(1/$Ratio1),0.001,1,0.001
a1  poscil  iamp*aenv,$Frq*$Ratio1,gisine
aenv expseg  1,p3*(1/$Ratio2),0.001,1,0.001
a2  poscil  iamp*aenv,$Frq*$Ratio2,gisine
aenv expseg  1,p3*(1/$Ratio3),0.001,1,0.001
a3  poscil  iamp*aenv,$Frq*$Ratio3,gisine
aenv expseg  1,p3*(1/$Ratio4),0.001,1,0.001
a4  poscil  iamp*aenv,$Frq*$Ratio4,gisine
aenv expseg  1,p3*(1/$Ratio5),0.001,1,0.001
a5  poscil  iamp*aenv,$Frq*$Ratio5,gisine
aenv expseg  1,p3*(1/$Ratio6),0.001,1,0.001
a6  poscil  iamp*aenv,$Frq*$Ratio6,gisine
a7  sum     a1,a2,a3,a4,a5,a6

out     a7
#

instr  1 ; xylophone



; expand the macro with partial ratios that reflect those of a xylophone
; the fundemental frequency macro argument (the first argument -
; - is passed as p4 from the score
$ADDITIVE_TONE(p4'1'3.932'9.538'16.688'24.566'31.147)

endin

instr  2 ; vibraphone
$ADDITIVE_TONE(p4'1'3.997'9.469'15.566'20.863'29.440)

endin

</CsInstruments>

<CsScore>
i 1 0  1 200
i 1 1  2 150
i 1 2  4 100
i 2 3  7 800
i 2 4  4 700
i 2 5  7 600
e
</CsScore>
</CsoundSynthesizer>
; example written by Iain McCurdy

SCORE MACROS

4CORE�MACROS�EMPLOY�A�SIMILAR�SYNTAX��.ACROS�IN�THE�SCORE�CAN�BE�USED�IN�SITUATIONS
WHERE�A�LONG�STRING�OF�P�FIELDS�ARE�LIKELY�TO�BE�REPEATED�OR
�AS�IN�THE�NEXT�EXAMPLE
�TO
DEFINE�A�PALETTE�OF�SCORE�PATTERNS�THAN�REPEAT�BUT�WITH�SOME�VARIATION�SUCH�AS
TRANSPOSITION��*N�THIS�EXAMPLE�TWO��RIFFS��ARE�DEFINED�WHICH�EACH�EMPLOY�TWO�MACRO
ARGUMENTS��THE�FIRST�TO�DEFINE�WHEN�THE�RIFF�WILL�BEGIN�AND�THE�SECOND�TO�DEFINE�A
TRANSPOSITION�FACTOR�IN�SEMITONES��5HESE�RIFFS�ARE�PLAYED�BACK�USING�A�BASS�GUITAR�LIKE
INSTRUMENT�USING�THEWGPLUCK�OPCODE��3EMEMBER�THAT�MATHEMATICAL�EXPRESSIONS�WITHIN
THE�$SOUND�SCORE�MUST�BE�BOUND�WITHIN�SQUARE�BRACKETS�<>�

EXAMPLE 03H03_Score_macro.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>
sr         =         44100
ksmps         =         16
nchnls         =         1
0dbfs        =        1

http://www.csounds.com/manual/html/wgpluck2.html


instr  1 ; bass guitar
a1   wgpluck2 0.98, 0.4, cpsmidinn(p4), 0.1, 0.6
aenv linseg   1,p3-0.1,1,0.1,0

out        a1*aenv
endin

</CsInstruments>

<CsScore>
; p4 = pitch as a midi note number
#define RIFF_1(Start'Trans)
#
i 1 [$Start     ]  1     [36+$Trans]
i 1 [$Start+1   ]  0.25  [43+$Trans]
i 1 [$Start+1.25]  0.25  [43+$Trans]
i 1 [$Start+1.75]  0.25  [41+$Trans]
i 1 [$Start+2.5 ]  1     [46+$Trans]
i 1 [$Start+3.25]  1     [48+$Trans]
#
#define RIFF_2(Start'Trans)
#
i 1 [$Start     ]  1     [34+$Trans]
i 1 [$Start+1.25]  0.25  [41+$Trans]
i 1 [$Start+1.5 ]  0.25  [43+$Trans]
i 1 [$Start+1.75]  0.25  [46+$Trans]
i 1 [$Start+2.25]  0.25  [43+$Trans]
i 1 [$Start+2.75]  0.25  [41+$Trans]
i 1 [$Start+3   ]  0.5   [43+$Trans]
i 1 [$Start+3.5 ]  0.25  [46+$Trans]
#
t 0 90
$RIFF_1(0 ' 0)
$RIFF_1(4 ' 0)
$RIFF_2(8 ' 0)
$RIFF_2(12'-5)
$RIFF_1(16'-5)
$RIFF_2(20'-7)
$RIFF_2(24' 0)
$RIFF_2(28' 5)
e
</CsScore>
</CsoundSynthesizer>
; example written by Iain McCurdy

4CORE�MACROS�CAN�THEMSELVES�CONTAIN�MACROS�SO�THAT
�FOR�EXAMPLE
�THE�ABOVE�EXAMPLE
COULD�BE�FURTHER�EXPANDED�SO�THAT�A�VERSE
�CHORUS�STRUCTURE�COULD�BE�EMPLOYED�WHERE
VERSES�AND�CHORUSES
�DEFINED�USING�MACROS
�WERE�THEMSELVES�CONSTRUCTED�FROM�A�SERIES�OF
RIFF�MACROS�

6%0S�AND�MACROS�CAN�BOTH�BE�USED�TO�REDUCE�CODE�REPETITION�AND�THERE�ARE�MANY
SITUATIONS�WHERE�EITHER�COULD�BE�USED�BUT�EACH�OFFERS�ITS�OWN�STRENGTHS��6%0S�STRENGTHS
LIES�IN�THEIR�ABILITY�TO�BE�USED�JUST�LIKE�AN�OPCODE�WITH�INPUTS�AND�OUTPUT
�THE�EASE�WITH
WHICH�THEY�CAN�BE�SHARED���BETWEEN�$SOUND�PROJECTS�AND�BETWEEN�$SOUND�USERS���THEIR



ABILITY�TO�OPERATE�AT�A�DIFFERENT�K�RATE�TO�THE�REST�OF�THE�ORCHESTRA�AND�IN�HOW�THEY�FACILITATE
RECURSION��5HE�FACT�THAT�MACRO�ARGUMENTS�ARE�MERELY�BLOCKS�OF�TEXT
�HOWEVER
�OFFERS�UP
NEW�POSSIBILITIES�AND�UNLIKE�6%0S
�MACROS�CAN�SPAN�SEVERAL�INSTRUMENTS��0F�COURSE
6%0S�HAVE�NO�USE�IN�THE�$SOUND�SCORE�UNLIKE�MACROS��.ACROS�CAN�ALSO�BE�USED�TO
SIMPLIFY�THE�CREATION�OF�COMPLEX�'-5,�(6*�WHERE�PANEL�SECTIONS�MIGHT�BE�REPEATED�WITH
VARIATIONS�OF�OUTPUT�VARIABLE�NAMES�AND�LOCATION�

$SOUND�S�ORCHESTRA�AND�SCORE�MACRO�SYSTEM�OFFERS�MANY�ADDITIONAL�REFINEMENTS�AND�THIS
CHAPTER�SERVES�MERELY�AS�AN�INTRODUCTION�TO�THEIR�BASIC�USE��5O�LEARN�MORE�IT�IS
RECOMMENDED�TO�REFER�TO�THE�RELEVANT�SECTIONS�OF�THE$SOUND�3EFERENCE�.ANUAL�

http://www.csounds.com/manual/html/OrchMacros.html


ADDITIVE SYNTHESIS
+EAN�#APTISTE�+OSEPH�'OURIER�DEMONSTRATED�AROUND������THAT�ANY�CONTINUOUS�FUNCTION�CAN
BE�PERFECTLY�DESCRIBED�AS�A�SUM�OF�SINE�WAVES��5HIS�IN�FACT�MEANS�THAT�YOU�CAN�CREATE�ANY
SOUND
�NO�MATTER�HOW�COMPLEX
�IF�YOU�KNOW�WHICH�SINE�WAVES�TO�ADD�TOGETHER�

5HIS�CONCEPT�REALLY�EXCITED�THE�EARLY�PIONEERS�OF�ELECTRONIC�MUSIC
�WHO�IMAGINED�THAT�SINE
WAVES�WOULD�GIVE�THEM�THE�POWER�TO�CREATE�ANY�SOUND�IMAGINABLE�AND�PREVIOUSLY
UNIMAGINED��6NFORTUNATELY
�THEY�SOON�REALIZED�THAT�WHILE�ADDING�SINE�WAVES�IS�EASY

INTERESTING�SOUNDS�MUST�HAVE�A�LARGE�NUMBER�OF�SINE�WAVES�WHICH�ARE�CONSTANTLY�VARYING
IN�FREQUENCY�AND�AMPLITUDE
�WHICH�TURNS�OUT�TO�BE�A�HUGELY�IMPRACTICAL�TASK�

)OWEVER
�ADDITIVE�SYNTHESIS�CAN�PROVIDE�UNUSUAL�AND�INTERESTING�SOUNDS��.OREOVER�BOTH

THE�POWER�OF�MODERN�COMPUTERS
�AND�THE�ABILITY�OF�MANAGING�DATA�IN�A�PROGRAMMING
LANGUAGE�OFFER�NEW�DIMENSIONS�OF�WORKING�WITH�THIS�OLD�TOOL��"S�WITH�MOST�THINGS�IN
$SOUND�THERE�ARE�SEVERAL�WAYS�TO�GO�ABOUT�IT��8E�WILL�TRY�TO�SHOW�SOME�OF�THEM
�AND�SEE
HOW�THEY�ARE�CONNECTED�WITH�DIFFERENT�PROGRAMMING�PARADIGMS�

WHAT ARE THE MAIN PARAMETERS OF
ADDITIVE SYNTHESIS?

#EFORE�GOING�INTO�DIFFERENT�WAYS�OF�IMPLEMENTING�ADDITIVE�SYNTHESIS�IN�$SOUND
�WE�SHALL
THINK�ABOUT�THE�PARAMETERS�TO�CONSIDER��"S�ADDITIVE�SYNTHESIS�IS�THE�ADDITION�OF�SEVERAL
SINE�GENERATORS
�THE�PARAMETERS�ARE�ON�TWO�DIFFERENT�LEVELS�

d For each sine
�THERE�IS�A�FREQUENCY�AND�AN�AMPLITUDE�WITH�AN�ENVELOPE�
o 5HEfrequency IS�USUALLY�A�CONSTANT�VALUE��#UT�IT�CAN�BE�VARIED
�THOUGH�

/ATURAL�SOUNDS�USUALLY�HAVE�VERY�SLIGHT�CHANGES�OF�PARTIAL�FREQUENCIES�
o 5HEamplitude MUST�AT�LEAST�HAVE�A�SIMPLE�ENVELOPE�LIKE�THE�WELL�KNOWN

"%43��#UT�MORE�COMPLEX�WAYS�OF�CONTINUOUSLY�ALTERING�THE�AMPLITUDE
WILL�MAKE�THE�SOUND�MUCH�MORE�LIVELY�

d For the sound as a whole
�THESE�ARE�THE�RELEVANT�PARAMETERS�
o 5HE�TOTALnumber of sinusoids��"�SOUND�WHICH�CONSISTS�OF�JUST�THREE

SINUSOIDS�IS�OF�COURSE��POORER��THAN�A�SOUND�WHICH�CONSISTS�OF����
SINUSOIDS�

o 5HEfrequency ratiosOF�THE�SINE�GENERATORS��'OR�A�CLASSICAL�HARMONIC
SPECTRUM
�THE�MULTIPLIERS�OF�THE�SINUSOIDS�ARE��
��
��
�����	*F�YOUR�FIRST�SINE
IS�����)Z
�THE�OTHERS�ARE����
����
����
�����)Z�
�'OR�AN�INHARMONIC�OR
NOISY�SPECTRUM
�THERE�ARE�PROBABLY�NO�SIMPLE�INTEGER�RATIOS��5HIS
FREQUENCY�RATIO�IS�MAINLY�RESPONSIBLE�FOR�OUR�PERCEPTION�OF�TIMBRE�

o 5HEbase frequencyIS�THE�FREQUENCY�OF�THE�FIRST�PARTIAL��*F�THE�PARTIALS
ARE�SHOWING�AN�HARMONIC�RATIO
�THIS�FREQUENCY�	IN�THE�EXAMPLE�GIVEN����
)Z
�IS�ALSO�THE�OVERALL�PERCEIVED�PITCH�



o 5HEamplitude ratios OF�THE�SINUSOIDS��5HIS�IS�ALSO�VERY�IMPORTANT�FOR
THE�RESULTING�TIMBRE�OF�A�SOUND��*F�THE�HIGHER�PARTIALS�ARE�RELATIVELY
STRONG
�THE�SOUND�APPEARS�MORE�BRILLIANT��IF�THE�HIGHER�PARTIALS�ARE�SOFT

THE�SOUND�APPEARS�DARK�AND�SOFT�

o 5HEduration ratios OF�THE�SINUSOIDS��*N�SIMPLE�ADDITIVE�SYNTHESIS
�ALL
SINGLE�SINES�HAVE�THE�SAME�DURATION
�BUT�THEY�MAY�ALSO�DIFFER��5HIS
USUALLY�RELATES�TO�THE�ENVELOPES��IF�THE�ENVELOPES�OF�DIFFERENT�PARTIALS
VARY
�SOME�PARTIALS�MAY�DIE�AWAY�FASTER�THAN�OTHERS�

*T�IS�NOT�ALWAYS�THE�AIM�OF�ADDITIVE�SYNTHESIS�TO�IMITATE�NATURAL�SOUNDS
�BUT�IT�CAN
DEFINITELY�BELEARNED�A�LOT�THROUGH�THE�TASK�OF�FIRST�ANALYZING�AND�THEN�ATTEMPTING�TO
IMITATE�A�SOUND�USING�ADDITIVE�SYNTHESIS�TECHNIQUES��5HIS�IS�WHAT�A�GUITAR�NOTE�LOOKS�LIKE
WHEN�SPECTRALLY�ANALYZED�

Spectral analysis of a guitar tone in time (courtesy of W. Fohl, Hamburg)



&ACH�PARTIAL�HAS�ITS�OWN�MOVEMENT�AND�DURATION��8E�MAY�OR�MAY�NOT�BE�ABLE�TO�ACHIEVE
THIS�SUCCESSFULLY�IN�ADDITIVE�SYNTHESIS��-ET�US�BEGIN�WITH�SOME�SIMPLE�SOUNDS�AND
CONSIDER�WAYS�OF�PROGRAMMING�THIS�WITH�$SOUND��LATER�WE�WILL�LOOK�AT�SOME�MORE
COMPLEX�SOUNDS�AND�ADVANCED�WAYS�OF�PROGRAMMING�THIS�

SIMPLE ADDITIONS OF SINUSOIDS INSIDE AN
INSTRUMENT

*F�ADDITIVE�SYNTHESIS�AMOUNTS�TO�THE�ADDING�SINE�GENERATORS
�IT�IS�STRAIGHTFORWARD�TO�CREATE
MULTIPLE�OSCILLATORS�IN�A�SINGLE�INSTRUMENT�AND�TO�ADD�THE�RESULTING�AUDIO�SIGNALS�TOGETHER�
*N�THE�FOLLOWING�EXAMPLE
�INSTRUMENT���SHOWS�A�HARMONIC�SPECTRUM
�AND�INSTRUMENT���AN
INHARMONIC�ONE��#OTH�INSTRUMENTS�SHARE�THE�SAME�AMPLITUDE�MULTIPLIERS���
����
����
����

����AND�RECEIVE�THE�BASE�FREQUENCY�IN�$SOUND�S�PITCH�NOTATION�	OCTAVE�SEMITONE
�AND�THE
MAIN�AMPLITUDE�IN�D#�

EXAMPLE 04A01_AddSynth_simple.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;example by AndrŽs Cabrera
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1

instr 1 ;harmonic additive synthesis
;receive general pitch and volume from the score
ibasefrq  =         cpspch(p4) ;convert pitch values to frequency
ibaseamp  =         ampdbfs(p5) ;convert dB to amplitude
;create 8 harmonic partials
aOsc1     poscil    ibaseamp, ibasefrq, giSine
aOsc2     poscil    ibaseamp/2, ibasefrq*2, giSine
aOsc3     poscil    ibaseamp/3, ibasefrq*3, giSine
aOsc4     poscil    ibaseamp/4, ibasefrq*4, giSine
aOsc5     poscil    ibaseamp/5, ibasefrq*5, giSine
aOsc6     poscil    ibaseamp/6, ibasefrq*6, giSine
aOsc7     poscil    ibaseamp/7, ibasefrq*7, giSine
aOsc8     poscil    ibaseamp/8, ibasefrq*8, giSine
;apply simple envelope
kenv      linen     1, p3/4, p3, p3/4
;add partials and write to output
aOut = aOsc1 + aOsc2 + aOsc3 + aOsc4 + aOsc5 + aOsc6 + aOsc7 + aOsc8

outs      aOut*kenv, aOut*kenv
endin



instr 2 ;inharmonic additive synthesis
ibasefrq  =         cpspch(p4)
ibaseamp  =         ampdbfs(p5)
;create 8 inharmonic partials
aOsc1     poscil    ibaseamp, ibasefrq, giSine
aOsc2     poscil    ibaseamp/2, ibasefrq*1.02, giSine
aOsc3     poscil    ibaseamp/3, ibasefrq*1.1, giSine
aOsc4     poscil    ibaseamp/4, ibasefrq*1.23, giSine
aOsc5     poscil    ibaseamp/5, ibasefrq*1.26, giSine
aOsc6     poscil    ibaseamp/6, ibasefrq*1.31, giSine
aOsc7     poscil    ibaseamp/7, ibasefrq*1.39, giSine
aOsc8     poscil    ibaseamp/8, ibasefrq*1.41, giSine
kenv      linen     1, p3/4, p3, p3/4
aOut = aOsc1 + aOsc2 + aOsc3 + aOsc4 + aOsc5 + aOsc6 + aOsc7 + aOsc8

outs aOut*kenv, aOut*kenv
endin

</CsInstruments>
<CsScore>
;          pch       amp
i 1 0 5    8.00      -10
i 1 3 5    9.00      -14
i 1 5 8    9.02      -12
i 1 6 9    7.01      -12
i 1 7 10   6.00      -10
s
i 2 0 5    8.00      -10
i 2 3 5    9.00      -14
i 2 5 8    9.02      -12
i 2 6 9    7.01      -12
i 2 7 10   6.00      -10
</CsScore>
</CsoundSynthesizer>

SIMPLE ADDITIONS OF SINUSOIDS VIA THE
SCORE

"�TYPICAL�PARADIGM�IN�PROGRAMMING��*F�YOU�FIND�SOME�ALMOST�IDENTICAL�LINES�IN�YOUR�CODE

CONSIDER�TO�ABSTRACT�IT��'OR�THE�$SOUND�-ANGUAGE�THIS�CAN�MEAN
�TO�MOVE�PARAMETER
CONTROL�TO�THE�SCORE��*N�OUR�CASE
�THE�LINES

aOsc1     poscil    ibaseamp, ibasefrq, giSine
aOsc2     poscil    ibaseamp/2, ibasefrq*2, giSine
aOsc3     poscil    ibaseamp/3, ibasefrq*3, giSine
aOsc4     poscil    ibaseamp/4, ibasefrq*4, giSine
aOsc5     poscil    ibaseamp/5, ibasefrq*5, giSine
aOsc6     poscil    ibaseamp/6, ibasefrq*6, giSine
aOsc7     poscil    ibaseamp/7, ibasefrq*7, giSine
aOsc8     poscil    ibaseamp/8, ibasefrq*8, giSine

CAN�BE�ABSTRACTED�TO�THE�FORM



aOsc     poscil    ibaseamp*iampfactor, ibasefrq*ifreqfactor, giSine

WITH�THE�PARAMETERSiampfactor	THE�RELATIVE�AMPLITUDE�OF�A�PARTIAL
�ANDifreqfactor	THE
FREQUENCY�MULTIPLIER
�TRANSFERRED�TO�THE�SCORE�

5HE�NEXT�VERSION�SIMPLIFIES�THE�INSTRUMENT�CODE�AND�DEFINES�THE�VARIABLE�VALUES�AS�SCORE
PARAMETERS�

EXAMPLE 04A02_AddSynth_score.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;example by AndrŽs Cabrera and Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1

instr 1
iBaseFreq =         cpspch(p4)
iFreqMult =         p5 ;frequency multiplier
iBaseAmp  =         ampdbfs(p6)
iAmpMult  =         p7 ;amplitude multiplier
iFreq     =         iBaseFreq * iFreqMult
iAmp      =         iBaseAmp * iAmpMult
kEnv      linen     iAmp, p3/4, p3, p3/4
aOsc      poscil    kEnv, iFreq, giSine

outs      aOsc, aOsc
endin

</CsInstruments>
<CsScore>
;          freq      freqmult  amp       ampmult
i 1 0 7    8.09      1         -10       1
i . . 6    .         2         .         [1/2]
i . . 5    .         3         .         [1/3]
i . . 4    .         4         .         [1/4]
i . . 3    .         5         .         [1/5]
i . . 3    .         6         .         [1/6]
i . . 3    .         7         .         [1/7]
s
i 1 0 6    8.09      1.5       -10       1
i . . 4    .         3.1       .         [1/3]
i . . 3    .         3.4       .         [1/6]
i . . 4    .         4.2       .         [1/9]
i . . 5    .         6.1       .         [1/12]
i . . 6    .         6.3       .         [1/15]
</CsScore>
</CsoundSynthesizer>



:OU�MIGHT�SAY��0KAY
�WHERE�IS�THE�SIMPLIFICATION �5HERE�ARE�EVEN�MORE�LINES�THAN�BEFORE�
��5HIS�IS�TRUE
�AND�THIS�IS�CERTAINLY�JUST�A�STEP�ON�THE�WAY�TO�A�BETTER�CODE��5HE�MAIN�BENEFIT
NOW�ISflexibility��/OW�OUR�CODE�IS�CAPABLE�OF�REALIZING�ANY�NUMBER�OF�PARTIALS
�WITH�ANY
AMPLITUDE
�FREQUENCY�AND�DURATION�RATIOS��6SING�THE�$SOUND�SCORE�ABBREVIATIONS�	FOR
INSTANCE�A�DOT�FOR�REPEATING�THE�PREVIOUS�VALUE�IN�THE�SAME�P�FIELD

�YOU�CAN�DO�A�LOT�OF
COPY�AND�PASTE
�AND�FOCUS�ON�WHAT�IS�CHANGING�FROM�LINE�TO�LINE�

/OTE�ALSO�THAT�YOU�ARE�NOW�CALLINGone instrument in multiple instancesAT�THE�SAME
TIME�FOR�PERFORMING�ADDITIVE�SYNTHESIS��*N�FACT
�EACH�INSTANCE�OF�THE�INSTRUMENT
CONTRIBUTES�JUST�ONE�PARTIAL�FOR�THE�ADDITIVE�SYNTHESIS��5HIS�CALL�OF�MULTIPLE�AND
SIMULTANEOUS�INSTANCES�OF�ONE�INSTRUMENT�IS�ALSO�A�TYPICAL�PROCEDURE�FOR�SITUATIONS�LIKE
THIS
�AND�FOR�WRITING�CLEAN�AND�EFFECTIVE�$SOUND�CODE��8E�WILL�DISCUSS�LATER�HOW�THIS�CAN
BE�DONE�IN�A�MORE�ELEGANT�WAY�THAN�IN�THE�LAST�EXAMPLE�

CREATING FUNCTION TABLES FOR ADDITIVE
SYNTHESIS

#EFORE�WE�CONTINUE�ON�THIS�ROAD
�LET�US�GO�BACK�TO�THE�FIRST�EXAMPLE�AND�DISCUSS�A�CLASSICAL
AND�ABBREVIATED�METHOD�OF�PLAYING�A�NUMBER�OF�PARTIALS��"S�WE�MENTIONED�AT�THE
BEGINNING
�'OURIER�STATED�THAT�ANY�PERIODIC�OSCILLATION�CAN�BE�DESCRIBED�AS�A�SUM�OF
SIMPLE�SINUSOIDS��*F�THE�SINGLE�SINUSOIDS�ARE�STATIC�	NO�INDIVIDUAL�ENVELOPE�OR�DURATION


THE�RESULTING�WAVEFORM�WILL�ALWAYS�BE�THE�SAME�



:OU�SEE�FOUR�SINE�GENERATORS
�EACH�WITH�FIXED�FREQUENCY�AND�AMPLITUDE�RELATIONS
�AND
MIXED�TOGETHER��"T�THE�BOTTOM�OF�THE�ILLUSTRATION�YOU�SEE�THE�COMPOSITE�WAVEFORM�WHICH
REPEATS�ITSELF�AT�EACH�PERIOD��4O���WHY�NOT�JUST�CALCULATE�THIS�COMPOSITE�WAVEFORM�FIRST

AND�THEN�READ�IT�WITH�JUST�ONE�OSCILLATOR 



5HIS�IS�WHAT�SOME�$SOUND�(&/�ROUTINES�DO��5HEY�COMPOSE�THE�RESULTING�SHAPE�OF�THE
PERIODIC�WAVE
�AND�STORE�THE�VALUES�IN�A�FUNCTION�TABLE�(&/�� CAN�BE�USED�FOR�CREATING�A
WAVEFORM�CONSISTING�OF�HARMONICALLY�RELATED�PARTIALS��"FTER�THE�COMMON�(&/�ROUTINE�P�
FIELDS

<table number>, <creation time>, <size in points>, <GEN number>

YOU�HAVE�JUST�TO�DETERMINE�THE�RELATIVE�STRENGTH�OF�THE�HARMONICS�(&/�� IS�MORE
COMPLEX�AND�ALLOWS�YOU�TO�ALSO�CONTROL�THE�FREQUENCY�MULTIPLIER�AND�THE�PHASE�	�����c

OF�EACH�PARTIAL��8E�ARE�ABLE�TO�REPRODUCE�THE�FIRST�EXAMPLE�IN�A�SHORTER�	AND�COMPUTATIONAL
FASTER
�FORM�

EXAMPLE 04A03_AddSynth_GEN.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;example by AndrŽs Cabrera and Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
giHarm    ftgen     1, 0, 2^12, 10, 1, 1/2, 1/3, 1/4, 1/5, 1/6, 1/7, 1/8
giNois    ftgen     2, 0, 2^12, 9, 100,1,0,  102,1/2,0,  110,1/3,0, \

123,1/4,0,  126,1/5,0,  131,1/6,0,  139,1/7,0,  141,1/8,0

instr 1
iBasFreq  =         cpspch(p4)
iTabFreq  =         p7 ;base frequency of the table
iBasFreq  =         iBasFreq / iTabFreq
iBaseAmp  =         ampdb(p5)
iFtNum    =         p6
aOsc      poscil    iBaseAmp, iBasFreq, iFtNum
aEnv      linen     aOsc, p3/4, p3, p3/4

outs      aEnv, aEnv
endin

</CsInstruments>
<CsScore>
;          pch       amp       table      table base (Hz)
i 1 0 5    8.00      -10       1          1
i . 3 5    9.00      -14       .          .
i . 5 8    9.02      -12       .          .
i . 6 9    7.01      -12       .          .
i . 7 10   6.00      -10       .          .
s
i 1 0 5    8.00      -10       2          100
i . 3 5    9.00      -14       .          .
i . 5 8    9.02      -12       .          .
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i . 6 9    7.01      -12       .          .
i . 7 10   6.00      -10       .          .
</CsScore>
</CsoundSynthesizer>

"S�YOU�CAN�SEE
�FOR�NON�HARMONICALLY�RELATED�PARTIALS
�THE�CONSTRUCTION�OF�A�TABLE�MUST�BE
DONE�WITH�A�SPECIAL�CARE��*F�THE�FREQUENCY�MULTIPLIERS�IN�OUR�FIRST�EXAMPLE�STARTED�WITH��
AND�����
�THE�RESULTING�PERIOD�IS�ACUALLY�VERY�LONG��'OR�A�BASE�FREQUENCY�OF�����)Z
�YOU
WILL�HAVE�THE�FREQUENCIES�OF�����)Z�AND�����)Z�OVERLAPPING�EACH�OTHER��4O�YOU�NEED����
CYCLES�FROM�THE������MULTIPLIER�AND�����CYCLES�FROM�THE������MULTIPLIER�TO�COMPLETE�ONE
PERIOD�AND�TO�START�AGAIN�BOTH�TOGETHER�FROM�ZERO��*N�OTHER�WORDS
�WE�HAVE�TO�CREATE�A
TABLE�WHICH�CONTAINS�����RESPECTIVELY�����PERIODS
�INSTEAD�OF���AND�������5HEN�THE�TABLE
VALUES�ARE�NOT�RELATED�TO�����AS�USUAL���BUT�TO������5HAT�IS�THE�REASON�WE�HAVE�TO�INTRODUCE
A�NEW�PARAMETERiTabFreqFOR�THIS�PURPOSE�

5HIS�METHOD�OF�COMPOSING�WAVEFORMS�CAN�ALSO�BE�USED�FOR�GENERATING�THE�FOUR�STANDARD
HISTORICAL�SHAPES�USED�IN�A�SYNTHESIZER��"NimpulseWAVE�CAN�BE�CREATED�BY�ADDING�A
NUMBER�OF�HARMONICS�OF�THE�SAME�STRENGTH��"sawtoothHAS�THE�AMPLITUDE�MULTIPLIERS��

���
����
�����FOR�THE�HARMONICS��"squareHAS�THE�SAME�MULTIPLIERS
�BUT�JUST�FOR�THE�ODD
HARMONICS��"triangle CAN�BE�CALCULATED�AS���DIVIDED�BY�THE�SQUARE�OF�THE�ODD�PARTIALS

WITH�SWAPING�POSITIVE�AND�NEGATIVE�VALUES��5HE�NEXT�EXAMPLE�CREATES�FUNCTION�TABLES�WITH
JUST�TEN�PARTIALS�FOR�EACH�STANDARD�FORM�

EXAMPLE 04A04_Standard_waveforms.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giImp  ftgen  1, 0, 4096, 10, 1, 1, 1, 1, 1, 1, 1, 1, 1, 1
giSaw  ftgen  2, 0, 4096, 10, 1,1/2,1/3,1/4,1/5,1/6,1/7,1/8,1/9,1/10
giSqu  ftgen  3, 0, 4096, 10, 1, 0, 1/3, 0, 1/5, 0, 1/7, 0, 1/9, 0
giTri  ftgen  4, 0, 4096, 10, 1, 0, -1/9, 0, 1/25, 0, -1/49, 0, 1/81, 0

instr 1
asig   poscil .2, 457, p4

outs   asig, asig
endin

</CsInstruments>
<CsScore>
i 1 0 3 1
i 1 4 3 2
i 1 8 3 3



i 1 12 3 4
</CsScore>
</CsoundSynthesizer>

TRIGGERING SUB-INSTRUMENTS FOR THE
PARTIALS

1ERFORMING�ADDITIVE�SYNTHESIS�BY�DESIGNING�PARTIAL�STRENGTHS�INTO�FUNCTION�TABLES�HAS�THE
DISADVANTAGE�THAT�ONCE�A�NOTE�HAS�BEGUN�THERE�IS�NO�WAY�OF�VARYING�THE�RELATIVE�STRENGTHS
OF�INDIVIDUAL�PARTIALS��5HERE�ARE�VARIOUS�METHODS�TO�CIRCUMVENT�THE�INFLEXIBILITY�OF�TABLE�
BASED�ADDITIVE�SYNTHESIS�SUCH�AS�MORPHING�BETWEEN�SEVERAL�TABLES�	USING�FOR�EXAMPLE�THE
FTMORFOPCODE
��/EXT�WE�WILL�CONSIDER�ANOTHER�APPROACH��TRIGGERING�ONE�INSTANCE�OF�A�SUB�
INSTRUMENT�FOR�EACH�PARTIAL
�AND�EXPLORING�THE�POSSIBILITIES�OF�CREATING�A�SPECTRALLY
DYNAMIC�SOUND�USING�THIS�TECHNIQUE�

-ET�US�RETURN�TO�THE�SECOND�INSTRUMENT�	��"���CSD
�WHICH�ALREADY�MADE�SOME
ABSTRACTIONS�AND�TRIGGERED�ONE�INSTRUMENT�INSTANCE�FOR�EACH�PARTIAL��5HIS�WAS�DONE�IN�THE
SCORE��BUT�NOW�WE�WILL�TRIGGER�ONE�COMPLETE�NOTE�IN�ONE�SCORE�LINE
�NOT�JUST�ONE�PARTIAL�
5HE�FIRST�STEP�IS�TO�ASSIGN�THE�DESIRED�NUMBER�OF�PARTIALS�VIA�A�SCORE�PARAMETER��5HE�NEXT
EXAMPLE�TRIGGERS�ANY�NUMBER�OF�PARTIALS�USING�THIS�ONE�VALUE�

EXAMPLE 04A05_Flexible_number_of_partials.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1

instr 1 ;master instrument
inumparts =         p4 ;number of partials
ibasfreq  =         200 ;base frequency
ipart     =         1 ;count variable for loop
;loop for inumparts over the ipart variable
;and trigger inumpartss instanes of the subinstrument
loop:
ifreq     =         ibasfreq * ipart
iamp      =         1/ipart/inumparts

event_i   "i", 10, 0, p3, ifreq, iamp
loop_le   ipart, 1, inumparts, loop

endin

instr 10 ;subinstrument for playing one partial
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ifreq     =         p4 ;frequency of this partial
iamp      =         p5 ;amplitude of this partial
aenv      transeg   0, .01, 0, iamp, p3-0.1, -10, 0
apart     poscil    aenv, ifreq, giSine

outs      apart, apart
endin

</CsInstruments>
<CsScore>
;         number of partials
i 1 0 3   10
i 1 3 3   20
i 1 6 3   2
</CsScore>
</CsoundSynthesizer>

5HIS�INSTRUMENT�CAN�EASILY�BE�TRANSFORMED�TO�BE�PLAYED�VIA�A�MIDI�KEYBOARD��5HE�NEXT
EXAMPLE�CONNECTS�THE�NUMBER�OF�SYNTHESIZED�PARTIALS�WITH�THE�MIDI�VELOCITY��4O�IF�YOU
PLAY�SOFTLY
�THE�SOUND�WILL�HAVE�FEWER�PARTIALS�THAN�IF�A�KEY�IS�STRUCK�WITH�FORCE�

EXAMPLE 04A06_Play_it_with_Midi.csd

<CsoundSynthesizer>
<CsOptions>
-o dac -Ma
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1
massign   0, 1 ;all midi channels to instr 1

instr 1 ;master instrument
ibasfreq  cpsmidi        ;base frequency
iampmid   ampmidi   20 ;receive midi-velocity and scale 0-20
inparts   =         int(iampmid)+1 ;exclude zero
ipart     =         1 ;count variable for loop
;loop for inparts over the ipart variable
;and trigger inparts instances of the sub-instrument
loop:
ifreq     =         ibasfreq * ipart
iamp      =         1/ipart/inparts

event_i   "i", 10, 0, 1, ifreq, iamp
loop_le   ipart, 1, inparts, loop

endin

instr 10 ;subinstrument for playing one partial
ifreq     =         p4 ;frequency of this partial
iamp      =         p5 ;amplitude of this partial
aenv      transeg   0, .01, 0, iamp, p3-.01, -3, 0



apart     poscil    aenv, ifreq, giSine
outs      apart/3, apart/3

endin

</CsInstruments>
<CsScore>
f 0 3600
</CsScore>
</CsoundSynthesizer>

"LTHOUGH�THIS�INSTRUMENT�IS�RATHER�PRIMITIVE�IT�IS�USEFUL�TO�BE�ABLE�TO�CONTROL�THE�TIMBRE�IN
THIS�WAY�USING�KEY�VELOCITY��-ET�US�CONTINUE�TO�EXPLORE�SOME�OTHER�METHODS�OF�CREATING
PARAMETER�VARIATION�IN�ADDITIVE�SYNTHESIS�

USER-CONTROLLED RANDOM VARIATIONS IN
ADDITIVE SYNTHESIS

*N�NATURAL�SOUNDS
�THERE�IS�MOVEMENT�AND�CHANGE�ALL�THE�TIME��&VEN�THE�BEST�PLAYER�OR
SINGER�WILL�NOT�BE�ABLE�TO�PLAY�A�NOTE�IN�THE�EXACT�SAME�WAY�TWICE��"ND�WITHIN�A�TONE
�THE
PARTIALS�HAVE�SOME�UNSTEADINESS�ALL�THE�TIME��SLIGHT�EXCITATIONS�IN�THE�AMPLITUDES
�UNEVEN
DURATIONS
�SLIGHT�FREQUENCY�FLUCTUATIONS��*N�AN�AUDIO�PROGRAMMING�ENVIRONMENT�LIKE
$SOUND
�WE�CAN�ACHIEVE�THESE�MOVEMENTS�WITH�RANDOM�DEVIATIONS��*T�IS�NOT�SO�IMPORTANT
WHETHER�WE�USE�RANDOMNESS�OR�NOT
�RATHER�IN�WHICH�WAY��5HE�BOUNDARIES�OF�RANDOM
DEVIATIONS�MUST�BE�ADJUSTED�AS�CAREFULLY�AS�WITH�ANY�OTHER�PARAMETER�IN�ELECTRONIC
COMPOSITION��*F�SOUNDS�USING�RANDOM�DEVIATIONS�BEGIN�TO�SOUND�LIKE�MISTAKES�THEN�IT�IS
PROBABLY�LESS�TO�DO�WITH�ACTUALLY�USING�RANDOM�FUNCTIONS�BUT�INSTEAD�MORE�TO�DO�WITH
SOME�POORLY�CHOSEN�BOUNDARIES�

-ET�US�START�WITH�SOME�RANDOM�DEVIATIONS�IN�OUR�SUBINSTRUMENT��5HESE�PARAMETERS�CAN�BE
AFFECTED�

d 5HEfrequencyOF�EACH�PARTIAL�CAN�BE�SLIGHTLY�DETUNED��5HE�RANGE�OF�THIS�POSSIBLE
MAXIMUM�DETUNING�CAN�BE�SET�IN�CENTS�	����CENT�����SEMITONE
�

d 5HEamplitude OF�EACH�PARTIAL�CAN�BE�ALTERED
�COMPARED�TO�ITS�STANDARD�VALUE�
5HE�ALTERATION�CAN�BE�MEASURED�IN�%ECIBEL�	D#
�

d 5HEduration OF�EACH�PARTIAL�CAN�BE�SHORTER�OR�LONGER�THAN�THE�STANDARD�VALUE��-ET
US�DEFINE�THIS�DEVIATION�AS�A�PERCENTAGE��*F�THE�EXPECTED�DURATION�IS�FIVE�SECONDS

A�MAXIMUM�DEVIATION�OF������MEANS�GETTING�A�VALUE�BETWEEN�HALF�THE�DURATION
	����SEC
�AND�THE�DOUBLE�DURATION�	���SEC
�

5HE�FOLLOWING�EXAMPLE�SHOWS�THE�EFFECT�OF�THESE�VARIATIONS��"S�A�BASE���AND�AS�A
REFERENCE�TO�ITS�AUTHOR���WE�TAKE�THE��BELL�LIKE�SOUND��WHICH�+EAN�$LAUDE�3ISSET�CREATED�IN

HIS�4OUND�$ATALOGUE��

EXAMPLE 04A07_Risset_variations.csd

a-additive-synthesis#InsertNoteID_6


<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

;frequency and amplitude multipliers for 11 partials of Risset's bell
giFqs     ftgen     0, 0, -11,-2,.56,.563,.92, .923,1.19,1.7,2,2.74, \

3,3.74,4.07
giAmps    ftgen     0, 0, -11, -2, 1, 2/3, 1, 1.8, 8/3, 1.46, 4/3, 4/3, 1, 4/3
giSine    ftgen     0, 0, 2^10, 10, 1

seed      0

instr 1 ;master instrument
ibasfreq  =         400
ifqdev    =         p4 ;maximum freq deviation in cents
iampdev   =         p5 ;maximum amp deviation in dB
idurdev   =         p6 ;maximum duration deviation in %
indx      =         0 ;count variable for loop
loop:
ifqmult   tab_i     indx, giFqs ;get frequency multiplier from table
ifreq     =         ibasfreq * ifqmult
iampmult  tab_i     indx, giAmps ;get amp multiplier
iamp      =         iampmult / 20 ;scale

event_i   "i", 10, 0, p3, ifreq, iamp, ifqdev, iampdev, idurdev
loop_lt   indx, 1, 11, loop

endin

instr 10 ;subinstrument for playing one partial
;receive the parameters from the master instrument
ifreqnorm =         p4 ;standard frequency of this partial
iampnorm  =         p5 ;standard amplitude of this partial
ifqdev    =         p6 ;maximum freq deviation in cents
iampdev   =         p7 ;maximum amp deviation in dB
idurdev   =         p8 ;maximum duration deviation in %
;calculate frequency
icent     random    -ifqdev, ifqdev ;cent deviation
ifreq     =         ifreqnorm * cent(icent)
;calculate amplitude
idb       random    -iampdev, iampdev ;dB deviation
iamp      =         iampnorm * ampdb(idb)
;calculate duration
idurperc  random    -idurdev, idurdev ;duration deviation (%)
iptdur    =         p3 * 2^(idurperc/100)
p3        =         iptdur ;set p3 to the calculated value
;play partial
aenv      transeg   0, .01, 0, iamp, p3-.01, -10, 0
apart     poscil    aenv, ifreq, giSine

outs      apart, apart
endin



</CsInstruments>
<CsScore>
;         frequency   amplitude   duration
;         deviation   deviation   deviation
;         in cent     in dB       in %
;;unchanged sound (twice)
r 2
i 1 0 5   0           0           0
s
;;slight variations in frequency
r 4
i 1 0 5   25          0           0
;;slight variations in amplitude
r 4
i 1 0 5   0           6           0
;;slight variations in duration
r 4
i 1 0 5   0           0           30
;;slight variations combined
r 6
i 1 0 5   25          6           30
;;heavy variations
r 6
i 1 0 5   50          9           100
</CsScore>
</CsoundSynthesizer>

'OR�A�MIDI�TRIGGERED�DESCENDANT�OF�THE�INSTRUMENT
�WE�CAN���AS�ONE�OF�MANY�POSSIBLE
CHOICES���VARY�THE�AMOUNT�OF�POSSIBLE�RANDOM�VARIATION�ON�THE�KEY�VELOCITY��4O�A�KEY
PRESSED�SOFTLY�PLAYS�THE�BELL�LIKE�SOUND�AS�DESCRIBED�BY�3ISSET�BUT�AS�A�KEY�IS�STRUCK�WITH
INCREASING�FORCE�THE�SOUND�PRODUCED�WILL�BE�INCREASINGLY�ALTERED�

EXAMPLE 04A08_Risset_played_by_Midi.csd

<CsoundSynthesizer>
<CsOptions>
-o dac -Ma
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

;frequency and amplitude multipliers for 11 partials of Risset's bell
giFqs     ftgen     0, 0, -11, -2, .56,.563,.92,.923,1.19,1.7,2,2.74,3,\

3.74,4.07
giAmps    ftgen     0, 0, -11, -2, 1, 2/3, 1, 1.8, 8/3, 1.46, 4/3, 4/3, 1,\

4/3
giSine    ftgen     0, 0, 2^10, 10, 1

seed      0
massign   0, 1 ;all midi channels to instr 1



instr 1 ;master instrument
;;scale desired deviations for maximum velocity
;frequency (cent)
imxfqdv   =         100
;amplitude (dB)
imxampdv  =         12
;duration (%)
imxdurdv  =         100
;;get midi values
ibasfreq  cpsmidi        ;base frequency
iampmid   ampmidi   1 ;receive midi-velocity and scale 0-1
;;calculate maximum deviations depending on midi-velocity
ifqdev    =         imxfqdv * iampmid
iampdev   =         imxampdv * iampmid
idurdev   =         imxdurdv * iampmid
;;trigger subinstruments
indx      =         0 ;count variable for loop
loop:
ifqmult   tab_i     indx, giFqs ;get frequency multiplier from table
ifreq     =         ibasfreq * ifqmult
iampmult  tab_i     indx, giAmps ;get amp multiplier
iamp      =         iampmult / 20 ;scale

event_i   "i", 10, 0, 3, ifreq, iamp, ifqdev, iampdev, idurdev
loop_lt   indx, 1, 11, loop

endin

instr 10 ;subinstrument for playing one partial
;receive the parameters from the master instrument
ifreqnorm =         p4 ;standard frequency of this partial
iampnorm  =         p5 ;standard amplitude of this partial
ifqdev    =         p6 ;maximum freq deviation in cents
iampdev   =         p7 ;maximum amp deviation in dB
idurdev   =         p8 ;maximum duration deviation in %
;calculate frequency
icent     random    -ifqdev, ifqdev ;cent deviation
ifreq     =         ifreqnorm * cent(icent)
;calculate amplitude
idb       random    -iampdev, iampdev ;dB deviation
iamp      =         iampnorm * ampdb(idb)
;calculate duration
idurperc  random    -idurdev, idurdev ;duration deviation (%)
iptdur    =         p3 * 2^(idurperc/100)
p3        =         iptdur ;set p3 to the calculated value
;play partial
aenv      transeg   0, .01, 0, iamp, p3-.01, -10, 0
apart     poscil    aenv, ifreq, giSine

outs      apart, apart
endin

</CsInstruments>
<CsScore>
f 0 3600
</CsScore>
</CsoundSynthesizer>



*T�WILL�DEPEND�ON�THE�POWER�OF�YOUR�COMPUTER�WHETHER�YOU�CAN�PLAY�EXAMPLES�LIKE�THIS�IN
REALTIME��)AVE�A�LOOK�AT�CHAPTER��%�	-IVE�"UDIO
�FOR�TIPS�ON�GETTING�THE�BEST�POSSIBLE
PERFORMANCE�FROM�YOUR�$SOUND�ORCHESTRA�

*N�THE�LAST�EXAMPLE�WE�WILL�USE�ADDITIVE�SYNTHESIS�TO�MAKE�A�KIND�OF�A�WOBBLE�BASS��*T
STARTS�AS�A�BASS
�THEN�EVOLVE�TO�SOMETHING�ELSE
�AND�THEN�ENDS�AS�A�BASS�AGAIN��8E�WILL�FIRST
GENERATE�ALL�THE�INHARMONIC�PARTIALS�WITH�A�LOOP��0RDINARY�PARTIALS�ARE�ARITHMETIC
�WE�ADD
THE�SAME�VALUE�TO�ONE�PARTIAL�TO�GET�TO�THE�NEXT��*N�THIS�EXAMPLE�WE�WILL�INSTEAD�USE
GEOMETRIC�PARTIALS
�WE�WILL�MULTIPLICATE�ONE�PARTIAL�WITH�A�CERTAIN�NUMBER�	KFREQMULT
�TO
GET�THE�NEXT�PARTIAL�FREQUENCY��5HIS�NUMBER�IS�NOT�CONSTANT
�BUT�IS�GENERATED�BY�A�SINE
OSCILATOR��5HIS�IS�FREQUENCY�MODULATION��5HEN�SOME�RANDOMNESS�IS�ADDED�TO�MAKE�A�MORE
INTERESTING�SOUND
�AND�CHORUS�EFFECT�TO�MAKE�THE�SOUND�MORE��FAT��5HE�EXPONENTIAL
FUNCTION
�EXP
�IS�USED�BECAUSE�IF�WE�MOVE�UPWARDS�IN�COMMON�MUSICAL�SCALES
�THEN�THE
FREQUENCIESGROW�EXPONENTIALLY�

EXAMPLE 04A09_Wobble_bass.csd

<CsoundSynthesizer> ; Wobble bass made with additive synthesis

<CsOptions> ; and frequency modulation
-odac
</CsOptions>

<CsInstruments>
; Example by Bj¿rn Houdorf, March 2013
sr = 44100
ksmps = 1
nchnls = 2
0dbfs = 1

instr 1
kamp       =          24 ; Amplitude
kfreq      expseg     p4, p3/2, 50*p4, p3/2, p4 ; Base frequency
iloopnum   =          p5 ; Number of all partials generated
alyd1      init       0
alyd2      init       0

seed       0
kfreqmult  oscili     1, 2, 1
kosc       oscili     1, 2.1, 1
ktone      randomh    0.5, 2, 0.2 ; A random input
icount     =          1

loop: ; Loop to generate partials to additive synthesis
kfreq      =          kfreqmult * kfreq
atal       oscili     1, 0.5, 1
apart      oscili     1, icount*exp(atal*ktone) , 1 ; Modulate each partials
anum       =          apart*kfreq*kosc
asig1      oscili     kamp, anum, 1
asig2      oscili     kamp, 1.5*anum, 1 ; Chorus effect to make the sound more "fat"
asig3      oscili     kamp, 2*anum, 1
asig4      oscili     kamp, 2.5*anum, 1
alyd1      =          (alyd1 + asig1+asig4)/icount ;Sum of partials



alyd2      =          (alyd2 + asig2+asig3)/icount
loop_lt    icount, 1, iloopnum, loop ; End of loop

outs       alyd1, alyd2 ; Output generated sound
endin
</CsInstruments>

<CsScore>
f1 0 128 10 1
i1 0 60 110 50
e
</CsScore>

</CsoundSynthesizer>

GBUZZ, BUZZ AND GEN11

GBUZZIS�USEFUL�FOR�CREATING�ADDITIVE�TONES�MADE�OF�OF�HARMONICALLY�RELATED�COSINE�WAVES�
3ATHER�THAN�DEFINE�ATTRIBUTES�FOR�EVERY�PARTIAL�INDIVIDUALLYGBUZZALLOWS�US�TO�DEFINE
GLOBAL�ASPECTS�FOR�THE�ADDITIVE�TONE
�SPECIFICALLY
�THE�NUMBER�OF�PARTIALS�IN�THE�TONE
�THE
PARTIAL�NUMBER�OF�THE�LOWEST�PARTIAL�PRESENT�AND�AN�AMPLITUDE�COEFFICIENT�MULTIPLER�WHICH
SHIFTS�THE�PEAK�OF�SPECTRAL�ENERGY�IN�THE�TONE��/UMBER�OF�HARMONICS�	KNH
�AND�LOWEST
HAMONIC�	KLH
�ALTHOUGH�K�RATE�ARGUMENTS�ARE�ONLY�INTERPRETED�AS�INTEGERS�BY�THE�OPCODE
THEREFORE�CHANGES�FROM�INTEGER�TO�INTEGER�WILL�RESULT�IN�DISCONTINUITIES�IN�THE�OUTPUT�SIGNAL�
5HE�AMPLITUDE�COEFFICIENT�MULTIPLIER�ALLOWS�SMOOTH�MODULATIONS�

*N�THE�FOLLOWING�EXAMPLE�A����)Z�TONE�IS�CREATED�IN�WHICH�THE�NUMBER�OF�PARTIALS�IT
CONTAINS�RISES�FROM���TO����ACROSS�ITS���SECOND�DURATION��"�SPECTROGRAM�SONOGRAM
DISPLAYS�HOW�THIS�MANIFESTS�SPECTRALLY��"�LINEAR�FREQUENCY�SCALE�IS�EMPLOYED�SO�THAT
PARTIALS�APPEAR�EQUALLY�SPACED�

EXAMPLE 04A10_gbuzz.csd

<CsoundSynthesizer>

<CsOptions>
-o dac
</CsOptions>

<CsInstruments>
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

; a cosine wave
gicos ftgen 0, 0, 2^10, 11, 1

instr 1
knh  line  1, p3, 20  ; number of harmonics
klh  =     1          ; lowest harmonic

http://www.csounds.com/manual/html/gbuzz.html
http://www.csounds.com/manual/html/gbuzz.html


kmul =     1          ; amplitude coefficient multiplier
asig gbuzz 1, 100, knh, klh, kmul, gicos

outs  asig, asig
endin

</CsInstruments>

<CsScore>
i 1 0 8
e
</CsScore>

</CsoundSynthesizer>

5HE�TOTAL�NUMBER�OF�PARTIALS�ONLY�REACHES����BECAUSE�THELINEFUNCTION�ONLY�REACHES����AT
THE�VERY�CONCLUSION�OF�THE�NOTE�

*N�THE�NEXT�EXAMPLE�THE�NUMBER�OF�PARTIALS�CONTAINED�WITHIN�THE�TONE�REMAINS�CONSTANT�BUT
THE�PARTIAL�NUMBER�OF�THE�LOWEST�PARTIAL�RISES�FROM���TO����

EXAMPLE 04A11_gbuzz_partials_rise.csd

<CsoundSynthesizer>

<CsOptions>
-o dac
</CsOptions>

<CsInstruments>
sr = 44100
ksmps = 32
nchnls = 2

http://www.csounds.com/manual/html/line.html


0dbfs = 1

; a cosine wave
gicos ftgen 0, 0, 2^10, 11, 1

instr 1
knh  =     20
klh  line  1, p3, 20
kmul =     1
asig gbuzz 1, 100, knh, klh, kmul, gicos

outs  asig, asig
endin

</CsInstruments>

<CsScore>
i 1 0 8
e
</CsScore>

</CsoundSynthesizer>

*N�THE�SONOGRAM�IT�CAN�BE�SEEN�HOW
�AS�LOWERMOST�PARTIALS�ARE�REMOVED
�ADDITIONAL
PARTIALS�ARE�ADDED�AT�THE�TOP�OT�THE�SPECTRUM��5HIS�IS�BECAUSE�THE�TOTAL�NUMBER�OF�PARTIALS
REMAINS�CONSTANT�AT����

*N�THE�FINALGBUZZEXAMPLE�THE�AMPLITUDE�COEFFICIENT�MULTIPLIER�RISES�FROM���TO����*T�CAN�BE
HEARD�	AND�SEEN�IN�THE�SONOGRAM
�HOW
�WHEN�THIS�VALUE�IS�ZERO�GREATEST�EMPHASIS�IS
PLACED�ON�THE�LOWERMOST�PARTIAL�AND�WHEN�THIS�VALUE�IS���THE�UPPERMOST�PARTIAL�HAS�THE
GREATEST�EMPHASIS�

EXAMPLE 04A12_gbuzz_amp_coeff_rise.csd

http://www.csounds.com/manual/html/gbuzz.html


<CsoundSynthesizer>

<CsOptions>
-o dac
</CsOptions>

<CsInstruments>
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

; a cosine wave
gicos ftgen 0, 0, 2^10, 11, 1

instr 1
knh  =     20
klh  =     1
kmul line  0, p3, 2
asig gbuzz 1, 100, knh, klh, kmul, gicos
fout "gbuzz3.wav",4,asig

endin

</CsInstruments>

<CsScore>
i 1 0 8
e
</CsScore>

</CsoundSynthesizer>

BUZZIS�A�SIMPLIFIED�VERSION�OFGBUZZWITH�FEWER�PARAMETERS�h�IT�DOES�NOT�PROVIDE�FOR
MODULATION�OF�THE�LOWEST�PARTIAL�NUMBER�AND�AMPLITUDE�COEFFICIENT�MULTIPLIER�

http://www.csounds.com/manual/html/buzz.html
http://www.csounds.com/manual/html/gbuzz.html


(&/�� CREATES�A�FUNCTION�TABLE�WAVEFORM�USING�THE�SAME�PARAMETERS�ASGBUZZ��8HEN�A
GBUZZTONE�IS�REQUIRED�BUT�NO�PERFORMANCE�TIME�MODULATION�OF�ITS�PARAMETERS�IS�NEEDED
(&/�� MAY�PROVIDE�A�MORE�EFFICIENT�OPTION�(&/�� ALSO�OPENS�THE�POSSIBILITY�OF�USING
ITS�WAVEFORMS�IN�A�VARIETY�OF�OTHER�OPCODES�GBUZZ
 BUZZAND(&/�� MAY�PROVE�USEFUL�AS
A�SOURCE�IN�SUBTRACTIVE�SYNTHESIS�

"DDITIVE�SYNTHESIS�CAN�STILL�BE�AN�EXCITING�WAY�OF�PRODUCING�SOUNDS��5HE�NOWADAYS
COMPUTATIONAL�POWER�AND�PROGRAMMING�STRUCTURES�OPEN�THE�WAY�FOR�NEW�DISCOVERIES�AND
IDEAS��5HE�LATER�EXAMPLES�WERE�INTENDED�TO�SHOW�SOME�OF�THESE�POTENTIALS�OF�ADDITIVE
SYNTHESIS�IN�$SOUND�

�� +EAN�$LAUDE�3ISSET
�*NTRODUCTORY�$ATALOGUE�OF�$OMPUTER�4YNTHESIZED�4OUNDS
	����

�CITED�AFTER�%ODGE�+ERSE
�$OMPUTER�.USIC
�/EW�:ORK���-ONDON�����


P��� ?

http://www.csounds.com/manual/html/GEN11.html
http://www.csounds.com/manual/html/gbuzz.html
http://www.csounds.com/manual/html/gbuzz.html
http://www.csounds.com/manual/html/GEN11.html
http://www.csounds.com/manual/html/GEN11.html
http://www.csounds.com/manual/html/gbuzz.html
http://www.csounds.com/manual/html/buzz.html
http://www.csounds.com/manual/html/GEN11.html
a-additive-synthesis#InsertNoteID_6_marker7


SUBTRACTIVE SYNTHESIS

INTRODUCTION

4UBTRACTIVE�SYNTHESIS�IS
�AT�LEAST�CONCEPTUALLY
�THE�INVERSE�OF�ADDITIVE�SYNTHESIS�IN�THAT
INSTEAD�OF�BUILDING�COMPLEX�SOUND�THROUGH�THE�ADDITION�OF�SIMPLE�CELLULAR�MATERIALS�SUCH
AS�SINE�WAVES
�SUBTRACTIVE�SYNTHESIS�BEGINS�WITH�A�COMPLEX�SOUND�SOURCE
�SUCH�AS�WHITE
NOISE�OR�A�RECORDED�SAMPLE
�OR�A�RICH�WAVEFORM
�SUCH�AS�A�SAWTOOTH�OR�PULSE
�AND
PROCEEDS�TO�REFINE�THAT�SOUND�BY�REMOVING�PARTIALS�OR�ENTIRE�SECTIONS�OF�THE�FREQUENCY
SPECTRUM�THROUGH�THE�USE�OF�AUDIO�FILTERS�

5HE�CREATION�OF�DYNAMIC�SPECTRA�	AN�ARDUOUS�TASK�IN�ADDITIVE�SYNTHESIS
�IS�RELATIVELY
SIMPLE�IN�SUBTRACTIVE�SYNTHESIS�AS�ALL�THAT�WILL�BE�REQUIRED�WILL�BE�TO�MODULATE�A�FEW
PARAMETERS�PERTAINING�TO�ANY�FILTERS�BEING�USED��8ORKING�WITH�THE�INTRICATE�PRECISION�THAT
IS�POSSIBLE�WITH�ADDITIVE�SYNTHESIS�MAY�NOT�BE�AS�EASY�WITH�SUBTRACTIVE�SYNTHESIS�BUT
SOUNDS�CAN�BE�CREATED�MUCH�MORE�INSTINCTIVELY�THAN�IS�POSSIBLE�WITH�ADDITIVE�OR�'.
SYNTHESIS�

A CSOUND TWO-OSCILLATOR SYNTHESIZER

5HE�FIRST�EXAMPLE�REPRESENTS�PERHAPS�THE�CLASSIC�IDEA�OF�SUBTRACTIVE�SYNTHESIS��A�SIMPLE
TWO�OSCILLATOR�SYNTH�FILTERED�USING�A�SINGLE�RESONANT�LOWPASS�FILTER��.ANY�OF�THE�IDEAS�USED
IN�THIS�EXAMPLE�HAVE�BEEN�INSPIRED�BY�THE�DESIGN�OF�THE.INIMOOGSYNTHESIZER�	����
�AND
OTHER�SIMILAR�INSTRUMENTS�

&ACH�OSCILLATOR�CAN�DESCRIBE�EITHER�A�SAWTOOTH
�18.�WAVEFORM�	I�E��SQUARE���PULSE�ETC�

OR�WHITE�NOISE�AND�EACH�OSCILLATOR�CAN�BE�TRANSPOSED�IN�OCTAVES�OR�IN�CENTS�WITH�RESPECT�TO
A�FUNDAMENTAL�PITCH��5HE�TWO�OSCILLATORS�ARE�MIXED�AND�THEN�PASSED�THROUGH�A���POLE��
��D#�PER�OCTAVE�RESONANT�LOWPASS�FILTER��5HE�OPCODE��MOOGLADDER��IS�CHOSEN�ON�ACCOUNT
OF�ITS�AUTHENTIC�VINTAGE�CHARACTER��5HE�CUTOFF�FREQUENCY�OF�THE�FILTER�IS�MODULATED�USING�AN
"%43 �STYLE�	ATTACK�DECAY�SUSTAIN�RELEASE
�ENVELOPE�FACILITATING�THE�CREATION�OF�DYNAMIC

EVOLVING�SPECTRA��'INALLY�THE�SOUND�OUTPUT�OF�THE�FILTER�IS�SHAPED�BY�AN�"%43�AMPLITUDE
ENVELOPE�

"S�THIS�INSTRUMENT�IS�SUGGESTIVE�OF�A�PERFORMANCE�INSTRUMENT�CONTROLLED�VIA�.*%*
�THIS
HAS�BEEN�PARTIALLY�IMPLEMENTED��5HROUGH�THE�USE�OF�$SOUND�S�.*%*�INTEROPERABILITY
OPCODE
MIDIDEFAULT
�THE�INSTRUMENT�CAN�BE�OPERATED�FROM�THE�SCORE�OR�FROM�A�.*%*
KEYBOARD��*F�A�.*%*�NOTE�IS�RECEIVED
�SUITABLE�DEFAULT�P�FIELD�VALUES�ARE�SUBSTITUTED�FOR�THE
MISSING�P�FIELDS��.*%*�CONTROLLER���CAN�BE�USED�TO�CONTROL�THE�GLOBAL�CUTOFF�FREQUENCY�FOR
THE�FILTER�

"�SCHEMATIC�FOR�THIS�INSTRUMENT�IS�SHOWN�BELOW�

http://en.wikipedia.org/wiki/Minimoog
http://www.csounds.com/manual/html/moogladder.html
http://en.wikipedia.org/wiki/Synthesizer
http://www.csounds.com/manual/html/mididefault.html


EXAMPLE 04B01_Subtractive_Midi.csd

<CsoundSynthesizer>

<CsOptions>
-odac -Ma
</CsOptions>

<CsInstruments>
sr = 44100
ksmps = 4
nchnls = 2
0dbfs = 1

initc7 1,1,0.8                 ;set initial controller position

prealloc 1, 10

instr 1
iNum   notnum                  ;read in midi note number
iCF    ctrl7        1,1,0.1,14 ;read in midi controller 1

; set up default p-field values for midi activated notes
mididefault  iNum, p4   ;pitch (note number)
mididefault  0.3, p5    ;amplitude 1



mididefault  2, p6      ;type 1
mididefault  0.5, p7    ;pulse width 1
mididefault  0, p8      ;octave disp. 1
mididefault  0, p9      ;tuning disp. 1
mididefault  0.3, p10   ;amplitude 2
mididefault  1, p11     ;type 2
mididefault  0.5, p12   ;pulse width 2
mididefault  -1, p13    ;octave displacement 2
mididefault  20, p14    ;tuning disp. 2
mididefault  iCF, p15   ;filter cutoff freq
mididefault  0.01, p16  ;filter env. attack time
mididefault  1, p17     ;filter env. decay time
mididefault  0.01, p18  ;filter env. sustain level
mididefault  0.1, p19   ;filter release time
mididefault  0.3, p20   ;filter resonance
mididefault  0.01, p21  ;amp. env. attack
mididefault  0.1, p22   ;amp. env. decay.
mididefault  1, p23     ;amp. env. sustain
mididefault  0.01, p24  ;amp. env. release

; asign p-fields to variables
iCPS   =            cpsmidinn(p4) ;convert from note number to cps
kAmp1  =            p5
iType1 =            p6
kPW1   =            p7
kOct1  =            octave(p8) ;convert from octave displacement to multiplier
kTune1 =            cent(p9)   ;convert from cents displacement to multiplier
kAmp2  =            p10
iType2 =            p11
kPW2   =            p12
kOct2  =            octave(p13)
kTune2 =            cent(p14)
iCF    =            p15
iFAtt  =            p16
iFDec  =            p17
iFSus  =            p18
iFRel  =            p19
kRes   =            p20
iAAtt  =            p21
iADec  =            p22
iASus  =            p23
iARel  =            p24

;oscillator 1
;if type is sawtooth or square...
if iType1==1||iType1==2 then

;...derive vco2 'mode' from waveform type
iMode1 = (iType1=1?0:2)
aSig1  vco2   kAmp1,iCPS*kOct1*kTune1,iMode1,kPW1;VCO audio oscillator

else                                   ;otherwise...
aSig1  noise  kAmp1, 0.5              ;...generate white noise

endif

;oscillator 2 (identical in design to oscillator 1)
if iType2==1||iType2==2 then

iMode2  =  (iType2=1?0:2)



aSig2  vco2   kAmp2,iCPS*kOct2*kTune2,iMode2,kPW2
else

aSig2 noise  kAmp2,0.5
endif

;mix oscillators
aMix       sum          aSig1,aSig2
;lowpass filter
kFiltEnv   expsegr      0.0001,iFAtt,iCPS*iCF,iFDec,iCPS*iCF*iFSus,iFRel,0.0001
aOut       moogladder   aMix, kFiltEnv, kRes

;amplitude envelope
aAmpEnv    expsegr      0.0001,iAAtt,1,iADec,iASus,iARel,0.0001
aOut       =            aOut*aAmpEnv

outs         aOut,aOut
endin

</CsInstruments>

<CsScore>
;p4  = oscillator frequency
;oscillator 1
;p5  = amplitude
;p6  = type (1=sawtooth,2=square-PWM,3=noise)
;p7  = PWM (square wave only)
;p8  = octave displacement
;p9  = tuning displacement (cents)
;oscillator 2
;p10 = amplitude
;p11 = type (1=sawtooth,2=square-PWM,3=noise)
;p12 = pwm (square wave only)
;p13 = octave displacement
;p14 = tuning displacement (cents)
;global filter envelope
;p15 = cutoff
;p16 = attack time
;p17 = decay time
;p18 = sustain level (fraction of cutoff)
;p19 = release time
;p20 = resonance
;global amplitude envelope
;p21 = attack time
;p22 = decay time
;p23 = sustain level
;p24 = release time
; p1 p2 p3  p4 p5  p6 p7   p8 p9  p10 p11 p12 p13
;p14 p15 p16  p17  p18  p19 p20 p21  p22 p23 p24
i 1  0  1   50 0   2  .5   0  -5  0   2   0.5 0   \

5   12  .01  2    .01  .1  0   .005 .01 1   .05
i 1  +  1   50 .2  2  .5   0  -5  .2  2   0.5 0   \

5   1   .01  1    .1   .1  .5  .005 .01 1   .05
i 1  +  1   50 .2  2  .5   0  -8  .2  2   0.5 0   \

8   3   .01  1    .1   .1  .5  .005 .01 1   .05
i 1  +  1   50 .2  2  .5   0  -8  .2  2   0.5 -1  \

8   7  .01   1    .1   .1  .5  .005 .01 1   .05
i 1  +  3   50 .2  1  .5   0  -10 .2  1   0.5 -2  \

10  40  .01  3    .001 .1  .5  .005 .01 1   .05



i 1  +  10  50 1   2  .01  -2 0   .2  3   0.5 0   \
0   40  5    5    .001 1.5 .1  .005 .01 1   .05

f 0 3600
e
</CsScore>

</CsoundSynthesizer>

SIMULATION OF TIMBRES FROM A NOISE
SOURCE

5HE�NEXT�EXAMPLE�MAKES�EXTENSIVE�USE�OF�BANDPASS�FILTERS�ARRANGED�IN�PARALLEL�TO�FILTER
WHITE�NOISE��5HE�BANDPASS�FILTER�BANDWIDTHS�ARE�NARROWED�TO�THE�POINT�WHERE�ALMOST�PURE
TONES�ARE�AUDIBLE��5HE�CRUCIAL�DIFFERENCE�IS�THAT�THE�NOISE�SOURCE�ALWAYS�INDUCES
INSTABILITY�IN�THE�AMPLITUDE�AND�FREQUENCY�OF�TONES�PRODUCED���IT�IS�THIS�QUALITY�THAT�MAKES
THIS�SORT�OF�SUBTRACTIVE�SYNTHESIS�SOUND�MUCH�MORE�ORGANIC�THAN�AN�ADDITIVE�SYNTHESIS
EQUIVALENT��*F�THE�BANDWIDTHS�ARE�WIDENED�THEN�MORE�OF�THE�CHARACTERISTIC�OF�THE�NOISE
SOURCE�COMES�THROUGH�AND�THE�TONE�BECOMES��AIRIER��AND�LESS�DISTINCT��IF�THE�BANDWIDTHS�ARE
NARROWED�THE�RESONATING�TONES�BECOME�CLEARER�AND�STEADIER��#Y�VARYING�THE�BANDWIDTHS
INTERESTING�METAMORPHOSES�OF�THE�RESULTANT�SOUND�ARE�POSSIBLE�

�� RESONFILTERS�ARE�USED�FOR�THE�BANDPASS�FILTERS�ON�ACCOUNT�OF�THEIR�ABILITY�TO�RING�AND
RESONATE�AS�THEIR�BANDWIDTH�NARROWS��"NOTHER�REASON�FOR�THIS�CHOICE�IS�THE�RELATIVE�$16
ECONOMY�OF�THE�RESON�FILTER
�A�NOT�INCONSIDERABLE�CONCERN�AS�SO�MANY�OF�THEM�ARE�USED�
5HE�FREQUENCY�RATIOS�BETWEEN�THE����PARALLEL�FILTERS�ARE�DERIVED�FROM�ANALYSIS�OF�A�HAND
BELL
�THE�DATA�WAS�FOUND�IN�THE�APPENDIX�OF�THE�$SOUND�MANUALHERE�

*N�ADDITION�TO�THE�WHITE�NOISE�AS�A�SOURCE
�NOISE�IMPULSES�ARE�ALSO�USED�AS�A�SOUND�SOURCE
	VIA�THE��MPULSE��OPCODE
��5HE�INSTRUMENT�WILL�AUTOMATICALLY�AND�RANDOMLY�SLOWLY
CROSSFADE�BETWEEN�THESE�TWO�SOUND�SOURCES�

"�LOWPASS�AND�HIGHPASS�FILTER�ARE�INSERTED�IN�SERIES�BEFORE�THE�PARALLEL�BANDPASS�FILTERS�TO
SHAPE�THE�FREQUENCY�SPECTRUM�OF�THE�SOURCE�SOUND��$SOUND�S�BUTTERWORTH�FILTERSBUTLPAND
BUTHPARE�CHOSEN�FOR�THIS�TASK�ON�ACCOUNT�OF�THEIR�STEEP�CUTOFF�SLOPES�AND�LACK�OF�RIPPLE�AT
THE�CUTOFF�POINT�

5HE�OUTPUTS�OF�THE�RESON�FILTERS�ARE�SENT�ALTERNATELY�TO�THE�LEFT�AND�RIGHT�OUTPUTS�IN�ORDER�TO
CREATE�A�BROAD�STEREO�EFFECT�

5HIS�EXAMPLE�MAKES�EXTENSIVE�USE�OF�THE��RSPLINE��OPCODE
�A�GENERATOR�OF�RANDOM�SPLINE
FUNCTIONS
�TO�SLOWLY�UNDULATE�THE�MANY�INPUT�PARAMETERS��5HE�ORCHESTRA�IS�SELF�GENERATIVE
IN�THAT�INSTRUMENT���REPEATEDLY�TRIGGERS�NOTE�EVENTS�IN�INSTRUMENT���AND�THE�EXTENSIVE�USE
OF�RANDOM�FUNCTIONS�MEANS�THAT�THE�RESULTS�WILL�CONTINUALLY�EVOLVE�AS�THE�ORCHESTRA�IS
ALLOWED�TO�PERFORM�

http://www.csounds.com/manual/html/reson.html
http://www.csounds.com/manual/html/MiscModalFreq.html
http://www.csounds.com/manual/html/mpulse.html
http://www.csounds.com/manual/html/butterlp.html
http://www.csounds.com/manual/html/butterhp.html
http://www.csounds.com/manual/html/rspline.html


"�FLOW�DIAGRAM�FOR�THIS�INSTRUMENT�IS�SHOWN�BELOW�

EXAMPLE 04B02_Subtractive_timbres.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>
;Example written by Iain McCurdy

sr = 44100
ksmps = 16
nchnls = 2
0dbfs = 1

instr 1 ; triggers notes in instrument 2 with randomised p-fields
krate  randomi 0.2,0.4,0.1   ;rate of note generation
ktrig  metro  krate          ;triggers used by schedkwhen
koct   random 5,12           ;fundemental pitch of synth note
kdur   random 15,30          ;duration of note
schedkwhen ktrig,0,0,2,0,kdur,cpsoct(koct) ;trigger a note in instrument 2

endin

instr 2 ; subtractive synthesis instrument
aNoise  pinkish  1                  ;a noise source sound: pink noise
kGap    rspline  0.3,0.05,0.2,2     ;time gap between impulses
aPulse  mpulse   15, kGap           ;a train of impulses
kCFade  rspline  0,1,0.1,1          ;crossfade point between noise and impulses
aInput  ntrpol   aPulse,aNoise,kCFade;implement crossfade

; cutoff frequencies for low and highpass filters
kLPF_CF  rspline  13,8,0.1,0.4
kHPF_CF  rspline  5,10,0.1,0.4



; filter input sound with low and highpass filters in series -
; - done twice per filter in order to sharpen cutoff slopes
aInput    butlp    aInput, cpsoct(kLPF_CF)
aInput    butlp    aInput, cpsoct(kLPF_CF)
aInput    buthp    aInput, cpsoct(kHPF_CF)
aInput    buthp    aInput, cpsoct(kHPF_CF)

kcf     rspline  p4*1.05,p4*0.95,0.01,0.1 ; fundemental
; bandwidth for each filter is created individually as a random spline function
kbw1    rspline  0.00001,10,0.2,1
kbw2    rspline  0.00001,10,0.2,1
kbw3    rspline  0.00001,10,0.2,1
kbw4    rspline  0.00001,10,0.2,1
kbw5    rspline  0.00001,10,0.2,1
kbw6    rspline  0.00001,10,0.2,1
kbw7    rspline  0.00001,10,0.2,1
kbw8    rspline  0.00001,10,0.2,1
kbw9    rspline  0.00001,10,0.2,1
kbw10   rspline  0.00001,10,0.2,1
kbw11   rspline  0.00001,10,0.2,1
kbw12   rspline  0.00001,10,0.2,1
kbw13   rspline  0.00001,10,0.2,1
kbw14   rspline  0.00001,10,0.2,1
kbw15   rspline  0.00001,10,0.2,1
kbw16   rspline  0.00001,10,0.2,1
kbw17   rspline  0.00001,10,0.2,1
kbw18   rspline  0.00001,10,0.2,1
kbw19   rspline  0.00001,10,0.2,1
kbw20   rspline  0.00001,10,0.2,1
kbw21   rspline  0.00001,10,0.2,1
kbw22   rspline  0.00001,10,0.2,1

imode   =        0 ; amplitude balancing method used by the reson filters
a1      reson    aInput, kcf*1,               kbw1, imode
a2      reson    aInput, kcf*1.0019054878049, kbw2, imode
a3      reson    aInput, kcf*1.7936737804878, kbw3, imode
a4      reson    aInput, kcf*1.8009908536585, kbw4, imode
a5      reson    aInput, kcf*2.5201981707317, kbw5, imode
a6      reson    aInput, kcf*2.5224085365854, kbw6, imode
a7      reson    aInput, kcf*2.9907012195122, kbw7, imode
a8      reson    aInput, kcf*2.9940548780488, kbw8, imode
a9      reson    aInput, kcf*3.7855182926829, kbw9, imode
a10     reson    aInput, kcf*3.8061737804878, kbw10,imode
a11     reson    aInput, kcf*4.5689024390244, kbw11,imode
a12     reson    aInput, kcf*4.5754573170732, kbw12,imode
a13     reson    aInput, kcf*5.0296493902439, kbw13,imode
a14     reson    aInput, kcf*5.0455030487805, kbw14,imode
a15     reson    aInput, kcf*6.0759908536585, kbw15,imode
a16     reson    aInput, kcf*5.9094512195122, kbw16,imode
a17     reson    aInput, kcf*6.4124237804878, kbw17,imode
a18     reson    aInput, kcf*6.4430640243902, kbw18,imode
a19     reson    aInput, kcf*7.0826219512195, kbw19,imode
a20     reson    aInput, kcf*7.0923780487805, kbw20,imode
a21     reson    aInput, kcf*7.3188262195122, kbw21,imode
a22     reson    aInput, kcf*7.5551829268293, kbw22,imode



; amplitude control for each filter output
kAmp1    rspline  0, 1, 0.3, 1
kAmp2    rspline  0, 1, 0.3, 1
kAmp3    rspline  0, 1, 0.3, 1
kAmp4    rspline  0, 1, 0.3, 1
kAmp5    rspline  0, 1, 0.3, 1
kAmp6    rspline  0, 1, 0.3, 1
kAmp7    rspline  0, 1, 0.3, 1
kAmp8    rspline  0, 1, 0.3, 1
kAmp9    rspline  0, 1, 0.3, 1
kAmp10   rspline  0, 1, 0.3, 1
kAmp11   rspline  0, 1, 0.3, 1
kAmp12   rspline  0, 1, 0.3, 1
kAmp13   rspline  0, 1, 0.3, 1
kAmp14   rspline  0, 1, 0.3, 1
kAmp15   rspline  0, 1, 0.3, 1
kAmp16   rspline  0, 1, 0.3, 1
kAmp17   rspline  0, 1, 0.3, 1
kAmp18   rspline  0, 1, 0.3, 1
kAmp19   rspline  0, 1, 0.3, 1
kAmp20   rspline  0, 1, 0.3, 1
kAmp21   rspline  0, 1, 0.3, 1
kAmp22   rspline  0, 1, 0.3, 1

; left and right channel mixes are created using alternate filter outputs.
; This shall create a stereo effect.
aMixL    sum      a1*kAmp1,a3*kAmp3,a5*kAmp5,a7*kAmp7,a9*kAmp9,a11*kAmp11,\

a13*kAmp13,a15*kAmp15,a17*kAmp17,a19*kAmp19,a21*kAmp21
aMixR    sum      a2*kAmp2,a4*kAmp4,a6*kAmp6,a8*kAmp8,a10*kAmp10,a12*kAmp12,\

a14*kAmp14,a16*kAmp16,a18*kAmp18,a20*kAmp20,a22*kAmp22

kEnv     linseg   0, p3*0.5, 1,p3*0.5,0,1,0       ; global amplitude envelope
outs   (aMixL*kEnv*0.00008), (aMixR*kEnv*0.00008) ; audio sent to outputs

endin

</CsInstruments>

<CsScore>
i 1 0 3600  ; instrument 1 (note generator) plays for 1 hour
e
</CsScore>

</CsoundSynthesizer>

VOWEL-SOUND EMULATION USING BANDPASS
FILTERING

5HE�FINAL�EXAMPLE�IN�THIS�SECTION�USES�PRECISELY�TUNED�BANDPASS�FILTERS
�TO�SIMULATE�THE
SOUND�OF�THE�HUMAN�VOICE�EXPRESSING�VOWEL�SOUNDS��4PECTRAL�RESONANCES�IN�THIS�CONTEXT
ARE�OFTEN�REFERRED�TO�AS��FORMANTS���'IVE�FORMANTS�ARE�USED�TO�SIMULATE�THE�EFFECT�OF�THE
HUMAN�MOUTH�AND�HEAD�AS�A�RESONATING�	AND�THEREFORE�FILTERING
�BODY��5HE�FILTER�DATA�FOR
SIMULATING�THE�VOWEL�SOUNDS�"
&
*
0�AND�6�AS�EXPRESSED�BY�A�BASS
�TENOR
�COUNTER�TENOR


http://en.wikipedia.org/wiki/Formants


ALTO�AND�SOPRANO�VOICE�WERE�FOUND�IN�THE�APPENDIX�OF�THE�$SOUND�MANUALHERE�
#ANDWIDTH�AND�INTENSITY�	D#
�INFORMATION�IS�ALSO�NEEDED�TO�ACCURATELY�SIMULATE�THE
VARIOUS�VOWEL�SOUNDS�

RESONFILTERS�ARE�AGAIN�USED�BUTBUTBPAND�OTHERS�COULD�BE�EQUALLY�VALID�CHOICES�

%ATA�IS�STORED�IN(&/�� LINEAR�BREAK�POINT�FUNCTION�TABLES
�AS�THIS�DATA�IS�READ�BY�K�RATE
LINE�FUNCTIONS�WE�CAN�INTERPOLATE�AND�THEREFORE�MORPH�BETWEEN�DIFFERENT�VOWEL�SOUNDS
DURING�A�NOTE�

5HE�SOURCE�SOUND�FOR�THE�FILTERS�COMES�FROM�EITHER�A�PINK�NOISE�GENERATOR�OR�A�PULSE
WAVEFORM��5HE�PINK�NOISE�SOURCE�COULD�BE�USED�IF�THE�EMULATION�IS�TO�BE�THAT�OF�JUST�THE
BREATH�WHEREAS�THE�PULSE�WAVEFORM�PROVIDES�A�DECENT�APPROXIMATION�OF�THE�HUMAN�VOCAL
CHORDS�BUZZING��5HIS�INSTRUMENT�CAN�HOWEVER�MORPH�CONTINUOUSLY�BETWEEN�THESE�TWO
SOURCES�

"�FLOW�DIAGRAM�FOR�THIS�INSTRUMENT�IS�SHOWN�BELOW�

EXAMPLE 04B03_Subtractive_vowels.csd

<CsoundSynthesizer>

<CsOptions>

http://www.csounds.com/manual/html/MiscFormants.html
http://www.csounds.com/manual/html/reson.html
http://www.csounds.com/manual/html/butterbp.html
http://www.csounds.com/manual/html/GEN07.html


-odac
</CsOptions>

<CsInstruments>
;example by Iain McCurdy

sr = 44100
ksmps = 16
nchnls = 2
0dbfs = 1

;FUNCTION TABLES STORING DATA FOR VARIOUS VOICE FORMANTS

;BASS
giBF1 ftgen 0, 0, -5, -2, 600,   400, 250,   400,  350
giBF2 ftgen 0, 0, -5, -2, 1040, 1620, 1750,  750,  600
giBF3 ftgen 0, 0, -5, -2, 2250, 2400, 2600, 2400, 2400
giBF4 ftgen 0, 0, -5, -2, 2450, 2800, 3050, 2600, 2675
giBF5 ftgen 0, 0, -5, -2, 2750, 3100, 3340, 2900, 2950

giBDb1 ftgen 0, 0, -5, -2,   0,          0,   0,   0,   0
giBDb2 ftgen 0, 0, -5, -2,  -7,        -12, -30, -11, -20
giBDb3 ftgen 0, 0, -5, -2,  -9,         -9, -16, -21, -32
giBDb4 ftgen 0, 0, -5, -2,  -9,        -12, -22, -20, -28
giBDb5 ftgen 0, 0, -5, -2, -20,        -18, -28, -40, -36

giBBW1 ftgen 0, 0, -5, -2,  60,  40,  60,  40,  40
giBBW2 ftgen 0, 0, -5, -2,  70,  80,  90,  80,  80
giBBW3 ftgen 0, 0, -5, -2, 110, 100, 100, 100, 100
giBBW4 ftgen 0, 0, -5, -2, 120, 120, 120, 120, 120
giBBW5 ftgen 0, 0, -5, -2, 130, 120, 120, 120, 120

;TENOR
giTF1 ftgen 0, 0, -5, -2,  650,  400,  290,  400,  350
giTF2 ftgen 0, 0, -5, -2, 1080, 1700, 1870,  800,  600
giTF3 ftgen 0, 0, -5, -2, 2650,        2600, 2800, 2600, 2700
giTF4 ftgen 0, 0, -5, -2, 2900,        3200, 3250, 2800, 2900
giTF5 ftgen 0, 0, -5, -2, 3250,        3580, 3540, 3000, 3300

giTDb1 ftgen 0, 0, -5, -2,   0,   0,   0,   0,   0
giTDb2 ftgen 0, 0, -5, -2,  -6, -14, -15, -10, -20
giTDb3 ftgen 0, 0, -5, -2,  -7, -12, -18, -12, -17
giTDb4 ftgen 0, 0, -5, -2,  -8, -14, -20, -12, -14
giTDb5 ftgen 0, 0, -5, -2, -22, -20, -30, -26, -26

giTBW1 ftgen 0, 0, -5, -2,  80,         70,  40,  40,  40
giTBW2 ftgen 0, 0, -5, -2,  90,         80,  90,  80,  60
giTBW3 ftgen 0, 0, -5, -2, 120,        100, 100, 100, 100
giTBW4 ftgen 0, 0, -5, -2, 130,        120, 120, 120, 120
giTBW5 ftgen 0, 0, -5, -2, 140,        120, 120, 120, 120

;COUNTER TENOR
giCTF1 ftgen 0, 0, -5, -2,  660,  440,  270,  430,  370
giCTF2 ftgen 0, 0, -5, -2, 1120, 1800, 1850,  820,  630
giCTF3 ftgen 0, 0, -5, -2, 2750, 2700, 2900, 2700, 2750
giCTF4 ftgen 0, 0, -5, -2, 3000, 3000, 3350, 3000, 3000



giCTF5 ftgen 0, 0, -5, -2, 3350, 3300, 3590, 3300, 3400

giTBDb1 ftgen 0, 0, -5, -2,   0,   0,   0,   0,   0
giTBDb2 ftgen 0, 0, -5, -2,  -6, -14, -24, -10, -20
giTBDb3 ftgen 0, 0, -5, -2, -23, -18, -24, -26, -23
giTBDb4 ftgen 0, 0, -5, -2, -24, -20, -36, -22, -30
giTBDb5 ftgen 0, 0, -5, -2, -38, -20, -36, -34, -30

giTBW1 ftgen 0, 0, -5, -2, 80,   70,  40,  40,  40
giTBW2 ftgen 0, 0, -5, -2, 90,   80,  90,  80,  60
giTBW3 ftgen 0, 0, -5, -2, 120, 100, 100, 100, 100
giTBW4 ftgen 0, 0, -5, -2, 130, 120, 120, 120, 120
giTBW5 ftgen 0, 0, -5, -2, 140, 120, 120, 120, 120

;ALTO
giAF1 ftgen 0, 0, -5, -2,  800,  400,  350,  450,  325
giAF2 ftgen 0, 0, -5, -2, 1150, 1600, 1700,  800,  700
giAF3 ftgen 0, 0, -5, -2, 2800, 2700, 2700, 2830, 2530
giAF4 ftgen 0, 0, -5, -2, 3500, 3300, 3700, 3500, 2500
giAF5 ftgen 0, 0, -5, -2, 4950, 4950, 4950, 4950, 4950

giADb1 ftgen 0, 0, -5, -2,   0,   0,   0,   0,   0
giADb2 ftgen 0, 0, -5, -2,  -4, -24, -20,  -9, -12
giADb3 ftgen 0, 0, -5, -2, -20, -30, -30, -16, -30
giADb4 ftgen 0, 0, -5, -2, -36, -35, -36, -28, -40
giADb5 ftgen 0, 0, -5, -2, -60, -60, -60, -55, -64

giABW1 ftgen 0, 0, -5, -2, 50,   60,  50,  70,  50
giABW2 ftgen 0, 0, -5, -2, 60,   80, 100,  80,  60
giABW3 ftgen 0, 0, -5, -2, 170, 120, 120, 100, 170
giABW4 ftgen 0, 0, -5, -2, 180, 150, 150, 130, 180
giABW5 ftgen 0, 0, -5, -2, 200, 200, 200, 135, 200

;SOPRANO
giSF1 ftgen 0, 0, -5, -2,  800,  350,  270,  450,  325
giSF2 ftgen 0, 0, -5, -2, 1150, 2000, 2140,  800,  700
giSF3 ftgen 0, 0, -5, -2, 2900, 2800, 2950, 2830, 2700
giSF4 ftgen 0, 0, -5, -2, 3900, 3600, 3900, 3800, 3800
giSF5 ftgen 0, 0, -5, -2, 4950, 4950, 4950, 4950, 4950

giSDb1 ftgen 0, 0, -5, -2,   0,   0,   0,   0,   0
giSDb2 ftgen 0, 0, -5, -2,  -6, -20, -12, -11, -16
giSDb3 ftgen 0, 0, -5, -2, -32, -15, -26, -22, -35
giSDb4 ftgen 0, 0, -5, -2, -20, -40, -26, -22, -40
giSDb5 ftgen 0, 0, -5, -2, -50, -56, -44, -50, -60

giSBW1 ftgen 0, 0, -5, -2,  80,  60,  60,  70,  50
giSBW2 ftgen 0, 0, -5, -2,  90,  90,  90,  80,  60
giSBW3 ftgen 0, 0, -5, -2, 120, 100, 100, 100, 170
giSBW4 ftgen 0, 0, -5, -2, 130, 150, 120, 130, 180
giSBW5 ftgen 0, 0, -5, -2, 140, 200, 120, 135, 200

instr 1
kFund    expon     p4,p3,p5               ; fundamental
kVow     line      p6,p3,p7               ; vowel select
kBW      line      p8,p3,p9               ; bandwidth factor



iVoice   =         p10                    ; voice select
kSrc     line      p11,p3,p12             ; source mix

aNoise   pinkish   3                      ; pink noise
aVCO     vco2      1.2,kFund,2,0.02       ; pulse tone
aInput   ntrpol    aVCO,aNoise,kSrc       ; input mix

; read formant cutoff frequenies from tables
kCF1     tablei    kVow*5,giBF1+(iVoice*15)
kCF2     tablei    kVow*5,giBF1+(iVoice*15)+1
kCF3     tablei    kVow*5,giBF1+(iVoice*15)+2
kCF4     tablei    kVow*5,giBF1+(iVoice*15)+3
kCF5     tablei    kVow*5,giBF1+(iVoice*15)+4
; read formant intensity values from tables
kDB1     tablei    kVow*5,giBF1+(iVoice*15)+5
kDB2     tablei    kVow*5,giBF1+(iVoice*15)+6
kDB3     tablei    kVow*5,giBF1+(iVoice*15)+7
kDB4     tablei    kVow*5,giBF1+(iVoice*15)+8
kDB5     tablei    kVow*5,giBF1+(iVoice*15)+9
; read formant bandwidths from tables
kBW1     tablei    kVow*5,giBF1+(iVoice*15)+10
kBW2     tablei    kVow*5,giBF1+(iVoice*15)+11
kBW3     tablei    kVow*5,giBF1+(iVoice*15)+12
kBW4     tablei    kVow*5,giBF1+(iVoice*15)+13
kBW5     tablei    kVow*5,giBF1+(iVoice*15)+14
; create resonant formants byt filtering source sound
aForm1   reson     aInput, kCF1, kBW1*kBW, 1     ; formant 1
aForm2   reson     aInput, kCF2, kBW2*kBW, 1     ; formant 2
aForm3   reson     aInput, kCF3, kBW3*kBW, 1     ; formant 3
aForm4   reson     aInput, kCF4, kBW4*kBW, 1     ; formant 4
aForm5   reson     aInput, kCF5, kBW5*kBW, 1     ; formant 5

; formants are mixed and multiplied both by intensity values derived from tables and by the on-screen gain controls for each formant
aMix     sum       aForm1*ampdbfs(kDB1),aForm2*ampdbfs(kDB2),aForm3*ampdbfs(kDB3),aForm4*ampdbfs(kDB4),aForm5*ampdbfs(kDB5)
kEnv     linseg    0,3,1,p3-6,1,3,0     ; an amplitude envelope

outs      aMix*kEnv, aMix*kEnv ; send audio to outputs
endin

</CsInstruments>

<CsScore>
; p4 = fundemental begin value (c.p.s.)
; p5 = fundemental end value
; p6 = vowel begin value (0 - 1 : a e i o u)
; p7 = vowel end value
; p8 = bandwidth factor begin (suggested range 0 - 2)
; p9 = bandwidth factor end
; p10 = voice (0=bass; 1=tenor; 2=counter_tenor; 3=alto; 4=soprano)
; p11 = input source begin (0 - 1 : VCO - noise)
; p12 = input source end

;         p4  p5  p6  p7  p8  p9 p10 p11  p12
i 1 0  10 50  100 0   1   2   0  0   0    0
i 1 8  .  78  77  1   0   1   0  1   0    0
i 1 16 .  150 118 0   1   1   0  2   1    1
i 1 24 .  200 220 1   0   0.2 0  3   1    0



i 1 32 .  400 800 0   1   0.2 0  4   0    1
e
</CsScore>

</CsoundSynthesizer>

CONCLUSION

5HESE�EXAMPLES�HAVE�HOPEFULLY�DEMONSTRATED�THE�STRENGTHS�OF�SUBTRACTIVE�SYNTHESIS�IN�ITS
SIMPLICITY
�INTUITIVE�OPERATION�AND�ITS�ABILITY�TO�CREATE�ORGANIC�SOUNDING�TIMBRES��'URTHER
RESEARCH�COULD�EXPLORE�$SOUND�S�OTHER�FILTER�OPCODES�INCLUDINGVCOMB
 WGUIDE�
 WGUIDE�
AND�THE�MORE�ESOTERICPHASER�
 PHASER�ANDRESONY�

http://www.csounds.com/manual/html/vcomb.html
http://www.csounds.com/manual/html/wguide1.html
http://www.csounds.com/manual/html/wguide2.html
http://www.csounds.com/manual/html/phaser1.html
http://www.csounds.com/manual/html/phaser2.html
http://www.csounds.com/manual/html/resony.html


AMPLITUDE AND RING
MODULATION

INTRODUCTION

"MPLITUDE�MODULATION�	".
�MEANS
�THAT�ONE�OSCILLATOR�VARIES�THE�VOLUME�AMPLITUDE�OF
AN�OTHER��*F�THIS�MODULATION�IS�DONE�VERY�SLOWLY�	��)Z�TO����)Z
�IT�IS�RECOGNISED�AS
TREMOLO��7OLUME�MODULATION�ABOVE����)Z�LEADS�TO�THE�EFFECT
�THAT�THE�SOUND�CHANGES�ITS
TIMBRE��4O�CALLED�SIDE�BANDS�APPEAR�

Example 04C01_Simple_AM.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>

sr = 48000
ksmps = 32
nchnls = 1
0dbfs = 1

instr 1
aRaise expseg 2, 20, 100
aModSine poscil 0.5, aRaise, 1
aDCOffset = 0.5    ; we want amplitude-modulation
aCarSine poscil 0.3, 440, 1
out aCarSine*(aModSine + aDCOffset)
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1
i 1 0 25
e
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)

THEORY, MATHEMATICS AND SIDEBANDS

5HE�SIDE�BANDS�APPEAR�ON�BOTH�SIDES�OF�THE�MAIN�FREQUENCY��5HIS�MEANS�	FREQ��FREQ�
�AND
	FREQ��FREQ�
�APPEAR�

5HE�SOUNDING�RESULT�OF�THE�FOLLOWING�EXAMPLE�CAN�BE�CALCULATED�AS�THIS��FREQ�������)Z

FREQ�������)Z����5HE�RESULT�IS�A�SOUND�WITH�<���
����
����>�)Z�



5HE�AMOUNT�OF�THE�SIDEBANDS�CAN�BE�CONTROLLED�BY�A�%$�OFFSET�OF�THE�MODULATOR�

Example 04C02_Sidebands.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>

sr = 48000
ksmps = 32
nchnls = 1
0dbfs = 1

instr 1
aOffset linseg 0, 1, 0, 5, 0.6, 3, 0
aSine1 poscil 0.3, 40 , 1
aSine2 poscil 0.3, 440, 1
out (aSine1+aOffset)*aSine2
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1
i 1 0 10
e
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)

3ING�MODULATION�IS�A�SPECIAL�CASE�OF�".
�WITHOUT�%$�OFFSET�	%$�0FFSET����
��5HAT
MEANS�THE�MODULATOR�VARIES�BETWEEN����AND����LIKE�THE�CARRIER��5HE�SOUNDING�DIFFERENCE
TO�".�IS
�THAT�3.�DOESN�T�CONTAIN�THE�CARRIER�FREQUENCY�

	*F�THE�MODULATOR�IS�UNIPOLAR�	OSCILLATES�BETWEEN���AND���
�THE�EFFECT�IS�CALLED�".�


MORE COMPLEX SYNTHESIS USING RING
MODULATION AND AMPLITUDE MODULATION

*F�THE�MODULATOR�ITSELF�CONTAINS�MORE�HARMONICS
�THE�RESULTING�RING�MODULATED�SOUND
BECOMES�MORE�COMPLEX�

$ARRIER�FREQ������)Z
.ODULATOR�FREQS�����)Z�WITH���HARMONICS���<���
����
����>�)Z
3ESULTING�FREQS�<�
����
����
��������
����
�����
�����>

Example 04C03_RingMod.csd



<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>

sr = 48000
ksmps = 32
nchnls = 1
0dbfs = 1

instr 1   ; Ring-Modulation (no DC-Offset)
aSine1 poscil 0.3, 200, 2 ; -> [200, 400, 600] Hz
aSine2 poscil 0.3, 600, 1
out aSine1*aSine2
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1 ; sine
f 2 0 1024 10 1 1 1; 3 harmonics
i 1 0 5
e
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)

6SING�AN�INHARMONIC�MODULATOR�FREQUENCY�ALSO�MAKES�THE�RESULT�SOUND�INHARMONIC�
7ARYING�THE�%$�OFFSET�MAKES�THE�SOUND�SPECTRUM�EVOLVE�OVER�TIME�
.ODULATOR�FREQS��<���
����
����>
3ESULTING�FREQS�<�	�
��
����
����
��������
����
�����
�����>
	NEGATIVE�FREQUENCIES�BECOME�MIRRORED
�BUT�PHASE�INVERTED


Example 04C04_Evolving_AM.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>

sr = 48000
ksmps = 32
nchnls = 1
0dbfs = 1

instr 1   ; Amplitude-Modulation
aOffset linseg 0, 1, 0, 5, 1, 3, 0
aSine1 poscil 0.3, 230, 2 ; -> [230, 460, 690] Hz
aSine2 poscil 0.3, 600, 1
out (aSine1+aOffset)*aSine2
endin

</CsInstruments>



<CsScore>
f 1 0 1024 10 1 ; sine
f 2 0 1024 10 1 1 1; 3 harmonics
i 1 0 10
e
</CsScore>
</CsoundSynthesizer>



FREQUENCY MODULATION

FROM VIBRATO TO THE EMERGENCE OF
SIDEBANDS

"�VIBRATO�IS�A�PERIODICAL�CHANGE�OF�PITCH
�NORMALLY�LESS�THAN�A�HALFTONE�AND�WITH�A�SLOW
CHANGING�RATE�	AROUND��)Z
��'REQUENCY�MODULATION�IS�USUALLY�IMPLEMENTED�USING�SINE�
WAVE�OSCILLATORS�

Example 04D01_Vibrato.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 48000
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1
aMod poscil 10, 5 , 1  ; 5 Hz vibrato with 10 Hz modulation-width
aCar poscil 0.3, 440+aMod, 1  ; -> vibrato between 430-450 Hz
outs aCar, aCar
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1                 ;Sine wave for table 1
i 1 0 2
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)

"S�THE�DEPTH�OF�MODULATION�IS�INCREASED
�IT�BECOMES�HARDER�TO�PERCEIVE�THE�BASE�
FREQUENCY
�BUT�IT�IS�STILL�VIBRATO�

Example 04D02_Vibrato_deep.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 48000
ksmps = 32
nchnls = 2
0dbfs = 1



instr 1
aMod poscil 90, 5 , 1 ; modulate 90Hz ->vibrato from 350 to 530 hz
aCar poscil 0.3, 440+aMod, 1
outs aCar, aCar
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1                 ;Sine wave for table 1
i 1 0 2
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)

THE SIMPLE MODULATOR->CARRIER PAIRING

*NCREASING�THE�MODULATION�RATE�LEADS�TO�A�DIFFERENT�EFFECT��'REQUENCY�MODULATION�WITH
MORE�THAN���)Z�IS�NO�LONGER�RECOGNIZED�AS�VIBRATO��5HE�MAIN�OSCILLATOR�FREQUENCY�LAYS�IN
THE�MIDDLE�OF�THE�SOUND�AND�SIDEBANDS�APPEAR�ABOVE�AND�BELOW��5HE�NUMBER�OF�SIDEBANDS
IS�RELATED�TO�THE�MODULATION�AMPLITUDE
�LATER�THIS�IS�CONTROLLED�BY�THE�SO�CALLED
modulation-index�

Example 04D03_FM_index.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 48000
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1
aRaise linseg 2, 10, 100    ;increase modulation from 2Hz to 100Hz
aMod poscil 10, aRaise , 1
aCar poscil 0.3, 440+aMod, 1
outs aCar, aCar
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1                 ;Sine wave for table 1
i 1 0 12
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)



)EREBY�THE�MAIN�OSCILLATOR�IS�CALLEDcarrier AND�THE�ONE�CHANGING�THE�CARRIERS�FREQUENCY
IS�THEmodulator��5HEmodulation-index� I = mod-amp/mod-freq��.AKING�CHANGES�TO�THE
MODULATION�INDEX
�CHANGES�THE�AMOUNT�OF�OVERTONES
�BUT�NOT�THE�OVERALL�VOLUME��5HAT
GIVES�THE�POSSIBILITY�PRODUCE�DRASTIC�TIMBRE�CHANGES�WITHOUT�THE�RISK�OF�DISTORTION�

8HENcarrier ANDmodulatorFREQUENCY�HAVE�INTEGER�RATIOS�LIKE����
����
����
�������THE
SIDEBANDS�BUILD�A�HARMONIC�SERIES
�WHICH�LEADS�TO�A�SOUND�WITH�CLEAR�FUNDAMENTAL�PITCH�

Example 04D04_Harmonic_FM.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 48000
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1
kCarFreq = 660     ; 660:440 = 3:2 -> harmonic spectrum
kModFreq = 440
kIndex = 15        ; high Index.. try lower values like 1, 2, 3..
kIndexM = 0
kMaxDev = kIndex*kModFreq
kMinDev = kIndexM*kModFreq
kVarDev = kMaxDev-kMinDev
kModAmp = kMinDev+kVarDev
aModulator poscil kModAmp, kModFreq, 1
aCarrier poscil 0.3, kCarFreq+aModulator, 1
outs aCarrier, aCarrier
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1                 ;Sine wave for table 1
i 1 0 15
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)

0THERWISE�THE�SPECTRUM�OF�THE�SOUND�IS�INHARMONIC
�WHICH�MAKES�IT�METALLIC�OR�NOISY�
3AISING�THEmodulation-index
�SHIFTS�THE�ENERGY�INTO�THE�SIDE�BANDS��5HE�SIDE�BANDS
DISTANCE�IS�Distance in Hz = (carrierFreq)-(k*modFreq) | k = {1, 2, 3, 4 ..}



5HIS�CALCULATION�CAN�RESULT�IN�NEGATIVE�FREQUENCIES��5HOSE�BECOME�REFLECTED�AT�ZERO
�BUT
WITH�INVERTED�PHASE��4O�NEGATIVE�FREQUENCIES�CAN�ERASE�EXISTING�ONES��'REQUENCIES�OVER
/YQUIST�FREQUENCY�	HALF�OF�SAMPLINGRATE
��FOLD�OVER��	ALIASING
�

THE JOHN CHOWNING FM MODEL OF A
TRUMPET

$OMPOSER�AND�RESEARCHER�+OWN�$HOWNING�WORKED�ON�THE�FIRST�DIGITAL�IMPLEMENTATION�OF
'.�IN�THE������S�

6SING�ENVELOPES�TO�CONTROL�THEmodulation indexAND�THE�OVERALL�AMPLITUDE�GIVES�YOU�THE
POSSIBILITY�TO�CREATE�EVOLVING�SOUNDS�WITH�ENORMOUS�SPECTRAL�VARIATIONS��$HOWNING
SHOWED�THESE�POSSIBILITIES�IN�HIS�PIECES
�WHERE�HE�LET�THE�SOUNDS�TRANSFORM��*N�THE�PIECE
SabelitheA�DRUM�SOUND�MORPHES�OVER�THE�TIME�INTO�A�TRUMPET�TONE�

Example 04D05_Trumpet_FM.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 48000
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1  ; simple way to generate a trumpet-like sound
kCarFreq = 440
kModFreq = 440
kIndex = 5
kIndexM = 0
kMaxDev = kIndex*kModFreq
kMinDev = kIndexM * kModFreq
kVarDev = kMaxDev-kMinDev
aEnv expseg .001, 0.2, 1, p3-0.3, 1, 0.2, 0.001
aModAmp = kMinDev+kVarDev*aEnv
aModulator poscil aModAmp, kModFreq, 1
aCarrier poscil 0.3*aEnv, kCarFreq+aModulator, 1
outs aCarrier, aCarrier
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1                 ;Sine wave for table 1
i 1 0 2
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)



5HE�FOLLOWING�EXAMPLE�USES�THE�SAME�INSTRUMENT
�WITH�DIFFERENT�SETTINGS�TO�GENERATE�A
BELL�LIKE�SOUND�

Example 04D06_Bell_FM.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 48000
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1  ; bell-like sound
kCarFreq = 200  ; 200/280 = 5:7 -> inharmonic spectrum
kModFreq = 280
kIndex = 12
kIndexM = 0
kMaxDev = kIndex*kModFreq
kMinDev = kIndexM * kModFreq
kVarDev = kMaxDev-kMinDev
aEnv expseg .001, 0.001, 1, 0.3, 0.5, 8.5, .001
aModAmp = kMinDev+kVarDev*aEnv
aModulator poscil aModAmp, kModFreq, 1
aCarrier poscil 0.3*aEnv, kCarFreq+aModulator, 1
outs aCarrier, aCarrier
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1                 ;Sine wave for table 1
i 1 0 9
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)

MORE COMPLEX FM ALGORITHMS

$OMBINING�MORE�THAN�TWO�OSCILLATORS�	OPERATORS
�IS�CALLED�COMPLEX�'.�SYNTHESIS�
0PERATORS�CAN�BE�CONNECTED�IN�DIFFERENT�COMBINATIONS�OFTEN�����OPERATORS�ARE�USED��5HE
CARRIER�IS�ALWAYS�THE�LAST�OPERATOR�IN�THE�ROW��$HANGING�IT�S�PITCH
�SHIFTS�THE�WHOLE�SOUND�
"LL�OTHER�OPERATORS�ARE�MODULATORS
�CHANGING�THEIR�PITCH�ALTERS�THE�SOUND�SPECTRUM�

Two into One: M1+M2 -> C

5HE�PRINCIPLE�HERE�IS
�THAT�	.��$
�AND�	.��$
�WILL�BE�SEPARATE�MODULATIONS�AND�LATER
ADDED�TOGETHER�



Example 04D07_Added_FM.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 48000
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1
aMod1 poscil 200, 700, 1
aMod2 poscil 1800, 290, 1
aSig poscil 0.3, 440+aMod1+aMod2, 1
outs aSig, aSig
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1                 ;Sine wave for table 1
i 1 0 3
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)

In series: M1->M2->C

5HIS�IS�MUCH�MORE�COMPLICATED�TO�CALCULATE�AND�SOUND�TIMBRE�BECOMES�HARDER�TO�PREDICT

BECAUSE�.��.��PRODUCES�A�COMPLEX�SPECTRUM�	8

�WHICH�THEN�MODULATES�THE�CARRIER
	8�$
�

Example 04D08_Serial_FM.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 48000
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1
aMod1 poscil 200, 700, 1
aMod2 poscil 1800, 290+aMod1, 1
aSig poscil 0.3, 440+aMod2, 1
outs aSig, aSig
endin



</CsInstruments>
<CsScore>
f 1 0 1024 10 1                 ;Sine wave for table 1
i 1 0 3
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)

PHASE MODULATION - THE YAMAHA DX7 AND
FEEDBACK FM

5HERE�IS�A�STRONG�RELATION�BETWEEN�FREQUENCY�MODULATION�AND�PHASE�MODULATION
�AS�BOTH
TECHNIQUES�INFLUENCE�THE�OSCILLATOR�S�PITCH
�AND�THE�RESULTING�TIMBRE�MODIFICATIONS�ARE�THE
SAME�

*F�YOU�D�LIKE�TO�BUILD�A�FEEDBACKING�'.�SYSTEM
�IT�WILL�HAPPEN�THAT�THE�SELF�MODULATION
COMES�TO�A�ZERO�POINT
�WHICH�STOPS�THE�OSCILLATOR�FOREVER��5O�AVOID�THIS
�IT�IS�MORE
PRACTICAL�TO�MODULATE�THE�CARRIERS�TABLE�LOOKUP�PHASE
�INSTEAD�OF�ITS�PITCH�

&VEN�THE�MOST�FAMOUS�'.�SYNTHESIZER�:AMAHA�%9��IS�BASED�ON�THE�PHASE�MODULATION
	1.
�TECHNIQUE
�BECAUSE�THIS�ALLOWS�FEEDBACK��5HE�%9��PROVIDES���OPERATORS
�AND�OFFERS
���ROUTING�COMBINATIONS�OF�THESE��	HTTP���YALA�FREESERVERS�COM�T�SYNTHS�HTM�%9�


5O�BUILD�A�1.�SYNTH�IN�$SOUNDtableiOPCODE�NEEDS�TO�BE�USED�AS�OSCILLATOR��*N�ORDER�TO
STEP�THROUGH�THE�F�TABLE
�AphasorWILL�OUTPUT�THE�NECESSARY�STEPS�

Example 04D09_PhaseMod.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 48000
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1  ; simple PM-Synth
kCarFreq = 200
kModFreq = 280
kModFactor = kCarFreq/kModFreq
kIndex = 12/6.28   ;  12/2pi to convert from radians to norm. table index
aEnv expseg .001, 0.001, 1, 0.3, 0.5, 8.5, .001
aModulator poscil kIndex*aEnv, kModFreq, 1
aPhase phasor kCarFreq
aCarrier tablei aPhase+aModulator, 1, 1, 0, 1
outs (aCarrier*aEnv), (aCarrier*aEnv)
endin



</CsInstruments>
<CsScore>
f 1 0 1024 10 1                 ;Sine wave for table 1
i 1 0 9
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)

-ET�S�USE�THE�POSSIBILITIES�OF�SELF�MODULATION�	FEEDBACK�MODULATION
�OF�THE�OSCILLATOR��4O
IN�THE�FOLLOWING�EXAMPLE
�THE�OSCILLATOR�IS�BOTHmodulatorANDcarrier��5O�CONTROL�THE
AMOUNT�OF�MODULATION
�AN�ENVELOPE�SCALES�THE�FEEDBACK�

Example 04D10_Feedback_modulation.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 48000
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1  ; feedback PM
kCarFreq = 200
kFeedbackAmountEnv linseg 0, 2, 0.2, 0.1, 0.3, 0.8, 0.2, 1.5, 0
aAmpEnv expseg .001, 0.001, 1, 0.3, 0.5, 8.5, .001
aPhase phasor kCarFreq
aCarrier init 0 ; init for feedback
aCarrier tablei aPhase+(aCarrier*kFeedbackAmountEnv), 1, 1, 0, 1
outs aCarrier*aAmpEnv, aCarrier*aAmpEnv
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1                 ;Sine wave for table 1
i 1 0 9
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)



WAVESHAPING
8AVESHAPING�CAN�IN�SOME�WAYS�BE�THOUGHT�OF�AS�A�RELATION�TO�MODULATION�TECHNIQUES�SUCH
AS�FREQUENCY�OR�PHASE�MODULATION��8AVESHAPING�CAN�ACHIEVE�QUITE�DRAMATIC�SOUND
TRANFORMATIONS�THROUGH�THE�APPLICATION�OF�A�VERY�SIMPLE�PROCESS��*N�'.�	FREQUENCY
MODULATION
�SYNTHESIS�MODULATION�OCCURS�BETWEEN�TWO�OSCILLATORS
�WAVESHAPING�IS
IMPLEMENTED�USING�A�SINGLE�OSCILLATOR�	USUALLY�A�SIMPLE�SINE�OSCILLATOR
�AND�A�SO�CALLED
�TRANSFER�FUNCTION���5HE�TRANSFER�FUNCTION�TRANSFORMS�AND�SHAPES�THE�INCOMING�AMPLITUDE
VALUES�USING�A�SIMPLE�LOOKUP�PROCESS��IF�THE�INCOMING�VALUE�IS�X
�THE�OUTGOING�VALUE
BECOMES�Y��5HIS�CAN�BE�WRITTEN�AS�A�TABLE�WITH�TWO�COLUMNS��)ERE�IS�A�SIMPLE�EXAMPLE�

Incoming (x) Value Outgoing (y) Value

�����OR�LOWER ��

BETWEEN������AND����REMAIN�UNCHANGED

����OR�HIGHER �

*LLUSTRATING�THIS�IN�AN�X�Y�COORDINATE�SYSTEM�RESULTS�IN�THE�FOLLOWING�IMAGE�



BASIC IMPLEMENTATION MODEL

*MPLEMENTING�THIS�AS�$SOUND�CODE�IS�PRETTY�STRAIGHTFORWARD��5HE�X�AXIS�IS�THE�AMPLITUDE

OF�EVERY�SINGLE�SAMPLE
�WHICH�IS�IN�THE�RANGE�OF����TO����� 5HIS�NUMBER�HAS�TO�BE�USED�AS
INDEX�TO�A�TABLE�WHICH�STORES�THE�TRANSFER�FUNCTION��5O�CREATE�A�TABLE�LIKE�THE�ONE�ABOVE


YOU�CAN�USE�$SOUND�S�SUB�ROUTINE�(&/��� ��5HIS�STATEMENT�WILL�CREATE�A�TABLE�OF�����
POINTS�IN�THE�DESIRED�SHAPE�

giTrnsFnc ftgen 0, 0, 4096, -7, -0.5, 1024, -0.5, 2048, 0.5, 1024, 0.5

e-waveshaping#InsertNoteID_26
e-waveshaping#InsertNoteID_28


/OW
�TWO�PROBLEMS�MUST�BE�SOLVED��'IRST
�THE�INDEX�OF�THE�FUNCTION�TABLE�IS�NOT����TO����
3ATHER
�IT�IS�EITHER���TO������IN�THE�RAW�INDEX�MODE
�OR���TO���IN�THE�NORMALIZED�MODE�
5HE�SIMPLEST�SOLUTION�IS�TO�USE�THE�NORMALIZED�INDEX�AND�SCALE�THE�INCOMING�AMPLITUDES

SO�THAT�AN�AMPLITUDE�OF����BECOMES�AN�INDEX�OF��
�AND�AN�AMPLITUDE�OF���BECOMES�AN
INDEX�OF���

aIndx = (aAmp + 1) / 2

5HE�OTHER�PROBLEM�STEMS�FROM�THE�DIFFERENCE�IN�THE�ACCURACY�OF�POSSIBLE�VALUES�IN�A
SAMPLE�AND�IN�A�FUNCTION�TABLE��&VERY�SINGLE�SAMPLE�IS�ENCODED�IN�A����BIT�FLOATING�POINT

NUMBER�IN�STANDARD�AUDIO�APPLICATIONS���OR�EVEN�IN�A����BIT�FLOAT�IN�RECENT�$SOUND�� "
TABLE�WITH������POINTS�RESULTS�IN�A����BIT�NUMBER
�SO�YOU�WILL�HAVE�A�SERIOUS�LOSS�OF

ACCURACY�	��SOUND�QUALITY
�IF�YOU�USE�THE�TABLE�VALUES�DIRECTLY�� )ERE
�THE�SOLUTION�IS�TO
USE�AN�INTERPOLATING�TABLE�READER��5HE�OPCODETABLEI	INSTEAD�OFTABLE
�DOES�THIS�JOB��5HIS
OPCODE�THEN�NEEDS�AN�EXTRA�POINT�IN�THE�TABLE�FOR�INTERPOLATING
�SO�IT�IS�WISE�TO�USE������AS

SIZE�INSTEAD�OF�������

5HIS�IS�THE�CODE�FOR�THE�SIMPLE�WAVESHAPING�WITH�THE�TRANSFER�FUNCTION�WHICH�HAS�BEEN
DISCUSSED�SO�FAR�

EXAMPLE 04E01_Simple_waveshaping.csd

e-waveshaping#InsertNoteID_30
e-waveshaping#InsertNoteID_32
http://www.csounds.com/manual/html/tablei.html
http://www.csounds.com/manual/html/table.html
e-waveshaping#InsertNoteID_44


<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giTrnsFnc ftgen 0, 0, 4097, -7, -0.5, 1024, -0.5, 2048, 0.5, 1024, 0.5
giSine    ftgen 0, 0, 1024, 10, 1

instr 1
aAmp      poscil    1, 400, giSine
aIndx     =         (aAmp + 1) / 2
aWavShp   tablei    aIndx, giTrnsFnc, 1

outs      aWavShp, aWavShp
endin

</CsInstruments>
<CsScore>
i 1 0 10
</CsScore>
</CsoundSynthesizer>



CHEBYCHEV POLYNOMIALS AS TRANSFER
FUNCTIONS

$OMING�IN�A�FUTURE�RELEASE�OF�THIS�MANUAL���

�� 6SE�THE�STATEMENT��DBFS���IN�THE�ORCHESTRA�HEADER�TO�ENSURE�THIS�?

�� 4EE�CHAPTER���%�'6/$5*0/�5"#-&4�TO�FIND�MORE�INFORMATION�ABOUT�CREATING

TABLES�?

e-waveshaping#InsertNoteID_26_marker27
e-waveshaping#InsertNoteID_28_marker29


�� 5HIS�IS�THE��D��IN�SOME�ABBREVIATIONS�LIKE�$SOUND�����GNU�WIN���D�EXE�	D��

DOUBLE�PRECISION�FLOATS
�?

�� 0F�COURSE�YOU�CAN�USE�AN�EVEN�SMALLER�TABLE�IF�YOUR�GOAL�IS�THE�DEGRADATION�OF�THE

INCOMING�SOUND�	�DISTORTION�
��4EE�CHAPTER���'�FOR�SOME�EXAMPLES�?

�� "�TABLE�SIZE�OF�A�POWER�OF�TWO�PLUS�ONE�INSERTS�THE��EXTENDED�GUARD�POINT��AS�AN
EXTENSION�OF�THE�LAST�TABLE�VALUE
�INSTEAD�OF�COPYING�THE�FIRST�INDEX�TO�THIS
LOCATION��4EE�HTTP���WWW�CSOUNDS�COM�MANUAL�HTML�F�HTML�FOR�MORE

INFORMATION�?

e-waveshaping#InsertNoteID_30_marker31
e-waveshaping#InsertNoteID_32_marker33
e-waveshaping#InsertNoteID_44_marker45


GRANULAR SYNTHESIS

CONCEPT BEHIND GRANULAR SYNTHESIS

(RANULAR�SYNTHESIS�IS�A�TECHNIQUE�IN�WHICH�A�SOURCE�SOUND�OR�WAVEFORM�IS�BROKEN�INTO
MANY�FRAGMENTS
�OFTEN�OF�VERY�SHORT�DURATION
�WHICH�ARE�THEN�RESTRUCTURED�AND�REARRANGED
ACCORDING�TO�VARIOUS�PATTERNING�AND�INDETERMINACY�FUNCTIONS�

*F�WE�IMAGINE�THE�SIMPLEST�POSSIBLE�GRANULAR�SYNTHESIS�ALGORITHM�IN�WHICH�A�PRECISE
FRAGMENT�OF�SOUND�IS�REPEATED�WITH�REGULARITY
�THERE�ARE�TWO�PRINCIPLE�ATTRIBUTES�OF�THIS
PROCESS�THAT�WE�ARE�MOST�CONCERNED�WITH��'IRSTLY�THE�DURATION�OF�EACH�SOUND�GRAIN�IS
SIGNIFICANT��IF�THE�GRAIN�DURATION�IF�VERY�SMALL
�TYPICALLY�LESS�THAN������SECONDS
�THEN�LESS
OF�THE�CHARACTERISTICS�OF�THE�SOURCE�SOUND�WILL�BE�EVIDENT��*F�THE�GRAIN�DURATION�IS�GREATER
THAN������THEN�MORE�OF�THE�CHARACTER�OF�THE�SOURCE�SOUND�OR�WAVEFORM�WILL�BE�EVIDENT�
4ECONDLY�THE�RATE�AT�WHICH�GRAINS�ARE�GENERATED�WILL�BE�SIGNIFICANT��IF�GRAIN�GENERATION�IS
BELOW����HERTZ
�I�E��LESS�THAN����GRAINS�PER�SECOND
�THEN�THE�STREAM�OF�GRAINS�WILL�BE
PERCEIVED�AS�A�RHYTHMIC�PULSATION��IF�RATE�OF�GRAIN�GENERATION�INCREASES�BEYOND����)Z�THEN
INDIVIDUAL�GRAINS�WILL�BE�HARDER�TO�DISTINGUISH�AND�INSTEAD�WE�WILL�BEGIN�TO�PERCEIVE�A
BUZZING�TONE
�THE�FUNDAMENTAL�OF�WHICH�WILL�CORRESPOND�TO�THE�FREQUENCY�OF�GRAIN
GENERATION��"NY�PITCH�CONTAINED�WITHIN�THE�SOURCE�MATERIAL�IS�NOT�NORMALLY�PERCEIVED�AS
THE�FUNDAMENTAL�OF�THE�TONE�WHENEVER�GRAIN�GENERATION�IS�PERIODIC
�INSTEAD�THE�PITCH�OF�THE
SOURCE�MATERIAL�OR�WAVEFORM�WILL�BE�PERCEIVED�AS�A�RESONANCE�PEAK�	SOMETIMES�REFERRED
TO�AS�A�FORMANT
��THEREFORE�TRANSPOSITION�OF�THE�SOURCE�MATERIAL�WILL�RESULT�IN�THE�SHIFTING�OF
THIS�RESONANCE�PEAK�

GRANULAR SYNTHESIS DEMONSTRATED USING
FIRST PRINCIPLES

5HE�FOLLOWING�EXAMPLE�EXEMPLIFIES�THE�CONCEPTS�DISCUSSED�ABOVE��/ONE�OF�$SOUND�S
BUILT�IN�GRANULAR�SYNTHESIS�OPCODES�ARE�USED
�INSTEADSCHEDKWHENIN�INSTRUMENT���IS�USED
TO�PRECISELY�CONTROL�THE�TRIGGERING�OF�GRAINS�IN�INSTRUMENT����5HREE�NOTES�IN�INSTRUMENT��
ARE�CALLED�FROM�THE�SCORE�ONE�AFTER�THE�OTHER�WHICH�IN�TURN�GENERATE�THREE�STREAMS�OF�GRAINS
IN�INSTRUMENT����5HE�FIRST�NOTE�DEMONSTRATES�THE�TRANSITION�FROM�PULSATION�TO�THE
PERCEPTION�OF�A�TONE�AS�THE�RATE�OF�GRAIN�GENERATION�EXTENDS�BEYOND����)Z��5HE�SECOND
NOTE�DEMONSTRATES�THE�LOSS�OF�INFLUENCE�OF�THE�SOURCE�MATERIAL�AS�THE�GRAIN�DURATION�IS
REDUCED�BELOW������SECONDS��5HE�THIRD�NOTE�DEMONSTRATES�HOW�SHIFTING�THE�PITCH�OF�THE
SOURCE�MATERIAL�FOR�THE�GRAINS�RESULTS�IN�THE�SHIFTING�OF�A�RESONANCE�PEAK�IN�THE�OUTPUT
TONE��*N�EACH�CASE�INFORMATION�REGARDING�RATE�OF�GRAIN�GENERATION
�DURATION�AND
FUNDAMENTAL�	SOURCE�MATERIAL�PITCH
�IS�OUTPUT�TO�THE�TERMINAL�EVERY�����SECOND�SO�THAT�THE
USER�CAN�OBSERVE�THE�CHANGING�PARAMETERS�

http://www.csounds.com/manual/html/schedkwhen.html


*T�SHOULD�ALSO�BE�NOTED�HOW�THE�AMPLITUDE�OF�EACH�GRAIN�IS�ENVELOPED�IN�INSTRUMENT����*F
GRAINS�WERE�LEFT�UNENVELOPED�THEY�WOULD�LIKELY�PRODUCE�CLICKS�ON�ACCOUNT�OF
DISCONTINUITIES�IN�THE�WAVEFORM�PRODUCED�AT�THE�BEGINNING�AND�ENDING�OF�EACH�GRAIN�

(RANULAR�SYNTHESIS�IN�WHICH�GRAIN�GENERATION�OCCURS�WITH�PERCEIVABLE�PERIODICITY�IS
REFERRED�TO�AS�SYNCHRONOUS�GRANULAR�SYNTHESIS��GRANULAR�SYNTHESIS�IN�WHICH�THIS�PERIODICITY
IS�NOT�EVIDENT�IS�REFERRED�TO�AS�ASYNCHRONOUS�GRANULAR�SYNTHESIS�

EXAMPLE 04F01_GranSynth_basic.csd

<CsoundSynthesizer>

<CsOptions>
-odac -m0
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

sr = 44100
ksmps = 1
nchnls = 1
0dbfs = 1

giSine  ftgen  0,0,4096,10,1

instr 1
kRate  expon  p4,p3,p5   ; rate of grain generation
kTrig  metro  kRate      ; a trigger to generate grains
kDur   expon  p6,p3,p7   ; grain duration
kForm  expon  p8,p3,p9   ; formant (spectral centroid)

;                      p1 p2 p3   p4
schedkwhen    kTrig,0,0,2, 0, kDur,kForm ;trigger a note(grain) in instr 2
;print data to terminal every 1/2 second
printks "Rate:%5.2F  Dur:%5.2F  Formant:%5.2F%n", 0.5, kRate , kDur, kForm

endin

instr 2
iForm =       p4
aEnv  linseg  0,0.005,0.2,p3-0.01,0.2,0.005,0
aSig  poscil  aEnv, iForm, giSine

out     aSig
endin

</CsInstruments>

<CsScore>
;p4 = rate begin
;p5 = rate end
;p6 = duration begin
;p7 = duration end
;p8 = formant begin
;p9 = formant end



; p1 p2 p3 p4 p5  p6   p7    p8  p9
i 1  0  30 1  100 0.02 0.02  400 400  ;demo of grain generation rate
i 1  31 10 10 10  0.4  0.01  400 400  ;demo of grain size
i 1  42 20 50 50  0.02 0.02  100 5000 ;demo of changing formant
e
</CsScore>

</CsoundSynthesizer>

GRANULAR SYNTHESIS OF VOWELS: FOF

5HE�PRINCIPLES�OUTLINED�IN�THE�PREVIOUS�EXAMPLE�CAN�BE�EXTENDED�TO�IMITATE�VOWEL�SOUNDS
PRODUCED�BY�THE�HUMAN�VOICE��5HIS�TYPE�OF�GRANULAR�SYNTHESIS�IS�REFERRED�TO�AS�'0'
	FONCTION�D�ONDE�FORMATIQUE
�SYNTHESIS�AND�IS�BASED�ON�WORK�BY�9AVIER�3ODET�ON�HIS
$)"/5�PROGRAM�AT�*3$".��5YPICALLY�FIVE�SYNCHRONOUS�GRANULAR�SYNTHESIS�STREAMS�WILL
BE�USED�TO�CREATE�FIVE�DIFFERENT�RESONANT�PEAKS�IN�A�FUNDAMENTAL�TONE�IN�ORDER�TO�IMITATE
DIFFERENT�VOWEL�SOUNDS�EXPRESSIBLE�BY�THE�HUMAN�VOICE��5HE�MOST�CRUCIAL�ELEMENT�IN
DEFINING�A�VOWEL�IMITATION�IS�THE�DEGREE�TO�WHICH�THE�SOURCE�MATERIAL�WITHIN�EACH�OF�THE
FIVE�GRAIN�STREAMS�IS�TRANSPOSED��#ANDWIDTH�	ESSENTIALLY�GRAIN�DURATION
�AND�INTENSITY
	LOUDNESS
�OF�EACH�GRAIN�STREAM�ARE�ALSO�IMPORTANT�INDICATORS�IN�DEFINING�THE�RESULTANT
SOUND�

$SOUND�HAS�A�NUMBER�OF�OPCODES�THAT�MAKE�WORKING�WITH�'0'�SYNTHESIS�EASIER��8E�WILL
BE�USINGFOF�

*NFORMATION�REGARDING�FREQUENCY
�BANDWIDTH�AND�INTENSITY�VALUES�THAT�WILL�PRODUCE
VARIOUS�VOWEL�SOUNDS�FOR�DIFFERENT�VOICE�TYPES�CAN�BE�FOUND�IN�THE�APPENDIX�OF�THE
$SOUND�MANUALHERE��5HESE�VALUES�ARE�STORED�IN�FUNCTION�TABLES�IN�THE�'0'�SYNTHESIS
EXAMPLE��(&/��
�WHICH�PRODUCES�LINEAR�BREAK�POINT�ENVELOPES
�IS�CHOSEN�AS�WE�WILL�THEN
BE�ABLE�TO�MORPH�CONTINUOUSLY�BETWEEN�VOWELS�

EXAMPLE 04F02_Fof_vowels.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>
;example by Iain McCurdy

sr = 44100
ksmps = 16
nchnls = 2
0dbfs = 1

;FUNCTION TABLES STORING DATA FOR VARIOUS VOICE FORMANTS
;BASS

http://www.csounds.com/manual/html/fof.html
http://www.csounds.com/manual/html/MiscFormants.html


giBF1 ftgen 0, 0, -5, -2, 600,   400, 250,   400,  350
giBF2 ftgen 0, 0, -5, -2, 1040, 1620, 1750,  750,  600
giBF3 ftgen 0, 0, -5, -2, 2250, 2400, 2600, 2400, 2400
giBF4 ftgen 0, 0, -5, -2, 2450, 2800, 3050, 2600, 2675
giBF5 ftgen 0, 0, -5, -2, 2750, 3100, 3340, 2900, 2950

giBDb1 ftgen 0, 0, -5, -2,   0,          0,   0,   0,   0
giBDb2 ftgen 0, 0, -5, -2,  -7,        -12, -30, -11, -20
giBDb3 ftgen 0, 0, -5, -2,  -9,         -9, -16, -21, -32
giBDb4 ftgen 0, 0, -5, -2,  -9,        -12, -22, -20, -28
giBDb5 ftgen 0, 0, -5, -2, -20,        -18, -28, -40, -36

giBBW1 ftgen 0, 0, -5, -2,  60,  40,  60,  40,  40
giBBW2 ftgen 0, 0, -5, -2,  70,  80,  90,  80,  80
giBBW3 ftgen 0, 0, -5, -2, 110, 100, 100, 100, 100
giBBW4 ftgen 0, 0, -5, -2, 120, 120, 120, 120, 120
giBBW5 ftgen 0, 0, -5, -2, 130, 120, 120, 120, 120

;TENOR
giTF1 ftgen 0, 0, -5, -2,  650,  400,  290,  400,  350
giTF2 ftgen 0, 0, -5, -2, 1080, 1700, 1870,  800,  600
giTF3 ftgen 0, 0, -5, -2, 2650,        2600, 2800, 2600, 2700
giTF4 ftgen 0, 0, -5, -2, 2900,        3200, 3250, 2800, 2900
giTF5 ftgen 0, 0, -5, -2, 3250,        3580, 3540, 3000, 3300

giTDb1 ftgen 0, 0, -5, -2,   0,   0,   0,   0,   0
giTDb2 ftgen 0, 0, -5, -2,  -6, -14, -15, -10, -20
giTDb3 ftgen 0, 0, -5, -2,  -7, -12, -18, -12, -17
giTDb4 ftgen 0, 0, -5, -2,  -8, -14, -20, -12, -14
giTDb5 ftgen 0, 0, -5, -2, -22, -20, -30, -26, -26

giTBW1 ftgen 0, 0, -5, -2,  80,         70,  40,  40,  40
giTBW2 ftgen 0, 0, -5, -2,  90,         80,  90,  80,  60
giTBW3 ftgen 0, 0, -5, -2, 120,        100, 100, 100, 100
giTBW4 ftgen 0, 0, -5, -2, 130,        120, 120, 120, 120
giTBW5 ftgen 0, 0, -5, -2, 140,        120, 120, 120, 120

;COUNTER TENOR
giCTF1 ftgen 0, 0, -5, -2,  660,  440,  270,  430,  370
giCTF2 ftgen 0, 0, -5, -2, 1120, 1800, 1850,  820,  630
giCTF3 ftgen 0, 0, -5, -2, 2750, 2700, 2900, 2700, 2750
giCTF4 ftgen 0, 0, -5, -2, 3000, 3000, 3350, 3000, 3000
giCTF5 ftgen 0, 0, -5, -2, 3350, 3300, 3590, 3300, 3400

giTBDb1 ftgen 0, 0, -5, -2,   0,   0,   0,   0,   0
giTBDb2 ftgen 0, 0, -5, -2,  -6, -14, -24, -10, -20
giTBDb3 ftgen 0, 0, -5, -2, -23, -18, -24, -26, -23
giTBDb4 ftgen 0, 0, -5, -2, -24, -20, -36, -22, -30
giTBDb5 ftgen 0, 0, -5, -2, -38, -20, -36, -34, -30

giTBW1 ftgen 0, 0, -5, -2, 80,   70,  40,  40,  40
giTBW2 ftgen 0, 0, -5, -2, 90,   80,  90,  80,  60
giTBW3 ftgen 0, 0, -5, -2, 120, 100, 100, 100, 100
giTBW4 ftgen 0, 0, -5, -2, 130, 120, 120, 120, 120
giTBW5 ftgen 0, 0, -5, -2, 140, 120, 120, 120, 120



;ALTO
giAF1 ftgen 0, 0, -5, -2,  800,  400,  350,  450,  325
giAF2 ftgen 0, 0, -5, -2, 1150, 1600, 1700,  800,  700
giAF3 ftgen 0, 0, -5, -2, 2800, 2700, 2700, 2830, 2530
giAF4 ftgen 0, 0, -5, -2, 3500, 3300, 3700, 3500, 2500
giAF5 ftgen 0, 0, -5, -2, 4950, 4950, 4950, 4950, 4950

giADb1 ftgen 0, 0, -5, -2,   0,   0,   0,   0,   0
giADb2 ftgen 0, 0, -5, -2,  -4, -24, -20,  -9, -12
giADb3 ftgen 0, 0, -5, -2, -20, -30, -30, -16, -30
giADb4 ftgen 0, 0, -5, -2, -36, -35, -36, -28, -40
giADb5 ftgen 0, 0, -5, -2, -60, -60, -60, -55, -64

giABW1 ftgen 0, 0, -5, -2, 50,   60,  50,  70,  50
giABW2 ftgen 0, 0, -5, -2, 60,   80, 100,  80,  60
giABW3 ftgen 0, 0, -5, -2, 170, 120, 120, 100, 170
giABW4 ftgen 0, 0, -5, -2, 180, 150, 150, 130, 180
giABW5 ftgen 0, 0, -5, -2, 200, 200, 200, 135, 200

;SOPRANO
giSF1 ftgen 0, 0, -5, -2,  800,  350,  270,  450,  325
giSF2 ftgen 0, 0, -5, -2, 1150, 2000, 2140,  800,  700
giSF3 ftgen 0, 0, -5, -2, 2900, 2800, 2950, 2830, 2700
giSF4 ftgen 0, 0, -5, -2, 3900, 3600, 3900, 3800, 3800
giSF5 ftgen 0, 0, -5, -2, 4950, 4950, 4950, 4950, 4950

giSDb1 ftgen 0, 0, -5, -2,   0,   0,   0,   0,   0
giSDb2 ftgen 0, 0, -5, -2,  -6, -20, -12, -11, -16
giSDb3 ftgen 0, 0, -5, -2, -32, -15, -26, -22, -35
giSDb4 ftgen 0, 0, -5, -2, -20, -40, -26, -22, -40
giSDb5 ftgen 0, 0, -5, -2, -50, -56, -44, -50, -60

giSBW1 ftgen 0, 0, -5, -2,  80,  60,  60,  70,  50
giSBW2 ftgen 0, 0, -5, -2,  90,  90,  90,  80,  60
giSBW3 ftgen 0, 0, -5, -2, 120, 100, 100, 100, 170
giSBW4 ftgen 0, 0, -5, -2, 130, 150, 120, 130, 180
giSBW5 ftgen 0, 0, -5, -2, 140, 200, 120, 135, 200

gisine ftgen 0, 0, 4096, 10, 1
giexp ftgen 0, 0, 1024, 19, 0.5, 0.5, 270, 0.5

instr 1
kFund    expon     p4,p3,p5               ; fundemental
kVow     line      p6,p3,p7               ; vowel select
kBW      line      p8,p3,p9               ; bandwidth factor
iVoice   =         p10                    ; voice select

; read formant cutoff frequenies from tables
kForm1   tablei    kVow*5,giBF1+(iVoice*15)
kForm2   tablei    kVow*5,giBF1+(iVoice*15)+1
kForm3   tablei    kVow*5,giBF1+(iVoice*15)+2
kForm4   tablei    kVow*5,giBF1+(iVoice*15)+3
kForm5   tablei    kVow*5,giBF1+(iVoice*15)+4
; read formant intensity values from tables
kDB1     tablei    kVow*5,giBF1+(iVoice*15)+5
kDB2     tablei    kVow*5,giBF1+(iVoice*15)+6



kDB3     tablei    kVow*5,giBF1+(iVoice*15)+7
kDB4     tablei    kVow*5,giBF1+(iVoice*15)+8
kDB5     tablei    kVow*5,giBF1+(iVoice*15)+9
; read formant bandwidths from tables
kBW1     tablei    kVow*5,giBF1+(iVoice*15)+10
kBW2     tablei    kVow*5,giBF1+(iVoice*15)+11
kBW3     tablei    kVow*5,giBF1+(iVoice*15)+12
kBW4     tablei    kVow*5,giBF1+(iVoice*15)+13
kBW5     tablei    kVow*5,giBF1+(iVoice*15)+14
; create resonant formants using fof opcode
koct     =         1
aForm1   fof       ampdb(kDB1),kFund,kForm1,0,kBW1,0.003,0.02,0.007,\

1000,gisine,giexp,3600
aForm2   fof       ampdb(kDB2),kFund,kForm2,0,kBW2,0.003,0.02,0.007,\

1000,gisine,giexp,3600
aForm3   fof       ampdb(kDB3),kFund,kForm3,0,kBW3,0.003,0.02,0.007,\

1000,gisine,giexp,3600
aForm4   fof       ampdb(kDB4),kFund,kForm4,0,kBW4,0.003,0.02,0.007,\

1000,gisine,giexp,3600
aForm5   fof       ampdb(kDB5),kFund,kForm5,0,kBW5,0.003,0.02,0.007,\

1000,gisine,giexp,3600

; formants are mixed
aMix     sum       aForm1,aForm2,aForm3,aForm4,aForm5
kEnv     linseg    0,3,1,p3-6,1,3,0     ; an amplitude envelope

outs      aMix*kEnv*0.3, aMix*kEnv*0.3 ; send audio to outputs
endin

</CsInstruments>

<CsScore>
; p4 = fundamental begin value (c.p.s.)
; p5 = fundamental end value
; p6 = vowel begin value (0 - 1 : a e i o u)
; p7 = vowel end value
; p8 = bandwidth factor begin (suggested range 0 - 2)
; p9 = bandwidth factor end
; p10 = voice (0=bass; 1=tenor; 2=counter_tenor; 3=alto; 4=soprano)

; p1 p2  p3  p4  p5  p6  p7  p8  p9 p10
i 1  0   10  50  100 0   1   2   0  0
i 1  8   .   78  77  1   0   1   0  1
i 1  16  .   150 118 0   1   1   0  2
i 1  24  .   200 220 1   0   0.2 0  3
i 1  32  .   400 800 0   1   0.2 0  4
e
</CsScore>
</CsoundSynthesizer>

ASYNCHRONOUS GRANULAR SYNTHESIS

5HE�PREVIOUS�TWO�EXAMPLES�HAVE�PLAYED�PSYCHOACOUSTIC�PHENOMENA�ASSOCIATED�WITH�THE
PERCEPTION�OF�GRANULAR�TEXTURES�THAT�EXHIBIT�PERIODICITY�AND�PATTERNS��*F�WE�INTRODUCE



INDETERMINACY�INTO�SOME�OF�THE�PARAMETERS�OF�GRANULAR�SYNTHESIS�WE�BEGIN�TO�LOSE�THE
COHERENCE�OF�SOME�OF�THESE�HARMONIC�STRUCTURES�

5HE�NEXT�EXAMPLE�IS�BASED�ON�THE�DESIGN�OF�EXAMPLE���'���CSD��5WO�STREAMS�OF�GRAINS
ARE�GENERATED��5HE�FIRST�STREAM�BEGINS�AS�A�SYNCHRONOUS�STREAM�BUT�AS�THE�NOTE�PROGRESSES
THE�PERIODICITY�OF�GRAIN�GENERATION�IS�ERODED�THROUGH�THE�ADDITION�OF�AN�INCREASING�DEGREE
OFGAUSSIANNOISE��*T�WILL�BE�HEARD�HOW�THE�TONE�METAMORPHOSIZES�FROM�ONE�CHARACTERIZED
BY�STEADY�PURITY�TO�ONE�OF�FUZZY�AIRINESS��5HE�SECOND�THE�APPLIES�A�SIMILAR�PROCESS�OF
INCREASING�INDETERMINACY�TO�THE�FORMANT�PARAMETER�	FREQUENCY�OF�MATERIAL�WITHIN�EACH
GRAIN
�

0THER�PARAMETERS�OF�GRANULAR�SYNTHESIS�SUCH�AS�THE�AMPLITUDE�OF�EACH�GRAIN
�GRAIN
DURATION
�SPATIAL�LOCATION�ETC��CAN�BE�SIMILARLY�MODULATED�WITH�RANDOM�FUNCTIONS�TO�OFFSET
THE�PSYCHOACOUSTIC�EFFECTS�OF�SYNCHRONICITY�WHEN�USING�CONSTANT�VALUES�

EXAMPLE 04F03_Asynchronous_GS.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

sr = 44100
ksmps = 1
nchnls = 1
0dbfs = 1

giWave  ftgen  0,0,2^10,10,1,1/2,1/4,1/8,1/16,1/32,1/64

instr 1 ;grain generating instrument 1
kRate         =          p4
kTrig         metro      kRate      ; a trigger to generate grains
kDur          =          p5
kForm         =          p6
;note delay time (p2) is defined using a random function -
;- beginning with no randomization but then gradually increasing
kDelayRange   transeg    0,1,0,0,  p3-1,4,0.03
kDelay        gauss      kDelayRange
;                                  p1 p2 p3   p4

schedkwhen kTrig,0,0,3, abs(kDelay), kDur,kForm ;trigger a note (grain) in instr 3
endin

instr 2 ;grain generating instrument 2
kRate          =          p4
kTrig          metro      kRate      ; a trigger to generate grains
kDur           =          p5
;formant frequency (p4) is multiplied by a random function -

http://en.wikipedia.org/wiki/Normal_distribution
http://en.wikipedia.org/wiki/Normal_distribution


;- beginning with no randomization but then gradually increasing
kForm          =          p6
kFormOSRange  transeg     0,1,0,0,  p3-1,2,12 ;range defined in semitones
kFormOS       gauss       kFormOSRange
;                                   p1 p2 p3   p4

schedkwhen  kTrig,0,0,3, 0, kDur,kForm*semitone(kFormOS)
endin

instr 3 ;grain sounding instrument
iForm =       p4
aEnv  linseg  0,0.005,0.2,p3-0.01,0.2,0.005,0
aSig  poscil  aEnv, iForm, giWave

out     aSig
endin

</CsInstruments>

<CsScore>
;p4 = rate
;p5 = duration
;p6 = formant
; p1 p2   p3 p4  p5   p6
i 1  0    12 200 0.02 400
i 2  12.5 12 200 0.02 400
e
</CsScore>

</CsoundSynthesizer>

SYNTHESIS OF DYNAMIC SOUND SPECTRA:
GRAIN3

5HE�NEXT�EXAMPLE�INTRODUCES�ANOTHER�OF�$SOUND�S�BUILT�IN�GRANULAR�SYNTHESIS�OPCODES�TO
DEMONSTRATE�THE�RANGE�OF�DYNAMIC�SOUND�SPECTRA�THAT�ARE�POSSIBLE�WITH�GRANULAR�SYNTHESIS�

4EVERAL�PARAMETERS�ARE�MODULATED�SLOWLY�USING�$SOUND�S�RANDOM�SPLINE�GENERATORRSPLINE�
5HESE�PARAMETERS�ARE�FORMANT�FREQUENCY
�GRAIN�DURATION�AND�GRAIN�DENSITY�	RATE�OF�GRAIN
GENERATION
��5HE�WAVEFORM�USED�IN�GENERATING�THE�CONTENT�FOR�EACH�GRAIN�IS�RANDOMLY
CHOSEN�USING�A�SLOWSAMPLE�AND�HOLDRANDOM�FUNCTION���A�NEW�WAVEFORM�WILL�BE�SELECTED
EVERY����SECONDS��'IVE�WAVEFORMS�ARE�PROVIDED��A�SAWTOOTH
�A�SQUARE�WAVE
�A�TRIANGLE
WAVE
�A�PULSE�WAVE�AND�A�BAND�LIMITED�BUZZ�LIKE�WAVEFORM��4OME�OF�THESE�WAVEFORMS

PARTICULARLY�THE�SAWTOOTH
�SQUARE�AND�PULSE�WAVEFORMS
�CAN�GENERATE�VERY�HIGH�OVERTONES

FOR�THIS�REASON�A�HIGH�SAMPLE�RATE�IS�RECOMMENDED�TO�REDUCE�THE�RISK�OF�ALIASING�	SEE
CHAPTER���"
�

$URRENT�VALUES�FOR�FORMANT�	CPS

�GRAIN�DURATION
�DENSITY�AND�WAVEFORM�ARE�PRINTED�TO�THE
TERMINAL�EVERY�SECOND��5HE�KEY�FOR�WAVEFORMS�IS����SAWTOOTH����SQUARE����TRIANGLE�
��PULSE����BUZZ�

http://www.csounds.com/manual/html/rspline.html
http://en.wikipedia.org/wiki/Sample_and_hold


EXAMPLE 04F04_grain3.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>
;example by Iain McCurdy

sr = 96000
ksmps = 16
nchnls = 1
0dbfs = 1

;waveforms used for granulation
giSaw   ftgen 1,0,4096,7,0,4096,1
giSq    ftgen 2,0,4096,7,0,2046,0,0,1,2046,1
giTri   ftgen 3,0,4096,7,0,2046,1,2046,0
giPls   ftgen 4,0,4096,7,1,200,1,0,0,4096-200,0
giBuzz  ftgen 5,0,4096,11,20,1,1

;window function - used as an amplitude envelope for each grain
;(hanning window)
giWFn   ftgen 7,0,16384,20,2,1

instr 1
;random spline generates formant values in oct format
kOct    rspline 4,8,0.1,0.5
;oct format values converted to cps format
kCPS    =       cpsoct(kOct)
;phase location is left at 0 (the beginning of the waveform)
kPhs    =       0
;frequency (formant) randomization and phase randomization are not used
kFmd    =       0
kPmd    =       0
;grain duration and density (rate of grain generation)
kGDur   rspline 0.01,0.2,0.05,0.2
kDens   rspline 10,200,0.05,0.5
;maximum number of grain overlaps allowed. This is used as a CPU brake
iMaxOvr =       1000
;function table for source waveform for content of the grain
;a different waveform chosen once every 10 seconds
kFn     randomh 1,5.99,0.1
;print info. to the terminal

printks "CPS:%5.2F%TDur:%5.2F%TDensity:%5.2F%TWaveform:%1.0F%n",1,\
kCPS,kGDur,kDens,kFn

aSig    grain3  kCPS, kPhs, kFmd, kPmd, kGDur, kDens, iMaxOvr, kFn, giWFn, \
0, 0

out     aSig*0.06
endin

</CsInstruments>



<CsScore>
i 1 0 300
e
</CsScore>

</CsoundSynthesizer>

5HE�FINAL�EXAMPLE�INTRODUCES�GRAIN��S�TWO�BUILT�IN�RANDOMIZING�FUNCTIONS�FOR�PHASE�AND
PITCH��1HASE�REFERS�TO�THE�LOCATION�IN�THE�SOURCE�WAVEFORM�FROM�WHICH�A�GRAIN�WILL�BE
READ
�PITCH�REFERS�TO�THE�PITCH�OF�THE�MATERIAL�WITHIN�GRAINS��*N�THIS�EXAMPLE�A�LONG�NOTE�IS
PLAYED
�INITIALLY�NO�RANDOMIZATION�IS�EMPLOYED�BUT�GRADUALLY�PHASE�RANDOMIZATION�IS
INCREASED�AND�THEN�REDUCED�BACK�TO�ZERO��5HE�SAME�PROCESS�IS�APPLIED�TO�THE�PITCH
RANDOMIZATION�AMOUNT�PARAMETER��5HIS�TIME�GRAIN�SIZE�IS�RELATIVELY�LARGE�����SECONDS�AND
DENSITY�CORRESPONDINGLY�LOW�����)Z�

EXAMPLE 04F05_grain3_random.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>
;example by Iain McCurdy

sr = 44100
ksmps = 16
nchnls = 1
0dbfs = 1

;waveforms used for granulation
giBuzz  ftgen 1,0,4096,11,40,1,0.9

;window function - used as an amplitude envelope for each grain
;(bartlett window)
giWFn   ftgen 2,0,16384,20,3,1

instr 1
kCPS    =       100
kPhs    =       0
kFmd    transeg 0,21,0,0, 10,4,15, 10,-4,0
kPmd    transeg 0,1,0,0,  10,4,1,  10,-4,0
kGDur   =       0.8
kDens   =       20
iMaxOvr =       1000
kFn     =       1
;print info. to the terminal

printks "Random Phase:%5.2F%TPitch Random:%5.2F%n",1,kPmd,kFmd
aSig    grain3  kCPS, kPhs, kFmd, kPmd, kGDur, kDens, iMaxOvr, kFn, giWFn, 0, 0

out     aSig*0.06
endin



</CsInstruments>

<CsScore>
i 1 0 51
e
</CsScore>

</CsoundSynthesizer>

CONCLUSION

5HIS�CHAPTER�HAS�INTRODUCED�SOME�OF�THE�CONCEPTS�BEHIND�THE�SYNTHESIS�OF�NEW�SOUNDS
BASED�ON�SIMPLE�WAVEFORMS�BY�USING�GRANULAR�SYNTHESIS�TECHNIQUES��0NLY�TWO�OF
$SOUND�S�BUILT�IN�OPCODES�FOR�GRANULAR�SYNTHESIS
FOFANDGRAIN�
�HAVE�BEEN�USED��IT�IS
BEYOND�THE�SCOPE�OF�THIS�WORK�TO�COVER�ALL�OF�THE�MANY�OPCODES�FOR�GRANULATION�THAT
$SOUND�PROVIDES��5HIS�CHAPTER�HAS�FOCUSED�MAINLY�ON�SYNCHRONOUS�GRANULAR�SYNTHESIS�
CHAPTER���(
�WHICH�INTRODUCES�GRANULATION�OF�RECORDED�SOUND�FILES
�MAKES�GREATER�USE�OF
ASYNCHRONOUS�GRANULAR�SYNTHESIS�FOR�TIME�STRETCHING�AND�PITCH�SHIFTING��5HIS�CHAPTER�WILL
ALSO�INTRODUCE�SOME�OF�$SOUND�S�OTHER�OPCODES�FOR�GRANULAR�SYNTHESIS�

http://www.csounds.com/manual/html/fof.html
http://www.csounds.com/manual/html/grain3.html


PHYSICAL MODELLING
8ITH�PHYSICAL�MODELLING�WE�EMPLOY�A�COMPLETELY�DIFFERENT�APPROACH�TO�SYNTHESIS�THAN�WE
DO�WITH�ALL�OTHER�STANDARD�TECHNIQUES��6NUSUALLY�THE�FOCUS�IS�NOT�PRIMARILY�TO�PRODUCE�A
SOUND
�BUT�TO�MODEL�A�PHYSICAL�PROCESS�AND�IF�THIS�PROCESS�EXHIBITS�CERTAIN�FEATURES�SUCH�AS
PERIODIC�OSCILLATION�WITHIN�A�FREQUENCY�RANGE�OF����TO�������)Z
�IT�WILL�PRODUCE�SOUND�

1HYSICAL�MODELLING�SYNTHESIS�TECHNIQUES�DO�NOT�BUILD�SOUND�USING�WAVE�TABLES
�OSCILLATORS
AND�AUDIO�SIGNAL�GENERATORS
�INSTEAD�THEY�ATTEMPT�TO�ESTABLISH�A�MODEL
�AS�A�SYSTEM�IN
ITSELF
�WHICH�WHICH�CAN�THEN�PRODUCE�SOUND�BECAUSE�OF�HOW�THE�FUNCTION�IT�PRODUCERS�TIME
VARIES�WITH�TIME��"�PHYSICAL�MODEL�USUALLY�DERIVES�FROM�THE�REAL�PHYSICAL�WORLD
�BUT
COULD�BE�ANY�TIME�VARYING�SYSTEM��1HYSICAL�MODELLING�IS�AN�EXCITING�AREA�FOR�THE
PRODUCTION�OF�NEW�SOUNDS�

$OMPARED�WITH�THE�COMPLEXITY�OF�A�REAL�WORLD�PHYSICALLY�DYNAMIC�SYSTEM�A�PHYSICAL
MODEL�WILL�MOST�LIKELY�REPRESENT�A�BRUTAL�SIMPLIFICATION��/EVERTHELESS
�USING�THIS
TECHNIQUE�WILL�DEMAND�A�LOT�OF�FORMULAE
�BECAUSE�PHYSICAL�MODELS�ARE�DESCRIBED�IN�TERMS
OF�MATHEMATICS��"LTHOUGH�DESIGNING�A�MODEL�MAY�REQUIRE�SOME�CONSIDERABLE�WORK
�ONCE
ESTABLISHED�THE�RESULTS�COMMONLY�EXHIBIT�A�LIVELY�TONE�WITH�TIME�VARYING�PARTIALS�AND�A
�NATURAL��DIFFERENCE�BETWEEN�ATTACK�AND�RELEASE�BY�THEIR�VERY�DESIGN���FEATURES�THAT�OTHER
SYNTHESIS�TECHNIQUES�WILL�DEMAND�MORE�FROM�THE�END�USER�IN�ORDER�TO�ESTABLISH�

$SOUND�ALREADY�CONTAINS�MANY�READY�MADE�PHYSICAL�MODELS�AS�OPCODES�BUT�YOU�CAN�STILL
BUILD�YOUR�OWN�FROM�SCRATCH��5HIS�CHAPTER�WILL�LOOK�AT�HOW�TO�IMPLEMENT�TWO�CLASSICAL
MODELS�FROM�FIRST�PRINCIPLES�AND�THEN�INTRODUCE�A�NUMBER�OF�$SOUND�S�READY�MADE
PHYSICAL�MODELLING�OPCODES�

THE MASS-SPRING MODEL 1

.ANY�OSCILLATING�PROCESSES�IN�NATURE�CAN�BE�MODELLED�AS�CONNECTIONS�OF�MASSES�AND
SPRINGS��*MAGINE�ONE�MASS�SPRING�UNIT�WHICH�HAS�BEEN�SET�INTO�MOTION��5HIS�SYSTEM�CAN
BE�DESCRIBED�AS�A�SEQUENCE�OF�STATES
�WHERE�EVERY�NEW�STATE�RESULTS�FROM�THE�TWO
PRECEDING�ONES��"SSUMED�THE�FIRST�STATEa0 IS���AND�THE�SECOND�STATEa1 IS������8ITHOUT�THE
RESTRICTING�FORCE�OF�THE�SPRING
�THE�MASS�WOULD�CONTINUE�MOVING�UNIMPEDED�FOLLOWING�A
CONSTANT�VELOCITY�

g-physical-modelling#InsertNoteID_6


"S�THE�VELOCITY�BETWEEN�THE�FIRST�TWO�STATES�CAN�BE�DESCRIBED�ASa1-a0
�THE�VALUE�OF�THE
THIRD�STATEa2WILL�BE�

a2 = a1 + (a1 - a0) = 0.5 + 0.5 = 1

#UT
�THE�SPRING�PULLS�THE�MASS�BACK�WITH�A�FORCE�WHICH�INCREASES�THE�FURTHER�THE�MASS
MOVES�AWAY�FROM�THE�POINT�OF�EQUILIBRIUM��5HEREFORE�THE�MASSES�MOVEMENT�CAN�BE
DESCRIBED�AS�THE�PRODUCT�OF�A�CONSTANT�FACTORc AND�THE�LAST�POSITIONa1��5HIS�DAMPS�THE
CONTINUOUS�MOVEMENT�OF�THE�MASS�SO�THAT�FOR�A�FACTOR�OF�C�����THE�NEXT�POSITION�WILL�BE�

a2 = (a1 + (a1 - a0)) - c * a1 = 1 - 0.2 = 0.8



$SOUND�CAN�EASILY�CALCULATE�THE�VALUES�BY�SIMPLY�APPLYING�THE�FORMULAE��'OR�THE�FIRST�K�

CYCLE� 
�THEY�ARE�SET�VIA�THEINITOPCODE��"FTER�CALCULATING�THE�NEW�STATE
a1BECOMESa0
ANDa2BECOMESa1FOR�THE�NEXT�K�CYCLE��5HIS�IS�A�CSD�WHICH�PRINTS�THE�NEW�VALUES�FIVE
TIMES�PER�SECOND��	5HE�STATES�ARE�NAMED�HERE�ASk0/k1/k2INSTEAD�OFa0/a1/a2
�BECAUSE�K�
RATE�VALUES�ARE�NEEDED�HERE�FOR�PRINTING�INSTEAD�OF�AUDIO�SAMPLES�


EXAMPLE 04G01_Mass_spring_sine.csd

<CsoundSynthesizer>
<CsOptions>
-n ;no sound
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 8820 ;5 steps per second

g-physical-modelling#InsertNoteID_18
http://www.csounds.com/manual/html/init.html


instr PrintVals
;initial values
kstep init 0
k0 init 0
k1 init 0.5
kc init 0.4
;calculation of the next value
k2 = k1 + (k1 - k0) - kc * k1
printks "Sample=%d: k0 = %.3f, k1 = %.3f, k2 = %.3f\n", 0, kstep, k0, k1, k2
;actualize values for the next step
kstep = kstep+1
k0 = k1
k1 = k2
endin

</CsInstruments>
<CsScore>
i "PrintVals" 0 10
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

5HE�OUTPUT�STARTS�WITH�

State=0:  k0 =  0.000,  k1 =  0.500,  k2 =  0.800
State=1:  k0 =  0.500,  k1 =  0.800,  k2 =  0.780
State=2:  k0 =  0.800,  k1 =  0.780,  k2 =  0.448
State=3:  k0 =  0.780,  k1 =  0.448,  k2 = -0.063
State=4:  k0 =  0.448,  k1 = -0.063,  k2 = -0.549
State=5:  k0 = -0.063,  k1 = -0.549,  k2 = -0.815
State=6:  k0 = -0.549,  k1 = -0.815,  k2 = -0.756
State=7:  k0 = -0.815,  k1 = -0.756,  k2 = -0.393
State=8:  k0 = -0.756,  k1 = -0.393,  k2 =  0.126
State=9:  k0 = -0.393,  k1 =  0.126,  k2 =  0.595
State=10: k0 =  0.126,  k1 =  0.595,  k2 =  0.826
State=11: k0 =  0.595,  k1 =  0.826,  k2 =  0.727
State=12: k0 =  0.826,  k1 =  0.727,  k2 =  0.337



4O
�A�SINE�WAVE�HAS�BEEN�CREATED
�WITHOUT�THE�USE�OF�ANY�OF�$SOUND�S�OSCILLATORS���

)ERE�IS�THE�AUDIBLE�PROOF�

EXAMPLE 04G02_MS_sine_audible.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 1
nchnls = 2
0dbfs = 1

instr MassSpring
;initial values
a0        init      0
a1        init      0.05
ic        =         0.01 ;spring constant
;calculation of the next value
a2        =         a1+(a1-a0) - ic*a1

outs      a0, a0
;actualize values for the next step
a0        =         a1
a1        =         a2
endin
</CsInstruments>
<CsScore>
i "MassSpring" 0 10



</CsScore>
</CsoundSynthesizer>
;example by joachim heintz, after martin neukom

"S�THE�NEXT�SAMPLE�IS�CALCULATED�IN�THE�NEXT�CONTROL�CYCLE
KSMPSHAS�TO�BE�SET�TO���� 5HE
RESULTING�FREQUENCY�DEPENDS�ON�THE�SPRING�CONSTANT��THE�HIGHER�THE�CONSTANT
�THE�HIGHER�THE
FREQUENCY��5HE�RESULTING�AMPLITUDE�DEPENDS�ON�BOTH
�THE�STARTING�VALUE�AND�THE�SPRING
CONSTANT�

5HIS�SIMPLE�MODEL�SHOWS�THE�BASIC�PRINCIPLE�OF�A�PHYSICAL�MODELLING�SYNTHESIS��CREATING�A
SYSTEM�WHICH�PRODUCES�SOUND�BECAUSE�IT�VARIES�IN�TIME��$ERTAINLY�IT�IS�NOT�THE�GOAL�OF
PHYSICAL�MODELLING�SYNTHESIS�TO�REINVENT�THE�WHEEL�OF�A�SINE�WAVE��#UT�MODULATING�THE
PARAMETERS�OF�A�MODEL�MAY�LEAD�TO�INTERESTING�RESULTS��5HE�NEXT�EXAMPLE�VARIES�THE�SPRING
CONSTANT
�WHICH�IS�NOW�NO�LONGER�A�CONSTANT�

EXAMPLE 04G03_MS_variable_constant.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 1
nchnls = 2
0dbfs = 1

instr MassSpring
;initial values
a0        init      0
a1        init      0.05
kc        randomi   .001, .05, 8, 3
;calculation of the next value
a2        =         a1+(a1-a0) - kc*a1

outs      a0, a0
;actualize values for the next step
a0        =         a1
a1        =         a2
endin
</CsInstruments>
<CsScore>
i "MassSpring" 0 10
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

http://www.csounds.com/manual/html/ksmps.html
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8ORKING�WITH�PHYSICAL�MODELLING�DEMANDS�THOUGHT�IN�MORE�PHYSICAL�OR�MATHEMATICAL
TERMS��EXAMPLES�OF�THIS�MIGHT�BE�IF�YOU�WERE�TO�CHANGE�THE�FORMULA�WHEN�A�CERTAIN�VALUE
OFc HAD�BEEN�REACHED
�OR�COMBINE�MORE�THAN�ONE�SPRING�

THE KARPLUS-STRONG ALGORITHM: PLUCKED
STRING

5HE�,ARPLUS�4TRONG�ALGORITHM�PROVIDES�ANOTHER�SIMPLE�YET�INTERESTING�EXAMPLE�OF�HOW
PHYSICAL�MODELLING�CAN�BE�USED�TO�SYNTHESIZED�SOUND��"�BUFFER�IS�FILLED�WITH�RANDOM
VALUES�OF�EITHER����OR�����"T�THE�END�OF�THE�BUFFER
�THE�MEAN�OF�THE�FIRST�AND�THE�SECOND
VALUE�TO�COME�OUT�OF�THE�BUFFER�IS�CALCULATED��5HIS�VALUE�IS�THEN�PUT�BACK�AT�THE�BEGINNING
OF�THE�BUFFER
�AND�ALL�THE�VALUES�IN�THE�BUFFER�ARE�SHIFTED�BY�ONE�POSITION�

5HIS�IS�WHAT�HAPPENS�FOR�A�BUFFER�OF�FIVE�VALUES
�FOR�THE�FIRST�FIVE�STEPS�

INITIAL�STATE� �� � � ��

STEP�� � � �� � �

STEP�� � � � �� �

STEP�� � � � � ��

STEP�� � � � � �

STEP�� ��� � � � �

5HE�NEXT�$SOUND�EXAMPLE�REPRESENTS�THE�CONTENT�OF�THE�BUFFER�IN�A�FUNCTION�TABLE

IMPLEMENTS�AND�EXECUTES�THE�ALGORITHM
�AND�PRINTS�THE�RESULT�AFTER�EACH�FIVE�STEPS�WHICH
HERE�IS�REFERRED�TO�AS�ONE�CYCLE�

EXAMPLE 04G04_KarplusStrong.csd

<CsoundSynthesizer>
<CsOptions>
-n
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

opcode KS, 0, ii
;performs the karplus-strong algorithm

iTab, iTbSiz xin
;calculate the mean of the last two values



iUlt      tab_i     iTbSiz-1, iTab
iPenUlt   tab_i     iTbSiz-2, iTab
iNewVal   =         (iUlt + iPenUlt) / 2
;shift values one position to the right
indx      =         iTbSiz-2
loop:
iVal      tab_i     indx, iTab

tabw_i    iVal, indx+1, iTab
loop_ge   indx, 1, 0, loop

;fill the new value at the beginning of the table
tabw_i    iNewVal, 0, iTab

endop

opcode PrintTab, 0, iiS
;prints table content, with a starting string

iTab, iTbSiz, Sout xin
indx      =         0
loop:
iVal      tab_i     indx, iTab
Snew      sprintf   "%8.3f", iVal
Sout      strcat    Sout, Snew

loop_lt   indx, 1, iTbSiz, loop
puts      Sout, 1

endop

instr ShowBuffer
;fill the function table
iTab      ftgen     0, 0, -5, -2, 1, -1, 1, 1, -1
iTbLen    tableng   iTab
;loop cycles (five states)
iCycle    =         0
cycle:
Scycle    sprintf   "Cycle %d:", iCycle

PrintTab  iTab, iTbLen, Scycle
;loop states
iState    =         0
state:

KS        iTab, iTbLen
loop_lt   iState, 1, iTbLen, state
loop_lt   iCycle, 1, 10, cycle

endin

</CsInstruments>
<CsScore>
i "ShowBuffer" 0 1
</CsScore>
</CsoundSynthesizer>

5HIS�IS�THE�OUTPUT�

Cycle 0:   1.000  -1.000   1.000   1.000  -1.000
Cycle 1:   0.500   0.000   0.000   1.000   0.000
Cycle 2:   0.500   0.250   0.000   0.500   0.500
Cycle 3:   0.500   0.375   0.125   0.250   0.500
Cycle 4:   0.438   0.438   0.250   0.188   0.375



Cycle 5:   0.359   0.438   0.344   0.219   0.281
Cycle 6:   0.305   0.398   0.391   0.281   0.250
Cycle 7:   0.285   0.352   0.395   0.336   0.266
Cycle 8:   0.293   0.318   0.373   0.365   0.301
Cycle 9:   0.313   0.306   0.346   0.369   0.333

*T�CAN�BE�SEEN�CLEARLY�THAT�THE�VALUES�GET�SMOOTHED�MORE�AND�MORE�FROM�CYCLE�TO�CYCLE��"S
THE�BUFFER�SIZE�IS�VERY�SMALL�HERE
�THE�VALUES�TEND�TO�COME�TO�A�CONSTANT�LEVEL��IN�THIS�CASE
�������#UT�FOR�LARGER�BUFFER�SIZES
�AFTER�SOME�CYCLES�THE�BUFFER�CONTENT�HAS�THE�EFFECT�OF�A
PERIOD�WHICH�IS�REPEATED�WITH�A�SLIGHT�LOSS�OF�AMPLITUDE��5HIS�IS�HOW�IT�SOUNDS
�IF�THE
BUFFER�SIZE�IS�������SECOND�	OR�����SAMPLES�AT�SR������
�

EXAMPLE 04G05_Plucked.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
sr = 44100
ksmps =  1
nchnls = 2
0dbfs = 1

instr 1
;delay time
iDelTm    =         0.01
;fill the delay line with either -1 or 1 randomly
kDur      timeinsts

if kDur < iDelTm then
aFill     rand      1, 2, 1, 1 ;values 0-2
aFill     =         floor(aFill)*2 - 1 ;just -1 or +1

else
aFill     =         0

endif
;delay and feedback
aUlt      init      0 ;last sample in the delay line
aUlt1     init      0 ;delayed by one sample
aMean     =         (aUlt+aUlt1)/2 ;mean of these two
aUlt      delay     aFill+aMean, iDelTm
aUlt1     delay1    aUlt

outs      aUlt, aUlt
endin

</CsInstruments>
<CsScore>
i 1 0 60
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz, after martin neukom

5HIS�SOUND�RESEMBLES�A�PLUCKED�STRING��AT�THE�BEGINNING�THE�SOUND�IS�NOISY�BUT�AFTER�A
SHORT�PERIOD�OF�TIME�IT�EXHIBITS�PERIODICITY��"S�CAN�BE�HEARD
�UNLESS�A�NATURAL�STRING
�THE



STEADY�STATE�IS�VIRTUALLY�ENDLESS
�SO�FOR�PRACTICAL�USE�IT�NEEDS�SOME�FADE�OUT��5HE
FREQUENCY�THE�LISTENER�PERCEIVES�IS�RELATED�TO�THE�LENGTH�OF�THE�DELAY�LINE��*F�THE�DELAY�LINE
IS�������OF�A�SECOND
�THE�PERCEIVED�FREQUENCY�IS�����)Z��$OMPARED�WITH�A�SINE�WAVE�OF
SIMILAR�FREQUENCY
�THE�INHERENT�PERIODICITY�CAN�BE�SEEN
�AND�ALSO�THE�RICH�OVERTONE
STRUCTURE�

$SOUND�ALSO�CONTAINS�OVER�FORTY�OPCODES�WHICH�PROVIDE�A�WIDE�VARIETY�OF�READY�MADE
PHYSICAL�MODELS�AND�EMULATIONS��"�SMALL�NUMBER�OF�THEM�WILL�BE�INTRODUCED�HERE�TO�GIVE
A�BRIEF�OVERVIEW�OF�THE�SORT�OF�THINGS�AVAILABLE�

WGBOW - A WAVEGUIDE EMULATION OF A
BOWED STRING BY PERRY COOK

1ERRY�$OOK�IS�A�PROLIFIC�AUTHOR�OF�PHYSICAL�MODELS�AND�A�LOT�OF�HIS�WORK�HAS�BEEN
CONVERTED�INTO�$SOUND�OPCODES��"�NUMBER�OF�THESE�MODELSWGBOW
 WGFLUTE
 WGCLAR
WGBOWEDBARANDWGBRASSARE�BASED�ON�WAVEGUIDES��"�WAVEGUIDE
�IN�ITS�BROADEST�SENSE

IS�SOME�SORT�OF�MECHANISM�THAT�LIMITS�THE�EXTEND�OF�OSCILLATIONS
�SUCH�AS�A�VIBRATING�STRING
FIXED�AT�BOTH�ENDS�OR�A�PIPE��*N�THESE�SORTS�OF�PHYSICAL�MODEL�A�DELAY�IS�USED�TO�EMULATE
THESE�LIMITS��0NE�OF�THESE
WGBOW
�IMPLEMENTS�AN�EMULATION�OF�A�BOWED�STRING��1ERHAPS
THE�MOST�INTERESTING�ASPECT�OF�MANY�PHYSICAL�MODELS�IN�NOT�SPECIFICALLY�WHETHER�THEY
EMULATE�THE�TARGET�INSTRUMENT�PLAYED�IN�A�CONVENTIONAL�WAY�ACCURATELY�BUT�THE�FACILITIES
THEY�PROVIDE�FOR�EXTENDING�THE�PHYSICAL�LIMITS�OF�THE�INSTRUMENT�AND�HOW�IT�IS�PLAYED��
THERE�ARE�ALREADY�VAST�SAMPLE�LIBRARIES�AND�SOFTWARE�SAMPLERS�FOR�EMULATING�CONVENTIONAL
INSTRUMENTS�PLAYED�CONVENTIONALLY�WGBOWOFFERS�SEVERAL�INTERESTING�OPTIONS�FOR
EXPERIMENTATION�INCLUDING�THE�ABILITY�TO�MODULATE�THE�BOW�PRESSURE�AND�THE�BOWING
POSITION�AT�K�RATE��7ARYING�BOW�PRESSURE�WILL�CHANGE�THE�TONE�OF�THE�SOUND�PRODUCED�BY
CHANGING�THE�HARMONIC�EMPHASIS��"S�BOW�PRESSURE�REDUCES
�THE�FUNDAMENTAL�OF�THE�TONE

http://www.csounds.com/manual/html/wgbow.html
http://www.csounds.com/manual/html/wgflute.html
http://www.csounds.com/manual/html/wgclar.html
http://www.csounds.com/manual/html/wgbowedbar.html
http://www.csounds.com/manual/html/wgbrass.html
http://www.csounds.com/manual/html/wgbow.html
http://www.csounds.com/manual/html/wgbow.html


BECOMES�WEAKER�AND�OVERTONES�BECOME�MORE�PROMINENT��*F�THE�BOW�PRESSURE�IS�REDUCED
FURTHER�THE�ABILTY�OF�THE�SYSTEM�TO�PRODUCE�A�RESONANCE�AT�ALL�COLLAPSE��5HIS�BOUNDARY
BETWEEN�TONE�PRODUCTION�AND�THE�INABILITY�TO�PRODUCE�A�TONE�CAN�PROVIDE�SOME�INTERESTING
NEW�SOUND�EFFECT��5HE�FOLLOWING�EXAMPLE�EXPLORES�THIS�SOUND�AREA�BY�MODULATING�THE
BOW�PRESSURE�PARAMETER�AROUND�THIS�THRESHOLD��4OME�ADDITIONAL�FEATURES�TO�ENHANCE�THE
EXAMPLE�ARE�THAT���DIFFERENT�NOTES�ARE�PLAYED�SIMULTANEOUSLY
�THE�BOW�PRESSURE
MODULATIONS�IN�THE�RIGHT�CHANNEL�ARE�DELAYED�BY�A�VARYING�AMOUNT�WITH�RESPECT�TOP�THE�LEFT
CHANNEL�IN�ORDER�TO�CREATE�A�STEREO�EFFECT�AND�A�REVERB�HAS�BEEN�ADDED�

EXAMPLE 04G06_wgbow.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>

sr      =       44100
ksmps   =       32
nchnls  =       2
0dbfs   =       1

seed    0

gisine  ftgen        0,0,4096,10,1

gaSendL,gaSendR init 0

instr 1 ; wgbow instrument
kamp     =        0.3
kfreq    =        p4
ipres1   =        p5
ipres2   =        p6
; kpres (bow pressure) defined using a random spline
kpres    rspline  p5,p6,0.5,2
krat     =        0.127236
kvibf    =        4.5
kvibamp  =        0
iminfreq =        20
; call the wgbow opcode
aSigL         wgbow    kamp,kfreq,kpres,krat,kvibf,kvibamp,gisine,iminfreq
; modulating delay time
kdel     rspline  0.01,0.1,0.1,0.5
; bow pressure parameter delayed by a varying time in the right channel
kpres    vdel_k   kpres,kdel,0.2,2
aSigR         wgbow          kamp,kfreq,kpres,krat,kvibf,kvibamp,gisine,iminfreq

outs     aSigL,aSigR
; send some audio to the reverb
gaSendL  =        gaSendL + aSigL/3
gaSendR  =        gaSendR + aSigR/3

endin



instr 2 ; reverb
aRvbL,aRvbR reverbsc gaSendL,gaSendR,0.9,7000

outs     aRvbL,aRvbR
clear    gaSendL,gaSendR

endin

</CsInstruments>

<CsScore>
; instr. 1
;  p4 = pitch (hz.)
;  p5 = minimum bow pressure
;  p6 = maximum bow pressure
; 7 notes played by the wgbow instrument
i 1  0 480  70 0.03 0.1
i 1  0 480  85 0.03 0.1
i 1  0 480 100 0.03 0.09
i 1  0 480 135 0.03 0.09
i 1  0 480 170 0.02 0.09
i 1  0 480 202 0.04 0.1
i 1  0 480 233 0.05 0.11
; reverb instrument
i 2 0 480
</CsScore>

</CsoundSynthesizer>

5HIS�TIME�A�STACK�OF�EIGHT�SUSTAINING�NOTES
�EACH�SEPARATED�BY�AN�OCTAVE
�VARY�THEIR
�BOWING�POSITION��RANDOMLY�AND�INDEPENDENTLY��:OU�WILL�HEAR�HOW�DIFFERENT�BOWING
POSITIONS�ACCENTUATES�AND�ATTENUATES�DIFFERENT�PARTIALS�OF�THE�BOWING�TONE��5O�ENHANCE�THE
SOUND�PRODUCED�SOME�FILTERING�WITHTONEANDPAREQIS�EMPLOYED�AND�SOME�REVERB�IS
ADDED�

EXAMPLE 04G07_wgbow_enhanced.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>

sr      =       44100
ksmps   =       32
nchnls  =       2
0dbfs   =       1

seed    0

gisine  ftgen        0,0,4096,10,1

gaSend init 0

instr 1 ; wgbow instrument

http://www.csounds.com/manual/html/tone.html
http://www.csounds.com/manual/html/pareq.html


kamp     =        0.1
kfreq    =        p4
kpres    =        0.2
krat     rspline  0.006,0.988,0.1,0.4
kvibf    =        4.5
kvibamp  =        0
iminfreq =        20
aSig         wgbow    kamp,kfreq,kpres,krat,kvibf,kvibamp,gisine,iminfreq
aSig     butlp     aSig,2000
aSig     pareq    aSig,80,6,0.707

outs     aSig,aSig
gaSend   =        gaSend + aSig/3

endin

instr 2 ; reverb
aRvbL,aRvbR reverbsc gaSend,gaSend,0.9,7000

outs     aRvbL,aRvbR
clear    gaSend

endin

</CsInstruments>

<CsScore>
; instr. 1 (wgbow instrument)
;  p4 = pitch (hertz)
; wgbow instrument
i 1  0 480  20
i 1  0 480  40
i 1  0 480  80
i 1  0 480  160
i 1  0 480  320
i 1  0 480  640
i 1  0 480  1280
i 1  0 480  2460
; reverb instrument
i 2 0 480
</CsScore>

</CsoundSynthesizer>

"LL�OF�THE�WG��FAMILY�OF�OPCODES�ARE�WORTH�EXPLORING�AND�OFTEN�THE�APPROACH�TAKEN�HERE��
EXPLORING�EACH�INPUT�PARAMETER�IN�ISOLATION�WHILST�THE�OTHERS�RETAIN�CONSTANT�VALUES���SETS
THE�PATH�TO�UNDERSTANDING�THE�MODEL�BETTER��5ONE�PRODUCTION�WITHWGBRASSIS�VERY�MUCH
DEPENDENT�UPON�THE�RELATIONSHIP�BETWEEN�INTENDED�PITCH�AND�LIP�TENSION
�RANDOM
EXPERIMENTATION�WITH�THIS�OPCODE�IS�AS�LIKELY�TO�RESULT�IN�SILENCE�AS�IT�IS�IN�SOUND�AND�IN
THIS�WAY�IS�PERHAPS�A�REFLECTION�OF�THE�EXPERIENCE�OF�LEARNING�A�BRASS�INSTRUMENT�WHEN�THE
STUDENT�SPENDS�MOST�TIME�PUSH�AIR�SILENTLY�THROUGH�THE�INSTRUMENT��8ITH�PATIENCE�IT�IS
CAPABLE�OF�SOME�INTERESTING�SOUNDS�HOWEVER��*N�ITS�CASE
�*�WOULD�RECOMMEND�BUILDING�A
REALTIME�(6*�AND�EXPLORING�THE�INTERACTION�OF�ITS�INPUT�ARGUMENTS�THAT�WAY�WGBOWEDBAR

LIKE�A�NUMBER�OF�PHYSICAL�MODELLING�ALGORITHMS
�IS�RATHER�UNSTABLE��5HIS�IS�NOT�NECESSARY�A
DESIGN�FLAW�IN�THE�ALGORITHM�BUT�INSTEAD�PERHAPS�AN�INDICATION�THAT�THE�ALGORITHM�HAS�BEEN
LEFT�QUITE�OPEN�FOR�OUT�EXPERIMENTATION���OR�ABUSE��*N�THESE�SITUATION�CAUTION�IS�ADVISED�IN

http://www.csounds.com/manual/html/wgbrass.html
http://www.csounds.com/manual/html/wgbowedbar.html


ORDER�TO�PROTECT�EARS�AND�LOUDSPEAKERS��1OSITIVE�FEEDBACK�WITHIN�THE�MODEL�CAN�RESULT�IN
SIGNALS�OF�ENORMOUS�AMPLITUDE�VERY�QUICKLY��&MPLOYMENT�OF�THECLIPOPCODE�AS�A�MEANS
OF�SOME�PROTECTION�IS�RECOMMENDED�WHEN�EXPERIMENTING�IN�REALTIME�

BARMODEL - A MODEL OF A STRUCK METAL
BAR BY STEFAN BILBAO

BARMODELCAN�ALSO�IMITATE�WOODEN�BARS
�TUBULAR�BELLS
�CHIMES�AND�OTHER�RESONANT
INHARMONIC�OBJECTS�BARMODELIS�A�MODEL�THAT�CAN�EASILY�BE�ABUSED�TO�PRODUCE�EAR
SHREDDINGLY�LOUD�SOUNDS�THEREFORE�PRECAUTIONS�ARE�ADVISED�WHEN�EXPERIMENTING�WITH�IT�IN
REALTIME��8E�ARE�PRESENTED�WITH�A�WEALTH�OF�INPUT�ARGUMENTS�SUCH�AS��STIFFNESS�
��STRIKE
POSITION��AND��STRIKE�VELOCITY�
�WHICH�RELATE�IN�AN�EASILY�UNDERSTANDABLE�WAY�TO�THE�PHYSICAL
PROCESS�WE�ARE�EMULATING��4OME�PARAMETERS�WILL�EVIDENTLY�HAVE�MORE�OF�A�DRAMATIC�EFFECT
ON�THE�SOUND�PRODUCED�THAN�OTHER�AND�AGAIN�IT�IS�RECOMMENDED�TO�CREATE�A�REALTIME�(6*
FOR�EXPLORATION��/ONETHELESS
�A�FIXED�EXAMPLE�IS�PROVIDED�BELOW�THAT�SHOULD�OFFER�SOME
INSIGHT�INTO�THE�KINDS�OF�SOUNDS�POSSIBLE�

1ROBABLY�THE�MOST�IMPORTANT�PARAMETER�FOR�US�IS�THE�STIFFNESS�OF�THE�BAR��5HIS�ACTUALLY
PROVIDES�US�WITH�OUR�PITCH�CONTROL�AND�IS�NOT�IN�CYCLE�PER�SECOND�SO�SOME
EXPERIMENTATION�WILL�BE�REQUIRED�TO�FIND�A�DESIRED�PITCH��5HERE�IS�A�RELATIONSHIP�BETWEEN
STIFFNESS�AND�THE�PARAMETER�USED�TO�DEFINE�THE�WIDTH�OF�THE�STRIKE���WHEN�THE�STIFFNESS
COEFFICIENT�IS�HIGHER�A�WIDER�STRIKE�MAY�BE�REQUIRED�IN�ORDER�FOR�THE�NOTE�TO�SOUND��4TRIKE
WIDTH�ALSO�IMPACTS�UPON�THE�TONE�PRODUCED
�NARROWER�STRIKES�GENERATING�EMPHASIS�UPON
UPPER�PARTIALS�	PROVIDED�A�TONE�IS�STILL�PRODUCED
�WHILST�WIDER�STRIKES�TEND�TO�EMPHASIZE
THE�FUNDAMENTAL
�

5HE�PARAMETER�FOR�STRIKE�POSITION�ALSO�HAS�SOME�IMPACT�UPON�THE�SPECTRAL�BALANCE��5HIS
EFFECT�MAY�BE�MORE�SUBTLE�AND�MAY�BE�DEPENDENT�UPON�SOME�OTHER�PARAMETER�SETTINGS
�FOR
EXAMPLE
�WHEN�STRIKE�WIDTH�IS�PARTICULARLY�WIDE
�ITS�EFFECT�MAY�BE�IMPERCEPTIBLE��"
GENERAL�RULE�OF�THUMB�HERE�IS�THAT�IS�THAT�IN�ORDER�TO�ACHIEVE�THE�GREATEST�EFFECT�FROM�STRIKE
POSITION
�STRIKE�WIDTH�SHOULD�BE�AS�LOW�AS�WILL�STILL�PRODUCE�A�TONE��5HIS�KIND�OF
INTERDEPENDENCY�BETWEEN�INPUT�PARAMETERS�IS�THE�ESSENCE�OF�WORKING�WITH�A�PHYSICAL
MODEL�THAT�CAN�BE�BOTH�INTRIGUING�AND�FRUSTRATING�

"N�IMPORTANT�PARAMETER�THAT�WILL�VARY�THE�IMPRESSION�OF�THE�BAR�FROM�METAL�TO�WOOD�IS

"N�INTERESTING�FEATURE�INCORPORATED�INTO�THE�MODEL�IN�THE�ABILITY�TO�MODULATE�THE�POINT
ALONG�THE�BAR�AT�WHICH�VIBRATIONS�ARE�READ��5HIS�COULD�ALSO�BE�DESCRIBED�AS�PICK�UP
POSITION��.OVING�THIS�SCANNING�LOCATION�RESULTS�IN�TONAL�AND�AMPLITUDE�VARIATIONS��8E�JUST
HAVE�CONTROL�OVER�THE�FREQUENCY�AT�WHICH�THE�SCANNING�LOCATION�IS�MODULATED�

EXAMPLE 04G07_barmodel.csd

http://www.csounds.com/manual/html/clip.html
http://www.csounds.com/manual/html/barmodel.html
http://www.csounds.com/manual/html/barmodel.html


<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
sr     = 44100
ksmps  = 32
nchnls = 2
0dbfs  = 1

instr   1
; boundary conditions 1=fixed 2=pivot 3=free
kbcL    =               1
kbcR    =               1
; stiffness
iK      =               p4
; high freq. loss (damping)
ib      =               p5
; scanning frequency
kscan   rspline         p6,p7,0.2,0.8
; time to reach 30db decay
iT30    =               p3
; strike position
ipos    random          0,1
; strike velocity
ivel    =               1000
; width of strike
iwid    =               0.1156
aSig    barmodel        kbcL,kbcR,iK,ib,kscan,iT30,ipos,ivel,iwid
kPan        rspline                0.1,0.9,0.5,2
aL,aR   pan2            aSig,kPan

outs             aL,aR
endin

</CsInstruments>

<CsScore>
;t 0 90 1 30 2 60 5 90 7 30
; p4 = stiffness (pitch)

#define gliss(dur'Kstrt'Kend'b'scan1'scan2)
#
i 1 0     20 $Kstrt $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2



i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur >     $b $scan1 $scan2
i 1 ^+0.05 $dur $Kend $b $scan1 $scan2
#
$gliss(15'40'400'0.0755'0.1'2)
b 5
$gliss(2'80'800'0.755'0'0.1)
b 10
$gliss(3'10'100'0.1'0'0)
b 15
$gliss(40'40'433'0'0.2'5)
e
</CsScore>
</CsoundSynthesizer>
; example written by Iain McCurdy

PHISEM - PHYSICALLY INSPIRED STOCHASTIC
EVENT MODELING

5HE�1HI4&.�SET�OF�MODELS�IN�$SOUND
�AGAIN�BASED�ON�THE�WORK�OF�1ERRY�$OOK
�IMITATE
INSTRUMENTS�THAT�RELY�ON�COLLISIONS�BETWEEN�SMALLER�SOUND�PRODUCING�OBJECT�TO�PRODUCE
THEIR�SOUNDS��5HESE�MODELS�INCLUDE�ATAMBOURINE
�A�SET�OFBAMBOOWINDCHIMES�AND
SLEIGHBELLS�5HESE�MODELS�ALGORITHMICALLY�MIMIC�THESE�MULTIPLE�COLLISIONS�INTERNALLY�SO
THAT�WE�ONLY�NEED�TO�DEFINE�ELEMENTS�SUCH�AS�THE�NUMBER�OF�INTERNAL�ELEMENTS�	TIMBRELS

BEANS
�BELLS�ETC�
�INTERNAL�DAMPING�AND�RESONANCES��0NCE�AGAIN�THE�MOST�INTERESTING�ASPECT
OF�WORKING�WITH�A�MODEL�IS�TO�STRETCH�THE�PHYSICAL�LIMITS�SO�THAT�WE�CAN�HEAR�THE�RESULTS
FROM
�FOR�EXAMPLE
�A�MARACA�WITH�AN�IMPOSSIBLE�NUMBER�OF�BEANS
�A�TAMBOURINE�WITH�SO
LITTLE�INTERNAL�DAMPING�THAT�IT�NEVER�DECAYS��*N�THE�FOLLOWING�EXAMPLE�*�EXPLORE
TAMBOURINE
 BAMBOOANDSLEIGHBELLSEACH�IN�TURN
�FIRST�IN�A�STATE�THAT�MIMICS�THE�SOURCE
INSTRUMENT�AND�THEN�WITH�SOME�MORE�EXTREME�CONDITIONS�

EXAMPLE 04G08_PhiSEM.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>

sr     = 44100
ksmps  = 32
nchnls = 1
0dbfs  = 1

instr        1 ; tambourine
iAmp      =           p4
iDettack  =           0.01

http://www.csounds.com/manual/html/tambourine.html
http://www.csounds.com/manual/html/bamboo.html
http://www.csounds.com/manual/html/sleighbells.html
http://www.csounds.com/manual/html/tambourine.html
http://www.csounds.com/manual/html/bamboo.html
http://www.csounds.com/manual/html/sleighbells.html


iNum      =           p5
iDamp     =           p6
iMaxShake =           0
iFreq     =           p7
iFreq1    =           p8
iFreq2    =           p9
aSig      tambourine  iAmp,iDettack,iNum,iDamp,iMaxShake,iFreq,iFreq1,iFreq2

out         aSig
endin

instr        2 ; bamboo
iAmp      =           p4
iDettack  =           0.01
iNum      =           p5
iDamp     =           p6
iMaxShake =           0
iFreq     =           p7
iFreq1    =           p8
iFreq2    =           p9
aSig      bamboo      iAmp,iDettack,iNum,iDamp,iMaxShake,iFreq,iFreq1,iFreq2

out         aSig
endin

instr        3 ; sleighbells
iAmp      =           p4
iDettack  =           0.01
iNum      =           p5
iDamp     =           p6
iMaxShake =           0
iFreq     =           p7
iFreq1    =           p8
iFreq2    =           p9
aSig      sleighbells iAmp,iDettack,iNum,iDamp,iMaxShake,iFreq,iFreq1,iFreq2

out         aSig
endin

</CsInstruments>

<CsScore>
; p4 = amp.
; p5 = number of timbrels
; p6 = damping
; p7 = freq (main)
; p8 = freq 1
; p9 = freq 2

; tambourine
i 1 0 1 0.1  32 0.47 2300 5600 8100
i 1 + 1 0.1  32 0.47 2300 5600 8100
i 1 + 2 0.1  32 0.75 2300 5600 8100
i 1 + 2 0.05  2 0.75 2300 5600 8100
i 1 + 1 0.1  16 0.65 2000 4000 8000
i 1 + 1 0.1  16 0.65 1000 2000 3000
i 1 8 2 0.01  1 0.75 1257 2653 6245
i 1 8 2 0.01  1 0.75  673 3256 9102
i 1 8 2 0.01  1 0.75  314 1629 4756



b 10

; bamboo
i 2 0 1 0.4 1.25 0.0  2800 2240 3360
i 2 + 1 0.4 1.25 0.0  2800 2240 3360
i 2 + 2 0.4 1.25 0.05 2800 2240 3360
i 2 + 2 0.2   10 0.05 2800 2240 3360
i 2 + 1 0.3   16 0.01 2000 4000 8000
i 2 + 1 0.3   16 0.01 1000 2000 3000
i 2 8 2 0.1    1 0.05 1257 2653 6245
i 2 8 2 0.1    1 0.05 1073 3256 8102
i 2 8 2 0.1    1 0.05  514 6629 9756

b 20

; sleighbells
i 3 0 1 0.7 1.25 0.17 2500 5300 6500
i 3 + 1 0.7 1.25 0.17 2500 5300 6500
i 3 + 2 0.7 1.25 0.3  2500 5300 6500
i 3 + 2 0.4   10 0.3  2500 5300 6500
i 3 + 1 0.5   16 0.2  2000 4000 8000
i 3 + 1 0.5   16 0.2  1000 2000 3000
i 3 8 2 0.3    1 0.3  1257 2653 6245
i 3 8 2 0.3    1 0.3  1073 3256 8102
i 3 8 2 0.3    1 0.3   514 6629 9756
e
</CsScore>

</CsoundSynthesizer>
; example written by Iain McCurdy

1HYSICAL�MODELLING�CAN�PRODUCE�RICH
�SPECTRALLY�DYNAMIC�SOUNDS�WITH�USER�MANIPULATION
USUALLY�ABSTRACTED�TO�A�SMALL�NUMBER�OF�DESCRIPTIVE�PARAMETERS��$SOUND�OFFERS�A�WEALTH�OF
OTHER�OPCODES�FOR�PHYSICAL�MODELLING�WHICH�CANNOT�ALL�BE�INTRODUCED�HERE�SO�THE�USER�IS
ENCOURAGED�TO�EXPLORE�BASED�ON�THE�APPROACHES�EXEMPLIFIED�HERE��:OU�CAN�FIND�LISTS�IN�THE
CHAPTERS.ODELS�AND�&MULATIONS
 4CANNED�4YNTHESISAND8AVEGUIDE�1HYSICAL�.ODELING
OF�THE�$SOUND�.ANUAL�

�� 5HE�EXPLANATION�HERE�FOLLOWS�CHAPTER�������OF�.ARTIN�/EUKOM�SSignale Systeme

Klangsynthese	#ERN�����
 ?

�� 4EE�CHAPTER���"�*/*5*"-*;"5*0/�"/%�1&3'03."/$&�1"44�FOR�MORE

INFORMATION�ABOUT�$SOUND�S�PERFORMANCE�LOOPS�?

�� *F�DEFINING�THIS�AS�A�6%0
�A�LOCAL�KSMPS���COULD�BE�SET�WITHOUT�AFFECTING�THE
GENERAL�KSMPS��4EE�CHAPTER���'�64&3�%&'*/&%�01$0%&4�AND�THE�$SOUND

.ANUAL�FORSETKSMPSFOR�MORE�INFORMATION�?

http://www.csounds.com/manual/html/SiggenModels.html
http://www.csounds.com/manual/html/SiggenScanTop.html
http://www.csounds.com/manual/html/SiggenWavguide.html
g-physical-modelling#InsertNoteID_6_marker7
g-physical-modelling#InsertNoteID_18_marker19
http://www.csounds.com/manual/html/setksmps.html
g-physical-modelling#InsertNoteID_20_marker21


SCANNED SYNTHESIS
4CANNED�4YNTHESIS�IS�A�RELATIVELY�NEW�SYNTHESIS�TECHNIQUE�INVENTED�BY�.AX�.ATHEWS

3OB�4HAW�AND�#ILL�7ERPLANK�AT�*NTERVAL�3ESEARCH�IN�������5HIS�ALGORITHM�USES�A
COMBINATION�OF�A�TABLE�LOOKUP�OSCILLATOR�AND�4IR�*SSAC�/EWTON�S�MECHANICAL�MODEL
	EQUATION
�OF�A�MASS�AND�SPRING�SYSTEM�TO�DYNAMICALLY�CHANGE�THE�VALUES�STORED�IN�AN�F�
TABLE��5HE�SONIC�RESULT�IS�A�TIMBRAL�SPECTRUM�THAT�CHANGES�WITH�TIME�

$SOUND�HAS�A�COUPLE�OPCODES�DEDICATED�TO�SCANNED�SYNTHESIS
�AND�THESE�OPCODES�CAN�BE
USED�NOT�ONLY�TO�MAKE�SOUNDS
�BUT�ALSO�TO�GENERATE�DYNAMIC�F�TABLES�FOR�USE�WITH�OTHER
$SOUND�OPCODES�

A QUICK SCANNED SYNTH

5HE�QUICKEST�WAY�TO�START�USING�SCANNED�SYNTHESIS�IS�.ATT�*NGALLS��OPCODEscantable.

a1 scantable iamp, kfrq, ipos, imass, istiff, idamp, ivel

5HE�ARGUMENTSiampANDkfrq SHOULD�BE�FAMILIAR
�AMPLITUDE�AND�FREQUENCY�RESPECTIVELY�
5HE�OTHER�ARGUMENTS�ARE�F�TABLE�NUMBERS�CONTAINING�DATA�KNOWN�IN�THE�SCANNED�SYNTHESIS
WORLD�ASprofiles�

PROFILES

1ROFILES�REFER�TO�VARIABLES�IN�THE�MASS�AND�SPRING�EQUATION��/EWTON�S�MODEL�DESCRIBES�A
STRING�AS�A�FINITE�SERIES�OF�MARBLES�CONNECTED�TO�EACH�OTHER�WITH�SPRINGS�

*N�THIS�EXAMPLE�WE�WILL�USE�����MARBLES�IN�OUR�SYSTEM��5O�THE�$SOUND�USER
�PROFILES�ARE�A
SERIES�OF�F�TABLES�THAT�SET�UP�THEscantableOPCODE��5O�THE�OPCODE
�THESE�F�TABLES�INFLUENCE
THE�DYNAMICBEHAVIOROF�THE�TABLE�READ�BY�A�TABLE�LOOKUP�OSCILLATOR�

gipos     ftgen 1, 0, 128, 10, 1              ;Initial Shape   ;Sine wave range -1 to 1

gimass    ftgen 2, 0, 128, -7, 1, 1           ;Masses          ;Constant value 1

gistiff   ftgen 3, 0, 128, -7, 50, 64, 100, 0 ;Stiffness       ;Unipolar triangle range to 100

gidamp    ftgen 4, 0, 128, -7, 1, 128, 1      ;Damping         ;Constant value 1

givel     ftgen 5, 0, 128, -7, 0, 128, 0      ;Initial Velocity;Constant value 1

5HESE�TABLES�NEED�TO�BE�THE�SAME�SIZE�AS�EACH�OTHER�OR�$SOUND�WILL�RETURN�AN�ERROR�

3UN�THE�FOLLOWING.csd./OTICE�THAT�THE�SOUND�STARTS�OFF�SOUNDING�LIKE�OUR�INTIAL�SHAPE�	A
SINE�WAVE
�BUT�EVOLVES�AS�IF�THERE�ARE�FILTERS�OR�DISTORTIONS�OR�-'0�S�

EXAMPLE 04H01_scantable.csd

http://www.csounds.com/manual/html/scantable.html
http://www.csounds.com/manual/html/scantable.html


<CsoundSynthesizer>

<CsOptions>

-o dac

</CsOptions>

<CsInstruments>

nchnls = 2

sr=44100

ksmps = 32

0dbfs = 1

gipos   ftgen 1, 0, 128, 10, 1                  ;Initial Shape, sine wave range -1 to 1

gimass  ftgen 2, 0, 128, -7, 1, 128, 1          ;Masses(adj.), constant value 1

gistiff ftgen 3, 0, 128, -7, 50, 64, 100, 64, 0 ;Stiffness; unipolar triangle range 0 to 100

gidamp  ftgen 4, 0, 128, -7, 1, 128, 1          ;Damping; constant value 1

givel   ftgen 5, 0, 128, -7, 0, 128, 0          ;Initial Velocity; constant value 1

instr 1

iamp = .7

kfrq = 440

a1 scantable iamp, kfrq, gipos, gimass, gistiff, gidamp, givel

a1 dcblock2 a1

outs a1, a1

endin

</CsInstruments>

<CsScore>

i 1 0 10

e

</CsScore>

</CsoundSynthesizer>

;Example by Christopher Saunders

#UT�AS�YOU�SEE�NO�EFFECTS�OR�CONTROLS�SIGNALS�IN�THE��CSD
�JUST�A�SYNTH�

5HIS�IS�THE�POWER�OF�SCANNED�SYNTHESIS��*T�PRODUCES�A�DYNAMIC�SPECTRUM�WITH��JUST��AN
OSCILLATOR��*MAGINE�NOW�APPLYING�A�SCANNED�SYNTHESIS�OSCILLATOR�TO�ALL�YOUR�FAVORITE�SYNTH
TECHNIQUES���4UBTRACTIVE
�8AVESHAPING
�'.
�(RANULAR�AND�MORE�

3ECALL�FROM�THE�SUBTRACTIVE�SYNTHESIS�TECHNIQUE
�THAT�THE��SHAPE��OF�THE�WAVEFORM�OF�YOUR
OSCILLATOR�HAS�A�HUGE�EFFECT�ON�THE�WAY�THE�OSCILLATOR�SOUNDS��*N�SCANNED�SYNTHESIS
�THE
SHAPE�IS�IN�MOTION�AND�THESE�F�TABLES�CONTROL�HOW�THE�SHAPE�MOVES�

DYNAMIC TABLES

5HEscantableOPCODE�MAKES�IT�EASY�TO�USE�DYNAMIC�F�TABLES�IN�OTHER�CSOUND�OPCODES��5HE
EXAMPLE�BELOW�SOUNDS�EXACTLY�LIKE�THE�ABOVE��CSD
�BUT�IT�DEMONSTRATES�HOW�THE�F�TABLE�SET
INTO�MOTION�BY�SCANTABLE�CAN�BE�USED�BY�OTHER�CSOUND�OPCODES�

EXAMPLE 04H02_Dynamic_tables.csd

<CsoundSynthesizer>

<CsOptions>

-o dac

</CsOptions>

http://www.csounds.com/manual/html/scantable.html


<CsInstruments>

nchnls = 2

sr=44100

ksmps = 32

0dbfs = 1

gipos      ftgen      1, 0, 128, 10, 1 ;Initial Shape, sine wave range -1 to 1;

gimass     ftgen      2, 0, 128, -7, 1, 128, 1 ;Masses(adj.), constant value 1

gistiff    ftgen      3, 0, 128, -7, 50, 64, 100, 64, 0 ;Stiffness; unipolar triangle range 0 to 100

gidamp     ftgen      4, 0, 128, -7, 1, 128, 1 ;Damping; constant value 1

givel      ftgen      5, 0, 128, -7, 0, 128, 0 ;Initial Velocity; constant value 1

instr 1

iamp       =          .7

kfrq       =          440

a0         scantable  iamp, kfrq, gipos, gimass, gistiff, gidamp, givel ;

a1         oscil3     iamp, kfrq, gipos

a1         dcblock2   a1

outs       a1, a1

endin

</CsInstruments>

<CsScore>

i 1 0 10

e

</CsScore>

</CsoundSynthesizer>

;Example by Christopher Saunders

"BOVE�WE�USE�A�TABLE�LOOKUP�OSCILLATOR�TO�PERIODICALLY�READ�A�DYNAMIC�TABLE�

#ELOW�IS�AN�EXAMPLE�OF�USING�THE�VALUES�OF�AN�F�TABLE�GENERATED�BYscantable
�TO�MODIFY
THE�AMPLITUDES�OF�AN�FSIG
�A�SIGNAL�TYPE�IN�CSOUND�WHICH�REPRESENTS�A�SPECTRAL�SIGNAL�

EXAMPLE 04H03_Scantable_pvsmaska.csd

<CsoundSynthesizer>

<CsOptions>

-o dac

</CsOptions>

<CsInstruments>

nchnls = 2

sr=44100

ksmps = 32

0dbfs = 1

gipos      ftgen      1, 0, 128, 10, 1                  ;Initial Shape, sine wave range -1 to 1;

gimass     ftgen      2, 0, 128, -7, 1, 128, 1          ;Masses(adj.), constant value 1

gistiff    ftgen      3, 0, 128, -7, 50, 64, 100, 64, 0 ;Stiffness; unipolar triangle range 0 to 100

gidamp     ftgen      4, 0, 128, -7, 1, 128, 1          ;Damping; constant value 1

givel      ftgen      5, 0, 128, -7, 0, 128, 0          ;Initial Velocity; constant value 1

gisin      ftgen      6, 0,8192, 10, 1                  ;Sine wave for buzz opcode

instr 1

iamp       =          .7

kfrq       =          110

http://www.csounds.com/manual/html/scantable.html


a1         buzz       iamp, kfrq, 32, gisin

outs       a1, a1

endin

instr 2

iamp       =          .7

kfrq       =          110

a0         scantable  1, 10, gipos, gimass, gistiff, gidamp, givel ;

ifftsize   =          128

ioverlap   =          ifftsize / 4

iwinsize   =          ifftsize

iwinshape  =          1; von-Hann window

a1         buzz       iamp, kfrq, 32, gisin

fftin      pvsanal    a1, ifftsize, ioverlap, iwinsize, iwinshape; fft-analysis of file

fmask      pvsmaska   fftin, 1, 1

a2         pvsynth    fmask; resynthesize

outs       a2, a2

endin

</CsInstruments>

<CsScore>

i 1 0 3

i 2 5 10

e

</CsScore>

</CsoundSynthesizer>

;Example by Christopher Saunders

*N�THIS��CSD
�THE�SCORE�PLAYS�INSTRUMENT��
�A�NORMAL�BUZZ�SOUND
�AND�THEN�THE�SCORE�PLAYS
INSTRUMENT������THE�SAME�BUZZ�SOUND�RE�SYNTHESIZED�WITH�AMPLITUDES�OF�EACH�OF�THE����
FREQUENCY�BANDS
�CONTROLLED�BY�A�DYNAMIC�F�TABLE�

A MORE FLEXIBLE SCANNED SYNTH

ScantableCAN�DO�A�LOT�FOR�US
�IT�CAN�SYNTHESIZE�AN�INTERESTING
�TIME�VARYING�TIMBRE�USING�A
TABLE�LOOKUP�OSCILLATOR
�OR�ANIMATE�AN�F�TABLE�FOR�USE�IN�OTHER�$SOUND�OPCODES��)OWEVER

THERE�ARE�OTHER�SCANNED�SYNTHESIS�OPCODES�THAT�CAN�TAKE�OUR�EXPRESSIVE�USE�OF�THE
ALGORITHM�EVEN�FURTHER�

5HE�OPCODESscansANDscanuBY�1ARIS�4MARAGDIS�GIVE�THE�$SOUND�USER�ONE�OF�THE�MOST
ROBUST�AND�FLEXIBLE�SCANNED�SYNTHESIS�ENVIRONMENTS��5HESE�OPCODES�WORK�IN�TANDEM�TO
FIRST�SET�UP�THE�DYNAMIC�WAVETABLE
�AND�THEN�TO��SCAN��THE�DYNAMIC�TABLE�IN�WAYS�A�TABLE�
LOOKUP�OSCILLATOR�CANNOT�

5HE�OPCODEscanuTAKES����ARGUMENTS�AND�SETS�A�TABLE�INTO�MOTION�

scanu ipos, irate, ifnvel, ifnmass, ifnstif, ifncentr, ifndamp, kmass, kstif, kcentr, kdamp, ileft, iright, kpos, kstrngth, ain, idisp, id

'OR�A�DETAILED�DESCRIPTION�OF�WHAT�EACH�ARGUMENT�DOES
�SEE�THE�$SOUND�3EFERENCE�.ANUAL
	LINK
��*�WILL�DISCUSS�THE�VARIOUS�TYPES�OF�ARGUMENTS�IN�THE�OPCODE�

http://www.csounds.com/manual/html/scantable.html
http://www.csounds.com/manual/html/scans.html
http://www.csounds.com/manual/html/scanu.html
http://www.csounds.com/manual/html/scanu.html
http://www.csounds.com/manual/html/scanu.html


5HE�FIRST�SET�OF�ARGUMENTS��ipos, irate, ifnvel, ifnmass, ifnstiff, ifncenter
�ANDifndamp
�ARE
F�TABLES�DESCRIBING�THE�PROFILES
�SIMILAR�TO�THE�PROFILE�ARGUMENTS�FORscantable� Scanu
TAKES���F�TABLES�INSTEAD�OFscantable's���-IKE scantable, THESE�NEED�TO�BE�F�TABLES�OF�THE
SAME�SIZE�OR�$SOUND�WILL�RETURN�AN�ERROR�

"N�EXCEPTION�TO�THIS�SIZE�REQUIREMENT�IS�THEifnstiff TABLE��5HIS�TABLE�IS�THE�SIZE�OF�THE
OTHER�PROFILES�SQUARED��*F�THE�OTHER�F�TABLES�ARE�SIZE����
�THEN�IFNSTIFF�SHOULD�BE�OF
SIZE������	OR�����X����
��5O�DISCUSS�WHAT�THIS�TABLE�DOES
�*�MUST�FIRST�INTRODUCE�THE
CONCEPT�OF�A�SCANNED�MATRIX�

THE SCANNED MATRIX

5HE�SCANNED�MATRIX�IS�A�CONVENTION�DESIGNED�TO�DESCRIBE�THE�SHAPE�OF�THE�CONNECTIONS�OF
MASSES	n.
�IN�THE�MASS	n.
�AND�SPRING�MODEL�

(OING�BACK�TO�OUR�DISCUSSION�ON�/EWTON�S�MECHANICAL�MODEL
�THE�MASS	n.
�AND�SPRING
MODEL�DESCRIBES�THE�BEHAVIOR�OF�A�STRING�AS�A�FINITE�NUMBER�OF�MASSES�CONNECTED�BY
SPRINGS��"S�YOU�CAN�IMAGINE
�THE�MASSES�ARE�CONNECTED�SEQUENTIALLY
�ONE�TO�ANOTHER
�LIKE
BEADS�ON�A�STRING��.ASS	n.
����IS�CONNECTED�TO���
����CONNECTED�TO����AND�SO�ON�
)OWEVER
�THE�PIONEERS�OF�SCANNED�SYNTHESIS�HAD�THE�IDEA�TO�CONNECT�THE�MASSES�IN�A�NON�
LINEAR�WAY��*T�S�HARD�TO�IMAGINE
�BECAUSE�AS�MUSICIANS
�WE�HAVE�EXPERIENCE�WITH�PIANO�OR
VIOLIN�STRINGS�	ONE�DIMENSIONAL�STRINGS

�BUT�NOT�WITH�MULTI�DIMENSIONAL�STRINGS�
'ORTUNATELY
�THE�COMPUTER�HAS�NO�PROBLEM�WORKING�WITH�THIS�THIS�IDEA
�AND�THE�FLEXIBILITY
OF�/EWTON�S�EQUATION�ALLOWS�US�TO�USE�THE�$16�TO�MODEL�MASS	n.
����BEING�CONNECTED
WITH�SPRINGS�NOT�ONLY�TO����BUT�ALSO�TO����AND�ANY�OTHER�MASS	n.
�IN�THE�MODEL�

5HE�MOST�DIRECT�AND�USEFUL�IMPLEMENTATION�OF�THIS�CONCEPT�IS�TO�CONNECT�MASS����TO�MASS
���AND�MASS���������FORMING�A�STRING�WITHOUT�ENDPOINTS
�A�CIRCULAR�STRING��-IKE�TYING�OUR
STRING�WITH�BEADS�TO�MAKE�A�NECKLACE��5HE�PIONEERS�OF�SCANNED�SYNTHESIS�DISCOVERED�THAT
THIS�CIRCULAR�STRING�MODEL�IS�MORE�USEFUL�THAN�A�CONVENTIONAL�ONE�DIMENSIONALSTRING�MODEL
WITH�ENDPOINTS��*N�FACT
scantableUSES�A�CIRCULAR�STRING�

5HE�MATRIX�IS�DESCRIBED�IN�A�SIMPLE�"4$**�FILE
�IMPORTED�INTO�$SOUND�VIA�A�(&/��
GENERATED�F�TABLE�

f3 0 16384 -23 "string-128"

5HIS�TEXT�FILEmust BE�LOCATED�IN�THE�SAME�DIRECTORY�AS�YOUR��CSD�OR�CSOUND�WILL�GIVE�YOU
THIS�ERROR

ftable 3: error opening ASCII file

F�������������������������CIRCULARSTRING�����

http://www.csounds.com/manual/html/scantable.html
http://www.csounds.com/manual/html/scantable.html


:OU�CAN�CONSTRUCT�YOUR�OWN�MATRIX�USING�4TEPHEN�:I�S�4CANNED�.ATRIX�EDITOR�INCLUDED�IN
THE�#LUE�FRONTEND�FOR�$SOUND
�AND�AS�A�STANDALONE�+AVA�APPLICATION4CANNED�4YNTHESIS
.ATRIX�&DITOR�

5O�SWAP�OUT�MATRICES
�SIMPLY�TYPE�THE�NAME�OF�A�DIFFERENT�MATRIX�FILE�INTO�THE�DOUBLE
QUOTES�

f3 0 16384 -23 "circularstring-128";

%IFFERENT�MATRICES�HAVE�UNIQUE�EFFECTS�ON�THE�BEHAVIOR�OF�THE�SYSTEM��4OME�MATRICES�CAN
MAKE�THE�SYNTH�EXTREMELY�LOUD
�OTHERS�EXTREMELY�QUIET��&XPERIMENT�WITH�USING�DIFFERENT
MATRICES�

/OW�WOULD�BE�A�GOOD�TIME�TO�POINT�OUT�THAT�$SOUND�HAS�OTHER�SCANNED�SYNTHESIS�OPCODES
PRECEDED�WITH�AN��X�
xscans, xscanu
�THAT�USE�A�DIFFERENT�MATRIX�FORMAT�THAN�THE�ONE�USED
BYscans
 scanu
�AND�4TEPHEN�:I�S�4CANNED�.ATRIX�&DITOR��5HE�$SOUND�3EFERENCE�.ANUAL
HAS�MORE�INFORMATION�ON�THIS�

THE HAMMER

*F�THE�INITIAL�SHAPE
�AN�F�TABLE�SPECIFIED�BY�THE�IPOS�ARGUMENT�DETERMINES�THE�SHAPE�OF�THE
INITIAL�CONTENTS�IN�OUR�DYNAMIC�TABLE��*F�YOU�USE�AUTOCOMPLETE�IN�$SOUND25
�THESCANU
OPCODE�LINE�HIGHLIGHTS�THE�FIRST�P�FIELD�OF�SCANU�AS�THE��INIT��OPCODE��*N�MY�EXAMPLES�*�USE
�IPOS��TO�AVOID�P��OF�SCANU�BEING�SYNTAX�HIGHLIGHTED��#UT�WHAT�IF�WE�WANT�TO��RESET��OR
�PLUCK��THE�TABLE
�PERHAPS�WITH�A�SHAPE�OF�A�SQUARE�WAVE�INSTEAD�OF�A�SINE�WAVE
�WHILE�THE
INSTRUMENT�IS�PLAYING 

8ITHscantable
�THERE�IS�AN�EASY�WAY�TO�TO�THIS
�SEND�A�SCORE�EVENT�CHANGING�THE�CONTENTS
OF�THE�DYNAMIC�F�TABLE��:OU�CAN�DO�THIS�WITH�THE�$SOUND�SCORE�BY�ADJUSTING�THE�START�TIME
OF�THE�F�EVENTS�IN�THE�SCORE�

EXAMPLE 04H04_Hammer.csd

<CsoundSynthesizer>

<CsOptions>

-o dac

</CsOptions>

<CsInstruments>

sr=44100

kr=4410

ksmps=10

nchnls=2

0dbfs=1

instr 1

ipos       ftgen      1, 0, 128, 10, 1 ; Initial Shape, sine wave range -1 to 1;

imass      ftgen      2, 0, 128, -7, 1, 128, 1 ;Masses(adj.), constant value 1

http://www.csounds.com/stevenyi/scanned/
http://www.csounds.com/stevenyi/scanned/
http://www.csounds.com/manual/html/xscans.html
http://www.csounds.com/manual/html/xscanu.html
http://www.csounds.com/manual/html/scans.html
http://www.csounds.com/manual/html/scanu.html
http://www.csounds.com/manual/html/scanu.html
http://www.csounds.com/manual/html/scantable.html


istiff     ftgen      3, 0, 128, -7, 50, 64, 100, 64, 0 ;Stiffness; unipolar triangle range 0 to 100

idamp      ftgen      4, 0, 128, -7, 1, 128, 1; ;Damping; constant value 1

ivel       ftgen      5, 0, 128, -7, 0, 128, 0 ;Initial Velocity; constant value 0

iamp       =          0.5

a1         scantable  iamp, 60, ipos, imass, istiff, idamp, ivel

outs       a1, a1

endin

</CsInstruments>

<CsScore>

i 1 0 14

f 1 1 128 10 1 1 1 1 1 1 1 1 1 1 1

f 1 2 128 10 1 1 0 0 0 0 0 0 0 1 1

f 1 3 128 10 1 1 1 1 1

f 1 4 128 10 1 0 0 0 0 0 0 0 0 0 0 0 0 0 0 1

f 1 5 128 10 1 1

f 1 6 128 13 1 1 0 0 0 -.1 0 .3 0 -.5 0 .7 0 -.9 0 1 0 -1 0

f 1 7 128 21 6 5.745

</CsScore>

</CsoundSynthesizer>

;Example by Christopher Saunders

:OU�LL�GET�THE�WARNING

WARNING: replacing previous ftable 1

5HIS�IS�NOT�A�BAD�THING
�IT�MEANS�THIS�METHOD�OF�HAMMERING�THE�STRING�IS�WORKING��*N�FACT
YOU�COULD�USE�THIS�METHOD�TO�EXPLORE�AND�HAMMER�EVERY�POSSIBLE�(&/�ROUTINE�IN�$SOUND�
(&/�� 	SINES

(&/��� 	NOISE
�AND(&/��� 	BREAKPOINT�FUNCTIONS
�COULD�KEEP�YOU
OCCUPIED�FOR�A�WHILE�

6NIPOLAR�WAVES�HAVE�A�DIFFERENT�SOUND�BUT�A�LOSS�IN�VOLUME�CAN�OCCUR�

5HERE�IS�A�WAY�TO�DO�THIS�WITHscanu. #UT�*�DO�NOT�USE�THIS�FEATURE�AND�JUST�USE�THESE
VALUES�INSTEAD�

ileft = 0.

iright = 1.

kpos = 0.

kstrngth = 0.

MORE ON PROFILES

0NE�OF�THE�BIGGEST�CHALLENGES�IN�UNDERSTANDING�SCANNED�SYNTHESIS�IS�THE�CONCEPT�OF
PROFILES�

4ETTING�UP�THE�OPCODEscanuREQUIRES���PROFILES���$ENTERING
�.ASS
�%AMPING��5HE
PIONEERS�OF�SCANNED�SYNTHESIS�DISCOVERED�EARLY�ON�THAT�THE�RESULTANT�TIMBRE�IS�FAR�MORE
INTERESTING�IF�MARBLE����HAD�A�DIFFERENT�CENTERING�FORCE�THAN�MASS�����

http://www.csounds.com/manual/html/GEN10.html
http://www.csounds.com/manual/html/GEN21.html
http://www.csounds.com/manual/html/GEN27.html
http://www.csounds.com/manual/html/scanu.html
http://www.csounds.com/manual/html/scanu.html


5HE�FARTHER�OUR�MODEL�GETS�AWAY�FROM�A�PHYSICAL�REAL�WORLD�STRING�THAT�WE�KNOW�AND
PLUCK�ON�OUR�GUITARS�AND�PIANOS
�THE�MORE�INTERESTING�THE�SOUNDS�FOR�SYNTHESIS��5HEREFORE

INSTEAD�OF�ONE�MASS
�AND�DAMPING
�AND�CENTERING�VALUE�FOR�ALL�����OF�THE�MARBLES�EACH
MARBLE�SHOULD�HAVE�ITS�OWN�CONDITIONS��)OW�THE�CENTERING
�MASS
�AND�DAMPING�PROFILES
MAKE�THE�SYSTEM�BEHAVE�IS�UP�TO�THE�USER�TO�DISCOVER�THROUGH�EXPERIMENTATION��	.ORE�ON
HOW�TO�EXPERIMENT�SAFELY�LATER�IN�THIS�CHAPTER�


CONTROL RATE PROFILE SCALARS

1ROFILES�ARE�A�DETAILED�WAY�TO�CONTROL�THE�BEHAVIOR�OF�THE�STRING
�BUT�WHAT�IF�WE�WANT�TO
INFLUENCE�THE�MASS�OR�CENTERING�OR�DAMPING�OF�EVERY�MARBLEafter A�NOTE�HAS�BEEN
ACTIVATED�AND�WHILE�ITS�PLAYING 

ScanuGIVES�US���K�RATE�ARGUMENTSkmass, kstif, kcentr, kdamp
�TO�SCALE�THESE�FORCES��0NE
COULD�SCALE�MASS�TO�VOLUME
�OR�HAVE�AN�ENVELOPE�CONTROLLING�CENTERING�

Caution! 5HESE�PARAMETERS�CAN�MAKE�THE�SCANNED�SYSTEM�UNSTABLE�IN�WAYS�THAT�COULD
MAKEextremelyLOUD�SOUNDS�COME�OUT�OF�YOUR�COMPUTER��*T�IS�BEST�TO�EXPERIMENT�WITH
SMALL�CHANGES�IN�RANGE�AND�KEEP�YOUR�HEADPHONES�OFF��"�GOOD�PLACE�TO�START
EXPERIMENTING�IS�WITH�DIFFERENT�VALUES�FORkcentrWHILE�KEEPINGkmass
 kstiff
�ANDkdamp
CONSTANT�

:OU�COULD�ALSO�SCALE�MASS�AND�STIFFNESS�TO�.*%*�VELOCITY�

AUDIO INJECTION

*NSTEAD�OF�USING�THE�HAMMER�METHOD�TO�MOVE�THE�MARBLES�AROUND
�WE�COULD�USE�AUDIO�TO
ADD�MOTION�TO�THE�MASS�AND�SPRING�MODEL�ScanuLETS�US�DO�THIS�WITH�A�SIMPLE�AUDIO�RATE
ARGUMENT��8HEN�THE�3EFERENCE�MANUAL�SAYS��AMPLITUDE�SHOULD�NOT�BE�TOO�GREAT�it means
it.

"�GOOD�PLACE�TO�START�IS�BY�SCALING�DOWN�THE�AUDIO�IN�THE�OPCODE�LINE�

ain/2000

*T�IS�ALWAYS�A�GOOD�IDEA�TO�TAKE�INTO�ACCOUNT�THE��DBFS�STATEMENT�IN�THE�HEADER��4IMPLY�PUT
IF��DBFS����AND�YOU�SENDscansAN�AUDIO�SIGNAL�WITH�A�VALUE�OF��
�YOU�AND�YOUR�IMMEDIATE
NEIGHBORS�ARE�IN�FOR�A�VERY�LOUD�UGLY�SOUND�"amplitude should not be too great"

TO�BYPASS�AUDIO�INJECTION�ALL�TOGETHER
�SIMPLY�ASSIGN���TO�AN�A�RATE�VARIABLE�

ain = 0

http://www.csounds.com/manual/html/scanu.html


AND�USE�THIS�VARIABLE�AS�THE�ARGUMENT�

CONNECTING TO SCANS

5HE�P�FIELD�ID
�IS�AN�ARBITRARY�INTEGER�LABEL�THAT�TELLS�THE�SCANS�OPCODE�WHICHscanuTO�READ�
#Y�MAKING�THE�VALUE�OF�ID�NEGATIVE
�THE�ARBITRARY�NUMERICAL�LABEL�BECOMES�THE�NUMBER�OF
AN�F�TABLE�THAT�CAN�BE�USED�BY�ANY�OTHER�OPCODE�IN�$SOUND
�LIKE�WE�DID�WITHscantable
EARLIER�IN�THIS�CHAPTER�

8E�COULD�THEN�USEoscil TO�PERFORM�A�TABLE�LOOKUP�ALGORITHM�TO�MAKE�SOUND�OUT�OFscanu
	AS�LONG�AS�ID�IS�NEGATIVE

�BUTscanuHAS�A�COMPANION�OPCODE
scansWHICH�HAS���MORE
ARGUMENT�THANoscil��5HIS�ARGUMENT�IS�THE�NUMBER�OF�AN�F�TABLE�CONTAINING�THE�SCAN
TRAJECTORY�

SCAN TRAJECTORIES

0NE�THING�WE�HAVE�TAKE�FOR�GRANTED�SO�FAR�WITHoscil IS�THAT�THE�WAVE�TABLE�IS�READ�FRONT�TO
BACK�*F�YOU�REGARD�OSCIL�AS�A�PHASOR�AND�TABLE�PAIR
�THE�FIRST�INDEX�OF�THE�TABLE�IS�ALWAYS
READ�FIRST�AND�THE�LAST�INDEX�IS�ALWAYS�READ�LAST�AS�IN�THE�EXAMPLE�BELOW

EXAMPLE 04H05_Scan_trajectories.csd

<CsoundSynthesizer>

<CsOptions>

-o dac

</CsOptions>

<CsInstruments>

sr=44100

kr=4410

ksmps=10

nchnls=2

0dbfs=1

instr 1

andx phasor 440

a1 table andx*8192, 1

outs a1*.2, a1*.2

endin

</CsInstruments>

<CsScore>

f1 0 8192 10 1

i 1 0 4

</CsScore>

</CsoundSynthesizer>

http://www.csounds.com/manual/html/scanu.html
http://www.csounds.com/manual/html/scantable.html
http://www.csounds.com/manual/html/oscil.html
http://www.csounds.com/manual/html/scanu.html
http://www.csounds.com/manual/html/scanu.html
http://www.csounds.com/manual/html/scans.html
http://www.csounds.com/manual/html/oscil.html
http://www.csounds.com/manual/html/oscil.html


#UT�WHAT�IF�WE�WANTED�TO�READ�THE�TABLE�INDICES�BACK�TO�FRONT
�OR�EVEN��OUT�OF�ORDER� 
8ELL�WE�COULD�DO�SOMETHING�LIKE�THIS�

EXAMPLE 04H06_Scan_trajectories2.csd

<CsoundSynthesizer>

<CsOptions>

-o dac

</CsOptions>

<CsInstruments>

sr=44100

kr=4410

ksmps=10

nchnls=2 ; STEREO

0dbfs=1

instr 1

andx phasor 440

andx table andx*8192, 1  ; read the table out of order!

a1   table andx*8192, 1

outs a1*.2, a1*.2

endin

</CsInstruments>

<CsScore>

f1 0 8192 10 1

f2 0 8192 -5 .001 8192 1;

i 1 0 4

</CsScore>

</CsoundSynthesizer>

8E�ARE�STILL�DEALING�WITH���DIMENSIONAL�ARRAYS
�OR�F�TABLES�AS�WE�KNOW�THEM��#UT�IF�WE
REMEMBER�BACK�TO�THE�OUR�CONVERSATION�ABOUT�THE�SCANNED�MATRIX
�MATRICES�ARE�MULTI�
DIMENSIONAL
�IT�WOULD�BE�A�SHAME�TO�ONLY�READ�THEM�IN���%��

5HE�OPCODEscansGIVES�US�THE�FLEXIBILITY�OF�SPECIFYING�A�SCAN�TRAJECTORY
�ANALOGOUS�TO�THE
TELLING�THE�PHASOR�TABLE�COMBINATION�TO�READ�VALUES�NON�CONSECUTIVELY��8E�COULD�READ
THESE�VALUES
�NOT�LEFT�TO�RIGHT
�BUT�IN�A�SPIRAL�ORDER
�BY�SPECIFYING�A�TABLE�TO�BE�THEifntraj
ARGUMENT�OFscans�

a3 scans iamp, kpch, ifntraj ,id , interp

"N�F�TABLE�FOR�THE�SPIRAL�METHOD�CAN�GENERATED�BY�READING�THE�"4$**�FILE
�SPIRAL��
��
���
�
�OVER���BY�(&/��

f2 0 128 -23 "spiral-8,16,128,2,1over2"

5HE�FOLLOWING��CSD�REQUIRES�THAT�THE�FILES��CIRCULARSTRING������AND��SPIRAL��
��

���
�
�OVER���BE�LOCATED�IN�THE�SAME�DIRECTORY�AS�THE��CSD�

http://www.csounds.com/manual/html/scans.html
http://www.csounds.com/manual/html/scans.html


EXAMPLE 04H07_Scan_matrices.csd

<CsoundSynthesizer>

<CsOptions>

-o dac

</CsOptions>

<CsInstruments>

nchnls = 2

sr = 44100

ksmps = 10

0dbfs = 1

instr 1

ipos ftgen 1, 0, 128, 10, 1

irate = .005

ifnvel ftgen 6, 0, 128, -7, 0, 128, 0

ifnmass ftgen 2, 0, 128, -7, 1, 128, 1

ifnstif ftgen 3, 0, 16384,-23,"circularstring-128"

ifncentr ftgen 4, 0, 128, -7, 0, 128, 2

ifndamp ftgen 5, 0, 128, -7, 1, 128, 1

imass = 2

istif = 1.1

icentr = .1

idamp = -0.01

ileft = 0.

right = .5

ipos = 0.

istrngth = 0.

ain = 0

idisp = 0

id = 8

scanu 1, irate, ifnvel, ifnmass, ifnstif, ifncentr, ifndamp, imass, istif, icentr, idamp, ileft, iright, ipos, istrngth, ain, idisp, id

scanu 1,.007,6,2,3,4,5, 2, 1.10 ,.10 ,0 ,.1 ,.5, 0, 0,ain,1,2;

iamp = .2

ifreq = 200

a1 scans iamp, ifreq, 7, id

a1 dcblock a1

outs a1, a1

endin

</CsInstruments>

<CsScore>

f7 0 128 -7 0 128 128

i 1 0 5

f7 5 128 -23 "spiral-8,16,128,2,1over2"

i 1 5 5

f7 10 128 -7 127 64 1 63 127

i 1 10 5

</CsScore>

</CsoundSynthesizer>



/OTICE�THAT�THE�SCAN�TRAJECTORY�HAS�AN�'.�LIKE�EFFECT�ON�THE�SOUND�

TABLE SIZE AND INTERPOLATION

5ABLES�USED�FOR�SCAN�TRAJECTORY�MUST�BE�THE�SAME�SIZE�	HAVE�THE�SAME�NUMBER�OF�INDICES

AS�THE�MASS
�CENTERING
�DAMPING�TABLES��AND�MUST�ALSO�HAVE�THE�SAME�RANGE�AS�THE�SIZE�OF
THESE�TABLES��'OR�EXAMPLE
�IN�OUR��CSD�S�WE�VE�BEEN�USING�����POINT�TABLES�FOR�INITIAL
POSITION
�MASS�CENTERING
�DAMPING�	OUR�STIFFNESS�TABLES�HAVE�BEEN�����SQUARED
��4O�OUR
TRAJECTORY�TABLES�MUST�BE�OF�SIZE����
�AND�CONTAIN�VALUES�FROM���TO�����

0NE�CAN�USE�LARGER�OR�SMALLER�TABLES
�BUT�THEIR�SIZES�MUST�AGREE�IN�THIS�WAY�OR�$SOUND�WILL
GIVE�YOU�AN�ERROR��-ARGER�TABLES
�OF�COURSE�SIGNIFICANTLY�INCREASE�$16�USAGE�AND�SLOW
DOWN�REAL�TIME�PERFORMANCE�

*F�ALL�THE�SIZES�ARE�MULTIPLES�OF�A�NUMBER�	���

�WE�CAN�USE�$SOUND�S�.ACRO�LANGUAGE
EXTENSION�TO�DEFINE�THE�TABLE�SIZE�AS�A�MACRO
�AND�THEN�CHANGE�THE�DEFINITION�TWICE�	ONCE
FOR�THE�ORC�AND�ONCE�FOR�THE�SCORE
�INSTEAD�OF����TIMES�

EXAMPLE 04H08_Scan_tablesize.csd

<CsoundSynthesizer>

<CsOptions>

-o dac

</CsOptions>

<CsInstruments>

nchnls = 2

sr = 44100

ksmps = 10

0dbfs = 1

#define SIZE #128#

instr 1

ipos ftgen 1, 0, $SIZE., 10, 1

irate = .005

ifnvel ftgen 6, 0, $SIZE., -7, 0, $SIZE., 0

ifnmass ftgen 2, 0, $SIZE., -7, 1, $SIZE., 1

ifnstif ftgen 3, 0, $SIZE.*$SIZE.,-23, "circularstring-$SIZE."

ifncentr ftgen 4, 0, $SIZE., -7, 0, $SIZE., 2

ifndamp ftgen 5, 0, $SIZE., -7, 1, $SIZE., 1

imass = 2

istif = 1.1

icentr = .1

idamp = -0.01

ileft = 0.

iright = .5

ipos = 0.

istrngth = 0.

ain = 0

idisp = 0

id = 8



scanu 1, irate, ifnvel, ifnmass, ifnstif, ifncentr, ifndamp, imass, istif, icentr, idamp, ileft, iright, ipos, istrngth, ain, idisp, id

scanu 1,.007,6,2,3,4,5, 2, 1.10 ,.10 ,0 ,.1 ,.5, 0, 0,ain,1,2;

iamp = .2

ifreq = 200

a1 scans iamp, ifreq, 7, id, 4

a1 dcblock a1

outs a1, a1

endin

</CsInstruments>

<CsScore>

#define SIZE #128#

f7 0 $SIZE. -7 0 $SIZE. $SIZE.

i 1 0 5

f7 5 $SIZE. -7 0 63 [$SIZE.-1] 63 0

i 1 5 5

f7 10 $SIZE. -7 [$SIZE.-1] 64 1 63 [$SIZE.-1]

i 1 10 5

</CsScore>

</CsoundSynthesizer>

.ACROS�EVEN�WORK�IN�OUR�STRING�LITERAL�IN�OUR(&/��� F�TABLE��#UT�IF�YOU�DEFINE�SIZE�AS���
AND�THERE�ISN�T�A�FILE�IN�YOUR�DIRECTORY�NAMED��CIRCULARSTRING�����$SOUND�WILL�NOT�RUN�YOUR
SCORE�AND�GIVE�YOU�AN�ERROR��)ERE�IS�ALINK�TO�DOWNLOAD�POWER�OF�TWO�SIZE�"4$**�FILES
THAT�CREATE�CIRCULAR�MATRICES�FOR�USE�IN�THIS�WAY
�AND�OF�COURSE
�YOU�CAN�DESIGN�YOUR�OWN
STIFFNESS�MATRIX�FILES�WITH4TEVEN�:I�S�SCANNED�MATRIX�EDITOR�

8HEN�USING�SMALLER�SIZE�TABLES�IT�MAY�BE�NECESSARY�TO�USE�INTERPOLATION�TO�AVOID�THE
ARTIFACTS�OF�A�SMALL�TABLE�scansGIVES�US�THIS�OPTION�AS�A�FIFTH�OPTIONAL�ARGUMENT
iorder,
DETAILED�IN�THE�REFERENCE�MANUAL�AND�WORTH�EXPERIMENTING�WITH�

6SING�THE�OPCODES�SCANU�AND�SCANS�REQUIRE�THAT�WE�FILL�IN����ARGUMENTS�AND�CREATE�AT�LEAST
��F�TABLES
�INCLUDING�AT�LEAST�ONE�EXTERNAL�"4$**�FILE�	BECAUSE�NO�ONE�WANTS�TO�FILL�IN
��
����ARGUMENTS�TO�AN�F�STATEMENT
��5HIS�A�VERY�CHALLENGING�PAIR�OF�OPCODES��5HE�BEAUTY
OF�SCANNED�SYNTHESIS�IS�THAT�THERE�IS�NO�ONE�SCANNED�SYNTHESIS��SOUND��

USING BALANCE TO TAME AMPLITUDES

)OWEVER
�LIKE�THIS�FRONTIER�CAN�BE�A�LAWLESS
�DANGEROUS�PLACE��8HEN�EXPERIMENTING�WITH
SCANNED�SYNTHESIS�PARAMETERS
�ONE�CAN�ILLICIT�EXTRAORDINARILY�LOUD�SOUNDS�OUT�OF�$SOUND

OFTEN�BY�SOMETHING�AS�SIMPLE�AS�A�MISPLACED�DECIMAL�POINT�

Warning the following .csd is hot, it produces massively loud amplitude values. Be
very cautious about rendering this .csd, I highly recommend rendering to a file
instead of real-time, if you must run it.

EXAMPLE 04H09_Scan_extreme_amplitude.csd

<CsoundSynthesizer>

<CsOptions>

http://www.csounds.com/manual/html/GEN23.html
http://csounds.com/scanned/scanned_synthesis_matricies.zip
http://www.csounds.com/stevenyi/scanned/


-o dac

</CsOptions>

<CsInstruments>

nchnls = 2

sr = 44100

ksmps = 256

0dbfs = 1

;NOTE THIS CSD WILL NOT RUN UNLESS

;IT IS IN THE SAME FOLDER AS THE FILE "STRING-128"

instr 1

ipos ftgen 1, 0, 128 , 10, 1

irate = .007

ifnvel ftgen 6, 0, 128 , -7, 0, 128, 0.1

ifnmass ftgen 2, 0, 128 , -7, 1, 128, 1

ifnstif ftgen 3, 0, 16384, -23, "string-128"

ifncentr ftgen 4, 0, 128 , -7, 1, 128, 2

ifndamp ftgen 5, 0, 128 , -7, 1, 128, 1

kmass = 1

kstif = 0.1

kcentr = .01

kdamp = 1

ileft = 0

iright = 1

kpos = 0

kstrngth = 0.

ain = 0

idisp = 1

id = 22

scanu ipos, irate, ifnvel, ifnmass, \

ifnstif, ifncentr, ifndamp, kmass, \

kstif, kcentr, kdamp, ileft, iright,\

kpos, kstrngth, ain, idisp, id

kamp = 0dbfs*.2

kfreq = 200

ifn ftgen 7, 0, 128, -5, .001, 128, 128.

a1 scans kamp, kfreq, ifn, id

1 dcblock2 a1

iatt = .005

idec = 1

islev = 1

irel = 2

aenv adsr iatt, idec, islev, irel

;outs a1*aenv,a1*aenv; Uncomment for speaker destruction;

endin

</CsInstruments>

<CsScore>

f8 0 8192 10 1;

i 1 0 5

</CsScore>

</CsoundSynthesizer>

5HE�EXTREME�VOLUME�OF�THIS��CSD�COMES�FROM�FROM�A�VALUE�GIVEN�TO�SCANU

kdamp = .1



���IS�NOT�EXACTLY�A�SAFE�VALUE�FOR�THIS�ARGUMENT
�IN�FACT
�ANY�VALUE�ABOVE���FOR�THIS
ARGUMENT�CAN�CAUSE�CHAOS�

*T�WOULD�TAKE�A�SKILLED�MATHEMATICIAN�TO�MAP�OUT�SAFE�POSSIBLE�RANGES�FOR�ALL�THE
ARGUMENTS�OF�SCANU��*�FIGURED�OUT�THESE�VALUES�THROUGH�A�MIX�OF�TRIAL�AND�ERROR�AND
studying other .csd's�

8E�CAN�USE�THE�OPCODEBALANCETO�LISTEN�TO�SINE�WAVE�	A�SIGNAL�WITH�CONSISTENT
�SAFE
AMPLITUDE
�AND�SQUASH�DOWN�OUR�EXTREMELY�LOUD�SCANNED�SYNTH�OUTPUT�	WHICH�IS�LOUD
ONLY�BECAUSE�OF�OUR�INTENTIONAL�CARELESSNESS�


EXAMPLE 04H10_Scan_balanced_amplitudes.csd

<CsoundSynthesizer>

<CsOptions>

-o dac

</CsOptions>

<CsInstruments>

nchnls = 2

sr = 44100

ksmps = 256

0dbfs = 1

;NOTE THIS CSD WILL NOT RUN UNLESS

;IT IS IN THE SAME FOLDER AS THE FILE "STRING-128"

instr 1

ipos ftgen 1, 0, 128 , 10, 1

irate = .007

ifnvel   ftgen 6, 0, 128 , -7, 0, 128, 0.1

ifnmass  ftgen 2, 0, 128 , -7, 1, 128, 1

ifnstif  ftgen 3, 0, 16384, -23, "string-128"

ifncentr ftgen 4, 0, 128 , -7, 1, 128, 2

ifndamp  ftgen 5, 0, 128 , -7, 1, 128, 1

kmass = 1

kstif = 0.1

kcentr = .01

kdamp = -0.01

ileft = 0

iright = 1

kpos = 0

kstrngth = 0.

ain = 0

idisp = 1

id = 22

scanu ipos, irate, ifnvel, ifnmass, \

ifnstif, ifncentr, ifndamp, kmass, \

kstif, kcentr, kdamp, ileft, iright,\

kpos, kstrngth, ain, idisp, id

kamp = 0dbfs*.2

kfreq = 200

ifn ftgen 7, 0, 128, -5, .001, 128, 128.

a1 scans kamp, kfreq, ifn, id

http://www.csounds.com/manual/html/balance.html


a1 dcblock2 a1

ifnsine ftgen 8, 0, 8192, 10, 1

a2 oscil kamp, kfreq, ifnsine

a1 balance a1, a2

iatt = .005

idec = 1

islev = 1

irel = 2

aenv adsr iatt, idec, islev, irel

outs a1*aenv,a1*aenv

endin

</CsInstruments>

<CsScore>

f8 0 8192 10 1;

i 1 0 5

</CsScore>

</CsoundSynthesizer>

*T�MUST�BE�EMPHASIZED�THAT�THIS�IS�MERELY�A�SAFEGUARD��8E�STILL�GET�SAMPLES�OUT�OF�RANGE
WHEN�WE�RUN�THIS��CSD
�BUT�MANY�LESS�THAN�IF�WE�HAD�NOT�USED�BALANCE��*T�IS�RECOMMENDED
TO�USE�BALANCE�IF�YOU�ARE�DOING�REAL�TIME�MAPPING�OF�K�RATE�PROFILE�SCALAR�ARGUMENTS�FOR
scans��MASS�STIFFNESS
�DAMPING
�AND�CENTERING�

REFERENCES AND FURTHER READING

.AX�.ATTHEWS
�#ILL�7ERPLANK
�3OB�4HAW
�1ARIS�4MARAGDIS
�3ICHARD�#OULANGER
�+OHN
FFITCH
�.ATTHEW�(ILLIARD
�.ATT�*NGALLS
�AND�4TEVEN�:I�ALL�WORKED�TO�MAKE�SCANNED
SYNTHESIS�USABLE
�STABLE�AND�OPENLY�AVAILABLE�TO�THE�OPEN�SOURCE�$SOUND�COMMUNITY�
5HEIR�CONTRIBUTIONS�ARE�IN�THE�REFERENCE�MANUAL
�SEVERAL�ACADEMIC�PAPERS�ON�SCANNED
SYNTHESIS�AND�JOURNAL�ARTICLES
�AND�THE�SOFTWARE�THAT�SUPPORTS�THE�$SOUND�COMMUNITY�

$SOUNDS�COM�PAGE�ON�4CANNED�4YNTHESIS

HTTP���WWW�CSOUNDS�COM�SCANNED�

%R��3ICHARD�#OULANGER�S�TUTORIAL�ON�4CANNED�4YNTHESIS

HTTP���WWW�CSOUNDS�COM�SCANNED�TOOT�INDEX�HTML

4TEVEN�:I�S�1AGE�ON�EXPERIMENTING�WITH�4CANNED�4YNTHESIS

HTTP���WWW�CSOUNDS�COM�STEVENYI�SCANNED�YI@SCANNED4YNTHESIS�HTML
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http://www.csounds.com/scanned/
http://www.csounds.com/scanned/toot/index.html%20
http://www.csounds.com/stevenyi/scanned/yi_scannedSynthesis.html%20


ENVELOPES
&NVELOPES�ARE�USED�TO�DEFINE�HOW�A�VALUE�CHANGES�OVER�TIME��*N�EARLY�SYNTHESIZERS

ENVELOPES�WERE�USED�TO�DEFINE�THE�CHANGES�IN�AMPLITUDE�IN�A�SOUND�ACROSS�ITS�DURATION
THEREBY�IMBUING�SOUNDS�CHARACTERISTICS�SUCH�AS��PERCUSSIVE�
�OR��SUSTAINING���0F�COURSE
ENVELOPES�CAN�BE�APPLIED�TO�ANY�PARAMETER�AND�NOT�JUST�AMPLITUDE�

$SOUND�OFFERS�A�WIDE�ARRAY�OF�OPCODES�FOR�GENERATING�ENVELOPES�INCLUDING�ONES�WHICH
EMULATE�THE�CLASSIC�"%43�	ATTACK�DECAY�SUSTAIN�RELEASE
�ENVELOPES�FOUND�ON�HARDWARE
AND�COMMERCIAL�SOFTWARE�SYNTHESIZERS��"�SELECTION�OF�THESE�OPCODES
�WHICH�REPRESENT�THE
BASIC�TYPES
�SHALL�BE�INTRODUCED�HERE

5HE�SIMPLEST�OPCODE�FOR�DEFINING�AN�ENVELOPE�ISLINE� line DESCRIBES�A�SINGLE�ENVELOPE
SEGMENT�AS�A�STRAIGHT�LINE�BETWEEN�A�START�VALUE�AND�AN�END�VALUE�WHICH�HAS�A�GIVEN
DURATION�

ares line ia, idur, ib
kres line ia, idur, ib

*N�THE�FOLLOWING�EXAMPLEline IS�USED�TO�CREATE�A�SIMPLE�ENVELOPE�WHICH�IS�THEN�USED�AS
THE�AMPLITUDE�CONTROL�OF�AposcilOSCILLATOR��5HIS�ENVELOPE�STARTS�WITH�A�VALUE�OF�����THEN
OVER�THE�COURSE�OF���SECONDS�DESCENDS�IN�LINEAR�FASHION�TO�ZERO�

EXAMPLE 05A01_line.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy
sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine ftgen 0, 0, 2^12, 10, 1 ; a sine wave

instr 1
aEnv line 0.5, 2, 0         ; amplitude envelope
aSig poscil aEnv, 500, giSine ; audio oscillator

out aSig              ; audio sent to output
endin

</CsInstruments>
<CsScore>
i 1 0 2 ; instrument 1 plays a note for 2 seconds

http://www.csounds.com/manual/html/line.html


e
</CsScore>
</CsoundSynthesizer>

5HE�ENVELOPE�IN�THE�ABOVE�EXAMPLE�ASSUMES�THAT�ALL�NOTES�PLAYED�BY�THIS�INSTRUMENT�WILL
BE���SECONDS�LONG��*N�PRACTICE�IT�IS�OFTEN�BENEFICIAL�TO�RELATE�THE�DURATION�OF�THE�ENVELOPE
TO�THE�DURATION�OF�THE�NOTE�	P�
�IN�SOME�WAY��*N�THE�NEXT�EXAMPLE�THE�DURATION�OF�THE
ENVELOPE�IS�REPLACED�WITH�THE�VALUE�OF�P��RETRIEVED�FROM�THE�SCORE
�WHATEVER�THAT�MAY�BE�
5HE�ENVELOPE�WILL�BE�STRETCHED�OR�CONTRACTED�ACCORDINGLY�

EXAMPLE 05A02_line_p3.csd

<CsoundSynthesizer>

<CsOptions>
-odac ;activates real time sound output
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy
sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine ftgen 0, 0, 2^12, 10, 1 ; a sine wave

instr 1
; A single segment envelope. Time value defined by note duration.
aEnv line 0.5, p3, 0
aSig poscil aEnv, 500, giSine ; an audio oscillator

out aSig              ; audio sent to output
endin

</CsInstruments>
<CsScore>
; p1 p2 p3
i 1 0 1
i 1 2 0.2
i 1 3 4
e
</CsScore>
</CsoundSynthesizer>

*T�MAY�NOT�BE�DISASTROUS�IF�A�ENVELOPE�S�DURATION�DOES�NOT�MATCH�P��AND�INDEED�THERE�ARE
MANY�OCCASIONS�WHEN�WE�WANT�AN�ENVELOPE�DURATION�TO�BE�INDEPENDENT�OF�P��BUT�WE�NEED
TO�REMAIN�AWARE�THAT�IF�P��IS�SHORTER�THAN�AN�ENVELOPE�S�DURATION�THEN�THAT�ENVELOPE�WILL
BE�TRUNCATED�BEFORE�IT�IS�ALLOWED�TO�COMPLETE�AND�IF�P��IS�LONGER�THAN�AN�ENVELOPE�S
DURATION�THEN�THE�ENVELOPE�WILL�COMPLETE�BEFORE�THE�NOTE�ENDS�	THE�CONSEQUENCES�OF�THIS
LATTER�SITUATION�WILL�BE�LOOKED�AT�IN�MORE�DETAIL�LATER�ON�IN�THIS�SECTION
�



line 	AND�MOST�OF�$SOUND�S�ENVELOPE�GENERATORS
�CAN�OUTPUT�EITHER�K�OR�A�RATE�VARIABLES��K�
RATE�ENVELOPES�ARE�COMPUTATIONALLY�CHEAPER�THAN�A�RATE�ENVELOPES�BUT�IN�ENVELOPES�WITH
FAST�MOVING�SEGMENTS�QUANTIZATION�CAN�OCCUR�IF�THEY�OUTPUT�A�K�RATE�VARIABLE
�PARTICULARLY
WHEN�THE�CONTROL�RATE�IS�LOW
�WHICH�IN�THE�CASE�OF�AMPLITUDE�ENVELOPES�CAN�LEAD�TO
CLICKING�ARTEFACTS�OR�DISTORTION�

LINSEGIS�AN�ELABORATION�OFline AND�ALLOWS�US�TO�ADD�AN�ARBITRARY�NUMBER�OF�SEGMENTS�BY
ADDING�FURTHER�PAIRS�OF�TIME�DURATIONS�FOLLOWED�ENVELOPE�VALUES��1ROVIDED�WE�ALWAYS�END
WITH�A�VALUE�AND�NOT�A�DURATION�WE�CAN�MAKE�THIS�ENVELOPE�AS�LONG�AS�WE�LIKE�

*N�THE�NEXT�EXAMPLE�A�MORE�COMPLEX�AMPLITUDE�ENVELOPE�IS�EMPLOYED�BY�USING�THElinseg
OPCODE��5HIS�ENVELOPE�IS�ALSO�NOTE�DURATION�	P�
�DEPENDENT�BUT�IN�A�MORE�ELABORATE�WAY�
"�ATTACK�DECAY�STAGE�IS�DEFINED�USING�EXPLICITLY�DECLARED�TIME�DURATIONS��"�RELEASE�STAGE
IS�ALSO�DEFINED�WITH�AN�EXPLICITLY�DECLARED�DURATION��5HE�SUSTAIN�STAGE�IS�THE�P��DEPENDENT
STAGE�BUT�TO�ENSURE�THAT�THE�DURATION�OF�THE�ENTIRE�ENVELOPE�STILL�ADDS�UP�TO�P�
�THE
EXPLICITLY�DEFINED�DURATIONS�OF�THE�ATTACK
�DECAY�AND�RELEASE�STAGES�ARE�SUBTRACTED�FROM�THE
P��DEPENDENT�SUSTAIN�STAGE�DURATION��'OR�THIS�ENVELOPE�TO�FUNCTION�CORRECTLY�IT�IS�IMPORTANT
THAT�P��IS�NOT�LESS�THAN�THE�SUM�OF�ALL�EXPLICITLY�DEFINED�ENVELOPE�SEGMENT�DURATIONS��*F
NECESSARY
�ADDITIONAL�CODE�COULD�BE�EMPLOYED�TO�CIRCUMVENT�THIS�FROM�HAPPENING�

EXAMPLE 05A03_linseg.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine ftgen 0, 0, 2^12, 10, 1 ; a sine wave

instr 1
; a more complex amplitude envelope:
; |-attack-|-decay--|---sustain---|-release-|
aEnv linseg 0, 0.01, 1, 0.1, 0.1, p3-0.21, 0.1, 0.1, 0
aSig poscil aEnv, 500, giSine

out aSig
endin

</CsInstruments>

<CsScore>
i 1 0 1
i 1 2 5

http://www.csounds.com/manual/html/linseg.html


e
</CsScore>

</CsoundSynthesizer>

5HE�NEXT�EXAMPLE�ILLUSTRATES�AN�APPROACH�THAT�CAN�BE�TAKEN�WHENEVER�IT�IS�REQUIRED�THAT
MORE�THAN�ONE�ENVELOPE�SEGMENT�DURATION�BE�P��DEPENDENT��5HIS�TIME�EACH�SEGMENT�IS�A
FRACTION�OF�P���5HE�SUM�OF�ALL�SEGMENTS�STILL�ADDS�UP�TO�P��SO�THE�ENVELOPE�WILL�COMPLETE
ACROSS�THE�DURATION�OF�EACH�EACH�NOTE�REGARDLESS�OF�DURATION�

EXAMPLE 05A04_linseg_p3_fractions.csd

<CsoundSynthesizer>

<CsOptions>
-odac ;activates real time sound output
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine   ftgen    0, 0, 2^12, 10, 1; a sine wave

instr 1
aEnv     linseg   0, p3*0.5, 1, p3*0.5, 0 ; rising then falling envelope
aSig     poscil   aEnv, 500, giSine

out      aSig
endin

</CsInstruments>

<CsScore>
; 3 notes of different durations are played
i 1 0   1
i 1 2 0.1
i 1 3   5
e
</CsScore>

</CsoundSynthesizer>

5HE�NEXT�EXAMPLE�HIGHLIGHTS�AN�IMPORTANT�DIFFERENCE�IN�THE�BEHAVIOURS�OFline ANDlinseg
WHEN�P��EXCEEDS�THE�DURATION�OF�AN�ENVELOPE�

8HEN�A�NOTE�CONTINUES�BEYOND�THE�END�OF�THE�FINAL�VALUE�OF�AlinsegDEFINED�ENVELOPE�THE
FINAL�VALUE�OF�THAT�ENVELOPE�IS�HELD��"line DEFINED�ENVELOPE�BEHAVES�DIFFERENTLY�IN�THAT
INSTEAD�OF�HOLDING�ITS�FINAL�VALUE�IT�CONTINUES�IN�A�TRAJECTORY�DEFINED�BY�THE�LAST�SEGMENT�



5HIS�DIFFERENCE�IS�ILLUSTRATED�IN�THE�FOLLOWING�EXAMPLE��5HElinsegANDline ENVELOPES�OF
INSTRUMENTS���AND���APPEAR�TO�BE�THE�SAME�BUT�THE�DIFFERENCE�IN�THEIR�BEHAVIOUR�AS
DESCRIBED�ABOVE�WHEN�THEY�CONTINUE�BEYOND�THE�END�OF�THEIR�FINAL�SEGMENT�IS�CLEAR�WHEN
LISTENING�TO�THE�EXAMPLE�

/OTE�THAT�INFORMATION�GIVEN�IN�THE�$SOUND�.ANUAL�IN�REGARD�TO�THIS�MATTER�IS�INCORRECT�AT
THE�TIME�OF�WRITING�

EXAMPLE 05A05_line_vs_linseg.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine ftgen 0, 0, 2^12, 10, 1 ; a sine wave

instr 1 ; linseg envelope
aCps linseg 300, 1, 600       ; linseg holds its last value
aSig poscil 0.2, aCps, giSine

out aSig
endin

instr 2 ; line envelope
aCps line 300, 1, 600       ; line continues its trajectory
aSig poscil 0.2, aCps, giSine

out aSig
endin

</CsInstruments>

<CsScore>
i 1 0 5 ; linseg envelope
i 2 6 5 ; line envelope
e
</CsScore>

</CsoundSynthesizer>

EXPONANDEXPSEGARE�VERSIONS�OFline ANDlinsegTHAT�INSTEAD�PRODUCE�ENVELOPE�SEGMENTS
WITH�CONCAVE�EXPONENTIAL�RATHER�THAN�LINEAR�SHAPES�exponANDexpsegCAN�OFTEN�BE�MORE
MUSICALLY�USEFUL�FOR�ENVELOPES�THAT�DEFINE�AMPLITUDE�OR�FREQUENCY�AS�THEY�WILL�REFLECT�THE

http://www.csounds.com/manual/html/expon.html
http://www.csounds.com/manual/html/expseg.html


LOGARITHMIC�NATURE�OF�HOW�THESE�PARAMETERS�ARE�PERCEIVED��0N�ACCOUNT�OF�THE�MATHEMATICS
THAT�IS�USED�TO�DEFINE�THESE�CURVES
�WE�CANNOT�DEFINE�A�VALUE�OF�ZERO�AT�ANY�NODE�IN�THE
ENVELOPE�AND�AN�ENVELOPE�CANNOT�CROSS�THE�ZERO�AXIS��*F�WE�REQUIRE�A�VALUE�OF�ZERO�WE�CAN
INSTEAD�PROVIDE�A�VALUE�VERY�CLOSE�TO�ZERO��*F�WE�STILL�REALLY�NEED�ZERO�WE�CAN�ALWAYS
SUBTRACT�THE�OFFSET�VALUE�FROM�THE�ENTIRE�ENVELOPE�IN�A�SUBSEQUENT�LINE�OF�CODE�

5HE�FOLLOWING�EXAMPLE�ILLUSTRATES�THE�DIFFERENCE�BETWEENline ANDexponWHEN�APPLIED�AS
AMPLITUDE�ENVELOPES�

EXAMPLE 05A06_line_vs_expon.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine ftgen 0, 0, 2^12, 10, 1 ; a sine wave

instr 1 ; line envelope
aEnv line 1, p3, 0
aSig poscil aEnv, 500, giSine

out aSig
endin

instr 2 ; expon envelope
aEnv expon 1, p3, 0.0001
aSig poscil aEnv, 500, giSine

out aSig
endin

</CsInstruments>

<CsScore>
i 1 0 2 ; line envelope
i 2 2 1 ; expon envelope
e
</CsScore>

</CsoundSynthesizer>

5HE�NEARER�OUR��NEAR�ZERO��VALUES�ARE�TO�ZERO�THE�QUICKER�THE�CURVE�WILL�APPEAR�TO�REACH
�ZERO���*N�THE�NEXT�EXAMPLE�SMALLER�AND�SMALLER�ENVELOPE�END�VALUES�ARE�PASSED�TO�THE



EXPON�OPCODE�USING�P��VALUES�IN�THE�SCORE��5HE�PERCUSSIVE��PING��SOUNDS�ARE�PERCEIVED�TO
BE�INCREASINGLY�SHORT�

EXAMPLE 05A07_expon_pings.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine   ftgen    0, 0, 2^12, 10, 1 ; a sine wave

instr 1; expon envelope
iEndVal  =        p4 ; variable 'iEndVal' retrieved from score
aEnv     expon    1, p3, iEndVal
aSig     poscil   aEnv, 500, giSine

out      aSig
endin

</CsInstruments>

<CsScore>
;p1  p2 p3 p4
i 1  0  1  0.001
i 1  1  1  0.000001
i 1  2  1  0.000000000000001
e
</CsScore>

</CsoundSynthesizer>

/OTE�THATexpsegDOES�NOT�BEHAVE�LIKE�LINSEG�IN�THAT�IT�WILL�NOT�HOLD�ITS�LAST�FINAL�VALUE�IF
P��EXCEEDS�ITS�ENTIRE�DURATION
�INSTEAD�IT�CONTINUES�ITS�CURVING�TRAJECTORY�IN�A�MANNER
SIMILAR�TOline 	ANDexpon
��5HIS�COULD�HAVE�DANGEROUS�RESULTS�IF�USED�AS�AN�AMPLITUDE
ENVELOPE�

8HEN�DEALING�WITH�NOTES�WITH�AN�INDEFINITE�DURATION�AT�THE�TIME�OF�INITIATION�	SUCH�AS�MIDI
ACTIVATED�NOTES�OR�SCORE�ACTIVATED�NOTES�WITH�A�NEGATIVE�P��VALUE

�WE�DO�NOT�HAVE�THE
OPTION�OF�USING�P��IN�A�MEANINGFUL�WAY��*NSTEAD�WE�CAN�USE�ONE�OF�$SOUND�S�ENVELOPES
THAT�SENSE�THE�ENDING�OF�A�NOTE�WHEN�IT�ARRIVES�AND�ADJUST�THEIR�BEHAVIOUR�ACCORDING�TO
THIS��5HE�OPCODES�IN�QUESTION�ARElinenr, linsegr, expsegr, madsr, mxadsrANDenvlpxr.
5HESE�OPCODES�WAIT�UNTIL�A�HELD�NOTE�IS�TURNED�OFF�BEFORE�EXECUTING�THEIR�FINAL�ENVELOPE



SEGMENT��5O�FACILITATE�THIS�MECHANISM�THEY�EXTEND�THE�DURATION�OF�THE�NOTE�SO�THAT�THIS
FINAL�ENVELOPE�SEGMENT�CAN�COMPLETE�

5HE�FOLLOWING�EXAMPLE�USES�MIDI�INPUT�	EITHER�HARDWARE�ORVIRTUAL
�TO�ACTIVATE�NOTES��5HE
USE�OF�THElinsegrENVELOPE�MEANS�THAT�AFTER�THE�SHORT�ATTACK�STAGE�LASTING�����SECONDS
�THE
PENULTIMATE�VALUE�OF���WILL�BE�HELD�AS�LONG�AS�THE�NOTE�IS�SUSTAINED�BUT�AS�SOON�AS�THE�NOTE
IS�RELEASED�THE�NOTE�WILL�BE�EXTENDED�BY�����SECONDS�IN�ORDER�TO�ALLOW�THE�FINAL�ENVELOPE
SEGMENT�TO�DECAY�TO�ZERO�

EXAMPLE 05A08_linsegr.csd

<CsoundSynthesizer>

<CsOptions>
-odac -+rtmidi=virtual -M0
; activate real time audio and MIDI (virtual midi device)
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine   ftgen    0, 0, 2^12, 10, 1        ; a sine wave

instr 1
icps     cpsmidi
;                 attack-|sustain-|-release
aEnv     linsegr  0, 0.01,  0.1,     0.5,0 ; envelope that senses note releases
aSig     poscil   aEnv, icps, giSine       ; audio oscillator

out      aSig                     ; audio sent to output
endin

</CsInstruments>

<CsScore>
f 0 240 ; csound performance for 4 minutes
e
</CsScore>

</CsoundSynthesizer>

4OMETIMES�DESIGNING�OUR�ENVELOPE�SHAPE�IN�A�FUNCTION�TABLE�CAN�PROVIDE�US�WITH�SHAPES
THAT�ARE�NOT�POSSIBLE�USING�$SOUND�S�ENVELOPE�GENERATING�OPCODES��*N�THIS�CASE�THE
ENVELOPE�CAN�BE�READ�FROM�THE�FUNCTION�TABLE�USING�AN�OSCILLATOR�AND�IF�THE�OSCILLATOR�IS
GIVEN�A�FREQUENCY�OF���P��THEN�IT�WILL�READ�THOUGH�THE�ENVELOPE�JUST�ONCE�ACROSS�THE
DURATION�OF�THE�NOTE�



5HE�FOLLOWING�EXAMPLE�GENERATES�AN�AMPLITUDE�ENVELOPE�WHICH�IS�THE�SHAPE�OF�THE�FIRST
HALF�OF�A�SINE�WAVE�

EXAMPLE 05A09_sine_env.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activate real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine   ftgen    0, 0, 2^12, 10, 1        ; a sine wave
giEnv    ftgen    0, 0, 2^12, 9, 0.5, 1, 0 ; envelope shape: a half sine

instr 1
; read the envelope once during the note's duration:
aEnv     poscil   1, 1/p3, giEnv
aSig     poscil   aEnv, 500, giSine        ; audio oscillator

out      aSig                     ; audio sent to output
endin

</CsInstruments>

<CsScore>
; 7 notes, increasingly short
i 1 0 2
i 1 2 1
i 1 3 0.5
i 1 4 0.25
i 1 5 0.125
i 1 6 0.0625
i 1 7 0.03125
f 0 7.1
e
</CsScore>

</CsoundSynthesizer>

LPSHOLD, LOOPSEG AND LOOPTSEG - A
CSOUND TB303

5HE�NEXT�EXAMPLE�INTRODUCES�THREE�OF�$SOUND�S�LOOPING�OPCODES
LPSHOLD
 LOOPSEGAND
LOOPTSEG.

http://www.csounds.com/manual/html/lpshold.html
http://www.csounds.com/manual/html/loopseg.html
http://www.csounds.com/manual/html/looptseg.html


5HESE�OPCODES�GENERATE�ENVELOPES�WHICH�ARE�LOOPED�AT�A�RATE�CORRESPONDING�TO�A�DEFINED
FREQUENCY��8HAT�THEY�EACH�DO�COULD�ALSO�BE�ACCOMPLISHED�USING�THE��ENVELOPE�FROM�TABLE�
TECHNIQUE�OUTLINED�IN�AN�EARLIER�EXAMPLE�BUT�THESE�OPCODES�PROVIDES�THE�ADDED
CONVENIENCE�OF�ENCAPSULATING�ALL�THE�REQUIRED�CODE�IN�ONE�LINE�WITHOUT�THE�NEED�OF�ANY
FUNCTION�TABLES��'URTHERMORE�ALL�OF�THE�INPUT�ARGUMENTS�FOR�THESE�OPCODES�CAN�BE
MODULATED�AT�K�RATE�

lpsholdGENERATES�AN�ENVELOPE�WITH�IN�WHICH�EACH�BREAK�POINT�IS�HELD�CONSTANT�UNTIL�A�NEW
BREAK�POINT�IS�ENCOUNTERED��5HE�RESULTING�ENVELOPE�WILL�CONTAIN�HORIZONTAL�LINE�SEGMENTS�
*N�OUR�EXAMPLE�THIS�OPCODE�WILL�BE�USED�TO�GENERATE�A�LOOPING�BASSLINE�IN�THE�FASHION�OF�A
3OLAND�5#�����#ECAUSE�THE�DURATION�OF�THE�ENTIRE�ENVELOPE�IS�WHOLLY�DEPENDENT�UPON�THE
FREQUENCY�WITH�WHICH�THE�ENVELOPE�REPEATS���IN�FACT�IT�IS�THE�RECIPROCAL�h�VALUES�FOR�THE
DURATIONS�OF�INDIVIDUAL�ENVELOPE�SEGMENTS�ARE�DEFINING�TIMES�IN�SECONDS�BUT�REPRESENT
PROPORTIONS�OF�THE�ENTIRE�ENVELOPE�DURATION��5HE�VALUES�GIVEN�FOR�ALL�THESE�SEGMENTS�DO
NOT�NEED�TO�ADD�UP�TO�ANY�SPECIFIC�VALUE�AS�$SOUND�RESCALES�THE�PROPORTIONALITY�ACCORDING
TO�THE�SUM�OF�ALL�SEGMENT�DURATIONS��:OU�MIGHT�FIND�IT�CONVENIENT�TO�CONTRIVE�TO�HAVE
THEM�ALL�ADD�UP�TO��
�OR�TO�����h�EITHER�IS�EQUALLY�VALID��5HE�OTHER�LOOPING�ENVELOPE
OPCODES�DISCUSSED�HERE�USE�THE�SAME�METHOD�FOR�DEFINING�SEGMENT�DURATIONS�

loopsegALLOWS�US�TO�DEFINE�A�LOOPING�ENVELOPE�WITH�LINEAR�SEGEMENTS��*N�THIS�EXAMPLE�IT
IS�USED�TO�DEFINE�THE�AMPLITUDE�ENVELOPE�OF�EACH�INDIVIDUAL�NOTE��5AKE�NOTE�THAT�WHEREAS
THElpsholdENVELOPE�USED�TO�DEFINE�THE�PITCHES�OF�THE�MELODY�REPEATS�ONCE�PER�PHRASE�THE
AMPLITUDE�ENVELOPE�REPEATS�ONCE�FOR�EACH�NOTE�OF�THE�MELODY�THEREFORE�ITS�FREQUENCY�IS���
TIMES�THAT�OF�THE�MELODY�ENVELOPE�	THERE�ARE����NOTES�IN�OUR�MELODIC�PHRASE
�

looptsegIS�AN�ELABORATION�OFloopsegIN�THAT�IS�ALLOWS�US�TO�DEFINE�THE�SHAPE�OF�EACH
SEGMENT�INDIVIDUALLY�WHETHER�THAT�BE�CONVEX
�LINEAR�OF�CONCAVE��5HIS�ASPECT�IS�DEFINED
USING�THE��TYPE��PARAMETERS��"��TYPE��VALUE�OF���DENOTES�A�LINEAR�SEGEMENT
�A�POSITIVE�VALUE
DENOTES�A�CONVEX�SEGMENT�WITH�HIGHER�POSITIVE�VALUES�RESULTING�IN�INCREASINGLY�CONVEX
CURVES��/EGATIVE�VALUES�DENOTE�CONCAVE�SEGMENTS�WITH�INCREASING�NEGATIVE�VALUES
RESULTING�IN�INCREASINGLY�CONCAVE�CURVES��*N�THIS�EXAMPLElooptsegIS�USED�TO�DEFINE�A
FILTER�ENVELOPE�WHICH
�LIKE�THE�AMPLITUDE�ENVELOPE
�REPEATS�FOR�EVERY�NOTE��5HE�ADDITION�OF
THE��TYPE��PARAMETER�ALLOWS�US�TO�MODULATE�THE�SHARPNESS�OF�THE�DECAY�OF�THE�FILTER
ENVELOPE��5HIS�IS�A�CRUCIAL�ELEMENT�OF�THE�5#����DESIGN��/OTE�THATlooptsegIS�ONLY
AVAILABLE�IN�$SOUND������OR�LATER�

0THER�CRUCIAL�FEATURES�OF�THIS�INSTRUMENT�SUCH�AS��NOTE�ON�OFF��AND��HOLD��FOR�EACH�STEP�ARE
ALSO�IMPLEMENTED�USINGlpshold�

"�NUMBER�OF�THE�INPUT�PARAMETERS�OF�THIS�EXAMPLE�ARE�MODULATED�AUTOMATICALLY�USING�THE
RANDOMIOPCODES�IN�ORDER�TO�KEEP�IT�INTERESTING��*T�IS�SUGGESTED�THAT�THESE�MODULATIONS
COULD�BE�REPLACED�BY�LINKAGES�TO�OTHER�CONTROLS�SUCH�AS�$SOUND2T�WIDGETS
�'-5,�WIDGETS
OR�.*%*�CONTROLLERS��4UGGESTED�RANGES�FOR�EACH�OF�THESE�VALUES�ARE�GIVEN�IN�THE��CSD�

http://www.csounds.com/manual/html/randomi.html


</OTE�THAT�CORRECTIONS�WERE�MADE�TO�THE�IMPLEMENTATIONS�OF�THE�LOOPSEG�AND�LPSHOLD
OPCODES�IN�$SOUND�VERSION�������THEREFORE�THE�FOLLOWING�EXAMPLE�WILL�NOT�RUN�ON�EARLIER
VERSIONS�>

EXAMPLE 05A10_lpshold_loopseg.csd

<CsoundSynthesizer>
<CsOptions>
-odac ;activates real time sound output
</CsOptions>
<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 4
nchnls = 1
0dbfs = 1

seed 0; seed random number generators from system clock

instr 1; Bassline instrument
kTempo    =            90          ; tempo in beats per minute
kCfBase   randomi      1,4, 0.2    ; base filter frequency (oct format)
kCfEnv    randomi      0,4,0.2     ; filter envelope depth
kRes      randomi      0.5,0.9,0.2 ; filter resonance
kVol      =            0.5         ; volume control
kDecay    randomi      -10,10,0.2  ; decay shape of the filter.
kWaveform =            0           ; oscillator waveform. 0=sawtooth 2=square
kDist     randomi      0,1,0.1     ; amount of distortion
kPhFreq   =            kTempo/240  ; freq. to repeat the entire phrase
kBtFreq   =            (kTempo)/15 ; frequency of each 1/16th note
; -- Envelopes with held segments  --
; The first value of each pair defines the relative duration of that segment,
; the second, the value itself.
; Note numbers (kNum) are defined as MIDI note numbers.
; Note On/Off (kOn) and hold (kHold) are defined as on/off switches, 1 or zero
;                    note:1      2     3     4     5     6     7     8
;                         9     10    11    12    13    14    15    16    0
kNum  lpshold kPhFreq, 0, 0,40,  1,42, 1,50, 1,49, 1,60, 1,54, 1,39, 1,40, \

1,46, 1,36, 1,40, 1,46, 1,50, 1,56, 1,44, 1,47,1
kOn   lpshold kPhFreq, 0, 0,1,   1,1,  1,1,  1,1,  1,1,  1,1,  1,0,  1,1,  \

1,1,  1,1,  1,1,  1,1,  1,1,  1,1,  1,0,  1,1,  1
kHold lpshold kPhFreq, 0, 0,0,   1,1,  1,1,  1,0,  1,0,  1,0,  1,0,  1,1,  \

1,0,  1,0,  1,1,  1,1,  1,1,  1,1,  1,0,  1,0,  1
kHold     vdel_k       kHold, 1/kBtFreq, 1 ; offset hold by 1/2 note duration
kNum      portk        kNum, (0.01*kHold)  ; apply portamento to pitch changes

; if note is not held: no portamento
kCps      =            cpsmidinn(kNum)     ; convert note number to cps
kOct      =            octcps(kCps)        ; convert cps to oct format
; amplitude envelope                  attack    sustain       decay  gap
kAmpEnv   loopseg      kBtFreq, 0, 0, 0,0.1, 1, 55/kTempo, 1, 0.1,0, 5/kTempo,0,0
kAmpEnv   =            (kHold=0?kAmpEnv:1)  ; if a held note, ignore envelope
kAmpEnv   port         kAmpEnv,0.001



; filter envelope
kCfOct    looptseg      kBtFreq,0,0,kCfBase+kCfEnv+kOct,kDecay,1,kCfBase+kOct
; if hold is off, use filter envelope, otherwise use steady state value:
kCfOct    =             (kHold=0?kCfOct:kCfBase+kOct)
kCfOct    limit        kCfOct, 4, 14 ; limit the cutoff frequency (oct format)
aSig      vco2         0.4, kCps, i(kWaveform)*2, 0.5 ; VCO-style oscillator
aFilt      lpf18        aSig, cpsoct(kCfOct), kRes, (kDist^2)*10 ; filter audio
aSig      balance       aFilt,aSig             ; balance levels
kOn       port         kOn, 0.006              ; smooth on/off switching
; audio sent to output, apply amp. envelope,
; volume control and note On/Off status
aAmpEnv   interp       kAmpEnv*kOn*kVol

out          aSig * aAmpEnv
endin

</CsInstruments>
<CsScore>
i 1 0 3600 ; instr 1 plays for 1 hour
e
</CsScore>
</CsoundSynthesizer>



PANNING AND SPATIALIZATION

SIMPLE STEREO PANNING

$SOUND�PROVIDES�A�LARGE�NUMBER�OF�OPCODES�DESIGNED�TO�ASSIST�IN�THE�DISTRIBUTION�OF�SOUND
AMONGST�TWO�OR�MORE�SPEAKERS��5HESE�RANGE�FROM�OPCODES�THAT�MERELY�BALANCE�A�SOUND
BETWEEN�TWO�CHANNEL�TO�ONES�THAT�INCLUDE�ALGORITHMS�TO�SIMULATE�THE�DOPPLER�SHIFT�THAT
OCCURS�WHEN�SOUND�MOVES
�ALGORITHMS�THAT�SIMULATE�THE�FILTERING�AND�INTER�AURAL�DELAY�THAT
OCCURS�AS�SOUND�REACHES�BOTH�OUR�EARS�AND�ALGORITHMS�THAT�SIMULATE�DISTANCE�IN�AN�ACOUSTIC
SPACE�

'IRST�WE�WILL�LOOK�AT�SOME��FIRST�PRINCIPLES��METHODS�OF�PANNING�A�SOUND�BETWEEN�TWO
SPEAKERS�

5HE�SIMPLEST�METHOD�THAT�IS�TYPICALLY�ENCOUNTERED�IS�TO�MULTIPLY�ONE�CHANNEL�OF�AUDIO
	A4IG
�BY�A�PANNING�VARIABLE�	K1AN
�AND�TO�MULTIPLY�THE�OTHER�SIDE�BY���MINUS�THE�SAME
VARIABLE�LIKE�THIS�

aSigL  =  aSig * kPan
aSigR  =  aSig * (1 Ð kPan)

outs aSigL, aSigR

WHERE�K1AN�IS�WITHIN�THE�RANGE�ZERO�TO����*F�K1AN�IS���ALL�THE�SIGNAL�WILL�BE�IN�THE�LEFT
CHANNEL
�IF�IT�IS�ZERO�ALL�THE�SIGNAL�WILL�BE�IN�THE�RIGHT�CHANNEL�AND�IF�IT�IS�����THERE�WILL�BE
SIGNAL�OF�EQUAL�AMPLITIDE�IN�BOTH�THE�LEFT�AND�THE�RIGHT�CHANNELS��5HIS�WAY�THE�SIGNAL�CAN
BE�CONTINUOUSLY�PANNED�BETWEEN�THE�LEFT�AND�RIGHT�CHANNELS�

5HE�PROBLEM�WITH�THIS�METHOD�IS�THAT�THE�OVERALL�POWER�DROPS�AS�THE�SOUND�IS�PANNED�TO
THE�MIDDLE�

0NE�POSSIBLE�SOLUTION�TO�THIS�PROBLEM�IS�TO�TAKE�THE�SQUARE�ROOT�OF�THE�PANNING�VARIABLE�FOR
EACH�CHANNEL�BEFORE�MULTIPLYING�IT�TO�THE�AUDIO�SIGNAL�LIKE�THIS�

aSigL  =     aSig * sqrt(kPan)
aSigR  =     aSig * sqrt((1 Ð kPan))

outs  aSigL, aSigR

#Y�DOING�THIS
�THE�STRAIGHT�LINE�FUNCTION�OF�THE�INPUT�PANNING�VARIABLE�BECOMES�A�CONVEX
CURVE�SO�THAT�LESS�POWER�IS�LOST�AS�THE�SOUND�IS�PANNED�CENTRALLY�

6SING���e�SECTIONS�OF�A�SINE�WAVE�FOR�THE�MAPPING�PRODUCES�A�MORE�CONVEX�CURVE�AND�A
LESS�IMMEDIATE�DROP�IN�POWER�AS�THE�SOUND�IS�PANNED�AWAY�FROM�THE�EXTREMITIES��5HIS�CAN
BE�IMPLEMENTED�USING�THE�CODE�SHOWN�BELOW�



aSigL  =     aSig * sin(kPan*$M_PI_2)
aSigR  =     aSig * cos(kPan*$M_PI_2)

outs  aSigL, aSigR

	/OTE�THAT���.@1*@���IS�ONE�OF$SOUND�S�BUILT�IN�MACROSAND�IS�EQUIVALENT�TO�PI���


"�FOURTH�METHOD
�DEVISED�BY�.ICHAEL�(OGINS
�PLACES�THE�POINT�OF�MAXIMUM�POWER�FOR
EACH�CHANNEL�SLIGHTLY�BEFORE�THE�PANNING�VARIABLE�REACHES�ITS�EXTREMITY��5HE�RESULT�OF�THIS
IS�THAT�WHEN�THE�SOUND�IS�PANNED�DYNAMICALLY�IT�APPEARS�TO�MOVE�BEYOND�THE�POINT�OF�THE
SPEAKER�IT�IS�ADDRESSING��5HIS�METHOD�IS�AN�ELABORATION�OF�THE�PREVIOUS�ONE�AND�MAKES�USE
OF�A�DIFFERENT����DEGREE�SECTION�OF�A�SINE�WAVE��*T�IS�IMPLEMENTED�USING�THE�FOLLOWING
CODE�

aSigL  =     aSig * sin((kPan + 0.5) * $M_PI_2)
aSigR  =     aSig * cos((kPan + 0.5) * $M_PI_2)

outs  aSigL, aSigR

5HE�FOLLOWING�EXAMPLE�DEMONSTRATES�ALL�THREE�METHODS�ONE�AFTER�THE�OTHER�FOR
COMPARISON��1ANNING�MOVEMENT�IS�CONTROLLED�BY�A�SLOW�MOVING�-'0��5HE�INPUT�SOUND�IS
FILTERED�PINK�NOISE�

EXAMPLE 05B01_Pan_stereo.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 10
nchnls = 2
0dbfs = 1

instr 1
imethod  =         p4; read panning method variable from score (p4)

;---------------- generate a source sound -------------------
a1       pinkish   0.3; pink noise
a1       reson     a1, 500, 30, 1; bandpass filtered
aPan     lfo       0.5, 1, 1; panning controlled by an lfo
aPan     =         aPan + 0.5; offset shifted +0.5
;------------------------------------------------------------

if imethod=1 then
;------------------------ method 1 --------------------------
aPanL    =         aPan
aPanR    =         1 - aPan

http://www.csounds.com/manual/html/define.html


;------------------------------------------------------------
endif

if imethod=2 then
;------------------------ method 2 --------------------------
aPanL    =       sqrt(aPan)
aPanR    =       sqrt(1 - aPan)
;------------------------------------------------------------

endif

if imethod=3 then
;------------------------ method 3 --------------------------
aPanL    =       sin(aPan*$M_PI_2)
aPanR    =       cos(aPan*$M_PI_2)
;------------------------------------------------------------

endif

if imethod=4 then
;------------------------ method 4 --------------------------
aPanL   =  sin ((aPan + 0.5) * $M_PI_2)
aPanR   =  cos ((aPan + 0.5) * $M_PI_2)
;------------------------------------------------------------

endif

outs    a1*aPanL, a1*aPanR ; audio sent to outputs
endin

</CsInstruments>

<CsScore>
; 4 notes one after the other to demonstrate 4 different methods of panning
;p1 p2  p3   p4(method)
i 1 0   4.5  1
i 1 5   4.5  2
i 1 10  4.5  3
i 1 15  4.5  4
e
</CsScore>

</CsoundSynthesizer>

"N�OPCODE�CALLEDPAN�EXIST�WHICH�MAKES�PANNING�SLIGHTLY�EASIER�FOR�US�TO�IMPLEMENT
SIMPLE�PANNING�EMPLOYING�VARIOUS�METHODS��5HE�FOLLOWING�EXAMPLE�DEMONSTRATES�THE
THREE�METHODS�THAT�THIS�OPCODE�OFFERS�ONE�AFTER�THE�OTHER��5HE�FIRST�IS�THE��EQUAL�POWER�
METHOD
�THE�SECOND��SQUARE�ROOT��AND�THE�THIRD�IS�SIMPLE�LINEAR��5HE$SOUND�.ANUAL
ALLUDESTO�FOURTH�METHOD�BUT�THIS�DOES�NOT�SEEM�TO�FUNCTION�CURRENTLY�

EXAMPLE 05B02_pan2.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

http://www.csounds.com/manual/html/pan2.html
http://www.csounds.com/manual/html/index.html


<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 10
nchnls = 2
0dbfs = 1

instr 1
imethod = p4 ; read panning method variable from score (p4)
;----------------------- generate a source sound ------------------------
aSig pinkish 0.5              ; pink noise
aSig reson aSig, 500, 30, 1 ; bandpass filtered
;------------------------------------------------------------------------

;---------------------------- pan the signal ----------------------------
aPan lfo 0.5, 1, 1        ; panning controlled by an lfo
aPan = aPan + 0.5       ; DC shifted + 0.5
aSigL, aSigR pan2 aSig, aPan, imethod; create stereo panned output
;------------------------------------------------------------------------

outs aSigL, aSigR     ; audio sent to outputs
endin

</CsInstruments>

<CsScore>
; 3 notes one after the other to demonstrate 3 methods used by pan2
;p1 p2 p3 p4
i 1 0 4.5 0 ; equal power (harmonic)
i 1 5 4.5 1 ; square root method
i 1 10 4.5 2 ; linear
e
</CsScore>

</CsoundSynthesizer>

*N�THE�NEXT�EXAMPLE�WE�WILL�GENERATE�SOME�SOUNDS�AS�THE�PRIMARY�SIGNAL��8E�APPLY�SOME
DELAY�AND�REVERB�TO�THIS�SIGNAL�TO�PRODUCE�A�SECONDARY�SIGNAL��"�RANDOM�FUNCTION�WILL�PAN
THE�PRIMARY�SIGNAL�BETWEEN�THE�CHANNELS
�BUT�THE�SECONDARY�SIGNAL�REMAINS�PANNED�IN�THE
MIDDLE�ALL�THE�TIME�

EXAMPLE 05B03_Different_pan_layers.csd

<CsoundSynthesizer>

<CsOptions>
-o dac -d
</CsOptions>

<CsInstruments>
; Example by Bjorn Houdorf, March 2013



sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

seed       0

instr 1
ktrig      metro      0.8; Trigger frequency, instr. 2

scoreline  "i 2 0 4", ktrig
endin

instr 2
ital       random     60, 72; random notes
ifrq       =          cpsmidinn(ital)
knumpart1  oscili     4, 0.1, 1
knumpart2  oscili     5, 0.11, 1
; Generate primary signal.....
asig       buzz       0.1, ifrq, knumpart1*knumpart2+1, 1
ipan       random     0, 1; ....make random function...
asigL, asigR pan2     asig, ipan, 1; ...pan it...

outs       asigL, asigR ;.... and output it..
kran1      randomi    0,4,3
kran2      randomi    0,4,3
asigdel1   delay      asig, 0.1+i(kran1)
asigdel2   delay      asig, 0.1+i(kran2)
; Make secondary signal...
aL, aR     reverbsc   asig+asigdel1, asig+asigdel2, 0.9, 15000

outs       aL, aR; ...and output it
endin
</CsInstruments>

<CsScore>
f1 0 8192 10 1
i1 0 60
</CsScore>

</CsoundSynthesizer>

3-D BINAURAL ENCODING

��%�BINAURAL�SIMULATION�IS�AVAILALABLE�IN�A�NUMBER�OF�OPCODES�THAT�MAKE�USE�OF�SPECTRAL
DATA�FILES�THAT�PROVIDE�INFORMATION�ABOUT�THE�FILTERING�AND�INTER�AURAL�DELAY�EFFECTS�OF�THE
HUMAN�HEAD��5HE�OLDER�ONE�OF�THESE�ISHRTFER��5HE�NEWER�ONES�AREHRTFMOVE
 HRTFMOVE�
ANDHRFTSTAT��5HE�MAIN�PARAMETERS�FOR�CONTROL�OF�THE�OPCODES�ARE�AZIMUTH�	THE�DIRECTION�OF
THE�SOURCE�EXPRESSED�AS�AN�ANGLE�FORMED�FROM�THE�DIRECTION�IN�WHICH�WE�ARE�FACING
�AND
ELEVATION�	THE�ANGLE�BY�WHICH�THE�SOUND�DEVIATES�FROM�THIS�HORIZONTAL�PLANE
�EITHER�ABOVE
OR�BELOW
��#OTH�THESE�PARAMETERS�ARE�DEFINED�IN�DEGREES���#INAURAL��INFERS�THAT�THE�STEREO
OUTPUT�OF�THIS�OPCODE�SHOULD�BE�LISTENED�TO�USING�HEADPHONES�SO�THAT�NO�MIXING�IN�THE�AIR
OF�THE�TWO�CHANNELS�OCCURS�BEFORE�THEY�REACH�OUR�EARS�

http://www.csounds.com/manual/html/hrtfer.html
http://www.csounds.com/manual/html/hrtfmove.html
http://www.csounds.com/manual/html/hrtfmove2.html
http://www.csounds.com/manual/html/hrtfstat.html


5HE�FOLLOWING�EXAMPLE�TAKE�A�MONOPHONIC�SOURCE�SOUND�OF�NOISE�IMPULSES�AND�PROCESSES
IT�USING�THEhrtfmove2OPCODE��'IRST�OF�ALL�THE�SOUND�IS�ROTATED�AROUND�US�IN�THE�HORIZONTAL
PLANE�THEN�IT�IS�RAISED�ABOVE�OUR�HEAD�THEN�DROPPED�BELOW�US�AND�FINALLY�RETURNED�TO�BE
STRAIGHT�AND�LEVEL�IN�FRONT�OF�US�'OR�THIS�EXAMPLE�TO�WORK�YOU�WILL�NEED�TO�DOWNLOAD�THE
FILESHRTF�������LEFT�DATANDHRTF�������RIGHT�DATAND�PLACE�THEM�IN�YOUR�4"%*3�	SEE
SETTING�ENVIRONMENT�VARIABLES
�OR�IN�THE�SAME�DIRECTORY�AS�THE��CSD�

EXAMPLE 05B04_hrtfmove.csd

http://csound.cvs.sourceforge.net/csound/csound5/samples/
http://en.flossmanuals.net/bin/view/Csound/hrtf-44100-right.dat
http://www.csounds.com/manual/html/CommandEnvironment.html


<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 10
nchnls = 2
0dbfs = 1

giSine         ftgen       0, 0, 2^12, 10, 1             ; sine wave
giLFOShape     ftgen       0, 0, 131072, 19, 0.5,1,180,1 ; U-shape parabola

instr 1
; create an audio signal (noise impulses)
krate          oscil       30,0.2,giLFOShape            ; rate of impulses
; amplitude envelope: a repeating pulse
kEnv           loopseg     krate+3,0, 0,1, 0.05,0, 0.95,0,0
aSig           pinkish     kEnv                             ; noise pulses

; -- apply binaural 3d processing --
; azimuth (direction in the horizontal plane)
kAz            linseg      0, 8, 360
; elevation (held horizontal for 8 seconds then up, then down, then horizontal
kElev          linseg      0, 8,   0, 4, 90, 8, -40, 4, 0
; apply hrtfmove2 opcode to audio source - create stereo ouput
aLeft, aRight  hrtfmove2   aSig, kAz, kElev, \

"hrtf-44100-left.dat","hrtf-44100-right.dat"
outs        aLeft, aRight                 ; audio to outputs

endin

</CsInstruments>

<CsScore>
i 1 0 24 ; instr 1 plays a note for 24 seconds
e
</CsScore>

</CsoundSynthesizer>

GOING MULTICHANNEL

4O�FAR�WE�HAVE�ONLY�CONSIDERED�WORKING�IN���CHANNELS�STEREO�BUT�$SOUND�IS�EXTREMELY
FLEXIBLE�AT�WORKING�IN�MORE�THAT���CHANNELS��#Y�CHANGING�NCHNLS�IN�THE�ORCHESTRA�HEADER
WE�CAN�SPECIFY�ANY�NUMBER�OF�CHANNELS�BUT�WE�ALSO�NEED�TO�ENSURE�THAT�WE�CHOOSE�AN
AUDIO�HARDWARE�DEVICE�USING��ODAC�THAT�CAN�HANDLE�MULTICHANNEL�AUDIO��"UDIO�CHANNELS
SEND�FROM�$SOUND�THAT�DO�NOT�ADDRESS�HARDWARE�CHANNELS�WILL�SIMPLY�NOT�BE�REPRODUCED�
5HERE�MAY�BE�SOME�NEED�TO�MAKE�ADJUSTMENTS�TO�THE�SOFTWARE�SETTINGS�OF�YOUR�SOUNDCARD



USING�ITS�OWN�SOFTWARE�OR�THE�OPERATING�SYSTEM�S�SOFTWARE�BUT�DUE�TO�THE�VARIETY�OF�SOUND
HARDWARE�OPTIONS�AVAILABLE�IT�WOULD�BE�IMPOSSIBLE�TO�OFFER�FURTHER�SPECIFIC�ADVICE�HERE�

SENDING MULTICHANNEL SOUND TO THE
LOUDSPEAKERS

*N�ORDER�TO�SEND�MULTICHANNEL�AUDIO�WE�MUST�USE�OPCODES�DESIGNED�FOR�THAT�TASK��4O�FAR
WE�HAVE�USEDOUTSTO�SEND�STEREO�SOUND�TO�A�PAIR�OF�LOUDSPEAKERS��	5HE��S��ACTUALLY�STANDS
FOR��STEREO��
�$ORRESPONDINGLY�THERE�EXIST�OPCODES�FOR�QUADOPHONIC�	OUTQ

�HEXAPHONIC
	OUTH

�OCTOPHONIC�	OUTO

����CHANNEL�SOUND�	OUTX
�AND����CHANNEL�SOUND�	OUT��
�

'OR�EXAMPLE

outq  a1, a2, a3, a4

SENDS�FOUR�INDEPENDENT�AUDIO�STREAMS�TO�FOUR�HARDWARE�CHANNELS��"NY�UNNEEDED�CHANNELS
STILL�HAVE�TO�BE�GIVEN�AN�AUDIO�SIGNAL��"�TYPICAL�WORKAROUND�WOULD�BE�TO�GIVE�THEM
�SILENCE���'OR�EXAMPLE�IF�ONLY���CHANNELS�WERE�REQUIRED�

nchnls = 6

; --snip--

aSilence = 0
outh a1, a2, a3, a4, a5, aSilence

5HESE�OPCODES�ONLY�ADDRESS�VERY�SPECIFIC�LOUDSPEAKER�ARRANGEMENTS�	ALTHOUGH
WORKAROUNDS�ARE�POSSIBLE
�AND�HAVE�BEEN�SUPERSEDED�TO�A�LARGE�EXTENT�BY�NEWER�OPCODES
THAT�ALLOW�GREATER�FLEXIBILITY�IN�THE�NUMBER�AND�ROUTING�OF�AUDIO�TO�A�MULTICHANNEL�OUTPUT�

OUTC�ALLOWS�US�TO�ADDRESS�ANY�NUMBER�OF�OUTPUT�AUDIO�CHANNELS
�BUT�THEY�STILL�NEED�TO�BE
ADDRESSED�SEQUENTIALLY��'OR�EXAMPLE�OUR���CHANNEL�AUDIO�COULD�BE�DESIGN�AS�FOLLOWS�

nchnls = 5

; --snip--

outc a1, a2, a3, a4, a5

OUTCHALLOWS�US�TO�DIRECT�AUDIO�TO�A�SPECIFIC�CHANNEL�OR�LIST�OF�CHANNELS�AND�TAKES�THE
FORM�

outch kchan1, asig1 [, kchan2] [, asig2] [...]

'OR�EXAMPLE
�OUR���CHANNEL�AUDIO�SYSTEM�COULD�BE�DESIGNED�USING�OUTCH�AS�FOLLOWS�

http://www.csounds.com/manual/html/outs.html
http://www.csounds.com/manual/html/outq.html
http://www.csounds.com/manual/html/outh.html
http://www.csounds.com/manual/html/outo.html
http://www.csounds.com/manual/html/outx.html
http://www.csounds.com/manual/html/out32.html
http://www.csounds.com/manual/html/outch.html


nchnls = 5

; --snip--

outch 1,a1, 2,a2, 3,a3, 4,a4, 5,a5

/OTE�THAT�CHANNEL�NUMBERS�CAN�BE�CHANGED�AT�K�RATE�THEREBY�OPENING�THE�POSSIBILITY�OF
CHANGING�THE�SPEAKER�CONFIGURATION�DYNAMICALLY�DURING�PERFORMANCE��$HANNEL�NUMBERS
DO�NOT�NEED�TO�BE�SEQUENTIAL�AND�UNNEEDED�CHANNELS�CAN�BE�LEFT�OUT�COMPLETELY��5HIS�CAN
MAKE�LIFE�MUCH�EASIER�WHEN�WORKING�WITH�COMPLEX�SYSTEMS�EMPLOYING�MANY�CHANNELS�

RENDERING MULTICHANNEL AUDIO STREAMS
AS SOUND FILES

4O�FAR�WE�HAVE�REFERRED�TO�OUTS
�OUTO�ETC��AS�A�MEANS�TO�SEND�AUDIO�TO�THE�SPEAKERS�BUT
STRICTLY�SPEAKING�THEY�ARE�ONLY�SENDING�AUDIO�TO�$SOUND�S�OUTPUT�	AS�SPECIFIED�BY�NCHNLS

AND�THE�FINAL�DESTINATION�WILL�BE�DEFINED�USING�A�COMMAND�LINE�FLAG�IN��$S0PTIONS����
ODAC�WILL�INDEED�INSTRUCT�$SOUND�TO�SEND�AUDIO�TO�THE�AUDIO�HARDWARE�AND�THEN�ONTO�THE
SPEAKERS�BUT�WE�CAN�ALTERNATIVELY�SEND�AUDIO�TO�A�SOUND�FILE�USING��O4OUND'ILE�WAV�
1ROVIDED�A�FILE�TYPE�THAT�SUPPORTS�MULTICHANNEL�INTERLEAVED�DATA�IS�CHOSEN�	WAV�WILL
WORK

�A�MULTICHANNEL�FILE�WILL�BE�CREATED�THAT�CAN�BE�USED�IN�SOME�OTHER�AUDIO
APPLICATIONS�OR�CAN�BE�RE�READ�BY�$SOUND�LATER�ON�BY�USING
�FOR�EXAMPLEDISKIN���5HIS
METHOD�IS�USEFUL�FOR�RENDERING�AUDIO�THAT�IS�TOO�COMPLEX�TO�BE�MONITORED�IN�REAL�TIME�
0NLY�SINGLE�INTERLEAVED�SOUND�FILES�CAN�BE�CREATED�
�SEPARATE�MONO�FILES�CANNOT�BE�CREATED
USING�THIS�METHOD��4IMULTANEOUSLY�MONITORING�THE�AUDIO�GENERATED�BY�$SOUND�WHILST
RENDERING�WILL�NOT�BE�POSSIBLE�WHEN�USING�THIS�METHOD��WE�MUST�CHOOSE�ONE�OR�THE�OTHER�

"N�ALTERNATIVE�METHOD�OF�RENDERING�AUDIO�IN�$SOUND
�AND�ONE�THAT�WILL�ALLOW
SIMULATENOUS�MONITORING�IN�REAL�TIME�IS�TO�USE�THEFOUTOPCODE��'OR�EXAMPLE�

fout "FileName.wav", 8, a1, a2, a3, a4
outq  a1, a2, a3, a4

WILL�RENDER�AN�INTERLEAVED
����BIT
���CHANNEL�SOUND�FILE�WHILST�SIMULTANEOUSLY�SENDING�THE
QUADROPHONIC�AUDIO�TO�THE�LOUDSPEAKERS�

*F�WE�WANTED�TO�DE�INTERLEAVE�AN�INTERLEAVED�SOUND�FILE�INTO�MULTIPLE�MONO�SOUND�FILES�WE
COULD�USE�THE�CODE�

http://www.csounds.com/manual/html/diskin2.html
http://www.csounds.com/manual/html/fout.html


a1, a2, a3, a4   soundin   "4ChannelSoundFile.wav"
fout "Channel1.wav", 8, a1
fout "Channel2.wav", 8, a2
fout "Channel3.wav", 8, a3
fout "Channel4.wav", 8, a4

VBAP

7ECTOR�#ASE�"MPLITUDE�1ANNING� CAN�BE�DESCRIBED�AS�A�METHOD�WHICH�EXTENDS�STEREO
PANNING�TO�MORE�THAN�TWO�SPEAKERS��5HE�NUMBER�OF�SPEAKERS�IS
�IN�GENERAL
�ARBITRARY��:OU
CAN�CONFIGURE�FOR�STANDARD�LAYOUTS�SUCH�AS�QUADROPHONIC
�OCTOPHONIC�OR�����CONFIGURATION

BUT�IN�FACT�ANY�NUMBER�OF�SPEAKERS�CAN�BE�POSITIONED�EVEN�IN�IRREGULAR�DISTANCES�FROM
EACH�OTHER��*F�YOU�ARE�FORTUNATE�ENOUGH�TO�HAVE�SPEAKERS�ARRANGED�AT�DIFFERENT�HEIGHTS
�YOU
CAN�EVEN�CONFIGURE�7#"1�FOR�THREE�DIMENSIONS�

Basic Steps

'IRST�YOU�MUST�TELL�7#"1�WHERE�YOUR�LOUDSPEAKERS�ARE�POSITIONED��-ET�US�ASSUME�YOU
HAVE�SEVEN�SPEAKERS�IN�THE�POSITIONS�AND�NUMBERINGS�OUTLINED�BELOW�	.���MIDDLE�CENTRE
�

b-panning-and-spatialization#InsertNoteID_6


5HE�OPCODEVBAPLSINIT
�WHICH�IS�USUALLY�PLACED�IN�THE�HEADER�OF�A�$SOUND�ORCHESTRA

DEFINES�THESE�POSITIONS�AS�FOLLOWS�

vbaplsinit 2, 7, -40, 40, 70, 140, 180, -110, -70

5HE�FIRST�NUMBER�DETERMINES�THE�NUMBER�OF�DIMENSIONS�	HERE��
��5HE�SECOND�NUMBER
STATES�THE�OVERALL�NUMBER�OF�SPEAKERS
�THEN�FOLLOWED�BY�THE�POSITIONS�IN�DEGREES
	CLOCKWISE
�

"LL�THAT�IS�REQUIRED�NOW�IS�TO�PROVIDE�VBAP�WITH�A�MONOPHONIC�SOUND�SOURCE�TO�BE
DISTRIBUTED�AMONGST�THE�SPEAKERS�ACCORDING�TO�INFORMATION�GIVEN�ABOUT�THE�POSITION�
)ORIZONTAL�POSITION�	AZIMUTH
�IS�EXPRESSED�IN�DEGREES�CLOCKWISE�JUST�AS�THE�INITIAL
LOCATIONS�OF�THE�SPEAKERS�WERE��5HE�FOLLOWING�WOULD�BE�THE�$SOUND�CODE�TO�PLAY�THE
SOUND�FILE��$LASS(UIT�WAV��ONCE�WHILE�MOVING�IT�COUNTERCLOCKWISE�

EXAMPLE 05B05_VBAP_circle.csd

<CsoundSynthesizer>
<CsOptions>
-odac -d ;for the next line, change to your folder
--env:SSDIR+=/home/jh/Joachim/Csound/FLOSS/audio
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 32
0dbfs = 1
nchnls = 7

vbaplsinit 2, 7, -40, 40, 70, 140, 180, -110, -70

instr 1
Sfile      =          "ClassGuit.wav"
iFilLen    filelen    Sfile
p3         =          iFilLen
aSnd, a0   soundin    Sfile
kAzim      line       0, p3, -360 ;counterclockwise
a1, a2, a3, a4, a5, a6, a7, a8 vbap8 aSnd, kAzim
outch 1, a1, 2, a2, 3, a3, 4, a4, 5, a5, 6, a6, 7, a7

endin
</CsInstruments>
<CsScore>
i 1 0 1
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

*N�THE�$S0PTIONS�TAG
�YOU�SEE�THE�OPTION--env:SSDIR+= ...AS�A�POSSIBILITY�TO�ADD�A�FOLDER
TO�THE�PATH�IN�WHICH�$SOUND�USUALLY�LOOKS�FOR�YOUR�SAMPLES�	44%*3���4OUND�4AMPLE
%IRECTORY
�IF�YOU�CALL�THEM�ONLY�BY�NAME
�WITHOUT�THE�FULL�PATH��5O�PLAY�THE�FULL�LENGTH�OF
THE�SOUND�FILE�	WITHOUT�PRIOR�KNOWLEDGE�OF�ITS�DURATION
�THE�FILELEN�OPCODE�IS�USED�TO

http://www.csounds.com/manual/html/vbaplsinit.html


DERIVE�THIS�DURATION
�AND�THEN�THE�DURATION�OF�THIS�INSTRUMENT�	P�
�IS�SET�TO�THIS�VALUE��5HE
P��GIVEN�IN�THE�SCORE�SECTION�	HERE��
�IS�OVERWRITTEN�BY�THIS�VALUE�

5HE�CIRCULAR�MOVEMENT�IS�A�SIMPLE�K�RATE�LINE�SIGNAL
�FROM���TO������ACROSS�THE�DURATION
OF�THE�SOUND�FILE�	IN�THIS�CASE�THE�SAME�AS�P�
��/OTE�THAT�WE�HAVE�TO�USE�THE�OPCODEvbap8
HERE
�AS�THERE�IS�NO�VBAP���+UST�GIVE�THE�EIGHTH�CHANNEL�A�VARIABLE�NAME�	A�
�AND�THEREAFTER
IGNORE�IT�

The Spread Parameter

"S�7#"1�DERIVES�FROM�A�PANNING�PARADIGM
�IT�HAS�ONE�PROBLEM�WHICH�BECOMES�MORE
SERIOUS�AS�THE�NUMBER�OF�SPEAKERS�INCREASES��1ANNING�BETWEEN�TWO�SPEAKERS�IN�A�STEREO
CONFIGURATION�MEANS�THAT�ALL�SPEAKERS�ARE�ACTIVE��1ANNING�BETWEEN�TWO�SPEAKERS�IN�A
QUADRO�CONFIGURATION�MEANS�THAT�HALF�OF�THE�SPEAKERS�ARE�ACTIVE��1ANNING�BETWEEN�TWO
SPEAKERS�IN�AN�OCTO�CONFIGURATION�MEANS�THAT�ONLY�A�QUARTER�OF�THE�SPEAKERS�ARE�ACTIVE�
"ND�SO�ON�����SO�THAT�THE�ACTUAL�PERCEIVED�EXTEND�OF�THE�SOUND�SOURCE�BECOMES
UNINTENTIONALLY�SMALLER�AND�SMALLER�

5O�ALLEVIATE�THIS�TENDENCY
�7ILLE�1ULKKI�HAS�INTRODUCED�AN�ADDITIONAL�PARAMETER
�CALLED

�SPREAD�
�IN�A�RANGE�FROM�ZERO�TO�HUNDRED�PERCENT�� 5HE��ASCETIC��FORM�OF�7#"1�WE�HAVE
SEEN�IN�THE�PREVIOUS�EXAMPLE
�MEANS��NO�SPREAD�	��
��"�SPREAD�OF������MEANS�THAT�ALL
SPEAKERS�ARE�ACTIVE
�AND�THE�INFORMATION�ABOUT�WHERE�THE�SOUND�COMES�FROM�IS�NEARLY�LOST�

"S�THEkspreadINPUT�TO�THEvbap8OPCODE�IS�THE�SECOND�OF�TWO�OPTIONAL�PARAMETERS
�WE
FIRST�HAVE�TO�PROVIDE�THE�FIRST�ONE. kelevDEFINES�THE�ELEVATION�OF�THE�SOUND���IT�IS�ALWAYS
ZERO�FOR�TWO�DIMENSIONS
�AS�IN�THE�SPEAKER�CONFIGURATION�IN�OUR�EXAMPLE��5HE�NEXT
EXAMPLE�ADDS�A�SPREAD�MOVEMENT�TO�THE�PREVIOUS�ONE��5HE�SPREAD�STARTS�AT�ZERO�PERCENT

THEN�INCREASES�UP�TO�HUNDRED�PERCENT
�AND�THEN�DECREASES�BACK�DOWN�AGAIN�TO�ZERO�

EXAMPLE 05B06_VBAP_spread.csd

<CsoundSynthesizer>
<CsOptions>
-odac -d ;for the next line, change to your folder
--env:SSDIR+=/home/jh/Joachim/Csound/FLOSS/audio
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 32
0dbfs = 1
nchnls = 7

vbaplsinit 2, 7, -40, 40, 70, 140, 180, -110, -70

instr 1
Sfile      =          "ClassGuit.wav"
iFilLen    filelen    Sfile
p3         =          iFilLen

b-panning-and-spatialization#InsertNoteID_8


aSnd, a0   soundin    Sfile
kAzim      line       0, p3, -360
kSpread    linseg     0, p3/2, 100, p3/2, 0
a1, a2, a3, a4, a5, a6, a7, a8 vbap8 aSnd, kAzim, 0, kSpread
outch 1, a1, 2, a2, 3, a3, 4, a4, 5, a5, 6, a6, 7, a7

endin
</CsInstruments>
<CsScore>
i 1 0 1
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

New VBAP Opcodes

"S�A�REACTION�TO�A�NUMBER�OF�REQUESTS
�+OHN�F'ITCH�HAS�WRITTEN�NEW�7#"1�OPCODES�IN
������5HEIR�MAIN�GOAL�IS�TO�ALLOW�MORE�THAN�ONE�LOUDSPEAKER�CONFIGURATION�WITHIN�A
SINGLE�ORCHESTRA�	SO�THAT�YOU�CAN��SWITCH��BETWEEN�THEM
�AND�TO�GIVE�MORE�FLEXIBILITY�TO
THE�NUMBER�OF�OUTPUT�CHANNELS��5HIS�IS�AN�EXAMPLE�FOR�THREE�DIFFERENT�CONFIGURATIONS
WHICH�ARE�CALLED�IN�THREE�INSTRUMENTS�

EXAMPLE 05B07_VBAP_new.csd

<CsoundSynthesizer>
<CsOptions>
-odac -d ;for the next line, change to your folder
--env:SSDIR+=/home/jh/Joachim/Csound/FLOSS/audio
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 32
0dbfs = 1
nchnls = 7

vbaplsinit 2.01, 7, -40, 40, 70, 140, 180, -110, -70
vbaplsinit 2.02, 2, -40, 40
vbaplsinit 2.03, 3, -70, 180, 70

instr 1
aSnd, a0   soundin    "ClassGuit.wav"
kAzim      line       0, p3, -360
a1, a2, a3, a4, a5, a6, a7 vbap aSnd, kAzim, 0, 0, 1
outch 1, a1, 2, a2, 3, a3, 4, a4, 5, a5, 6, a6, 7, a7

endin

instr 2
aSnd, a0   soundin    "ClassGuit.wav"
kAzim      line       0, p3, -360
a1, a2     vbap       aSnd, kAzim, 0, 0, 2

outch      1, a1, 2, a2
endin

instr 3



aSnd, a0   soundin    "ClassGuit.wav"
kAzim      line       0, p3, -360
a1, a2, a3 vbap       aSnd, kAzim, 0, 0, 3

outch      7, a1, 3, a2, 5, a3
endin

</CsInstruments>
<CsScore>
i 1 0 6
i 2 6 6
i 3 12 6
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

*NSTEAD�OF�JUST�ONE�LOUDSPEAKER�CONFIGURATION�AS�IN�THE�PREVIOUS�EXAMPLES
�THERE�ARE�NOW
THREE�CONFIGURATIONS�

vbaplsinit 2.01, 7, -40, 40, 70, 140, 180, -110, -70
vbaplsinit 2.02, 2, -40, 40
vbaplsinit 2.03, 3, -70, 180, 70

5HE�FIRST�PARAMETER�	THE�NUMBER�OF�DIMENSIONS
�NOW�HAS�AN�ADDITIONAL�FRACTIONAL�PART

WITH�A�RANGE�FROM�����TO����
�SPECIFYING�THE�NUMBER�OF�THE�SPEAKER�LAYOUT��4O2.01MEANS�
TWO�DIMENSIONS
�LAYOUT�NUMBER�ONE
2.02IS�LAYOUT�NUMBER�TWO
�AND2.03IS�LAYOUT
NUMBER�THREE��5HE�NEWVBAPOPCODE�HAS�NOW�THESE�PARAMETERS�

ar1[, ar2...] vbap asig, kazim [, kelev] [, kspread] [, ilayout]

5HE�LAST�PARAMETERilayoutREFERS�TO�THE�SPEAKER�LAYOUT�NUMBER��*N�THE�EXAMPLE�ABOVE

INSTRUMENT���USES�LAYOUT��
�INSTRUMENT���USES�LAYOUT��
�AND�INSTRUMENT���USES�LAYOUT���
&VEN�IF�YOU�DO�NOT�HAVE�MORE�THAN�TWO�SPEAKERS�YOU�SHOULD�SEE�IN�$SOUND�S�OUTPUT�THAT
INSTRUMENT���GOES�TO�ALL�SEVEN�SPEAKERS
�INSTRUMENT���ONLY�TO�THE�FIRST�TWO
�AND�INSTRUMENT
��GOES�TO�SPEAKER��
��
�AND���

*N�ADDITION�TO�THE�NEWVBAPOPCODE
VBAPGHAS�BEEN�WRITTEN��5HE�IDEA�IS�TO�HAVE�AN
OPCODE�WHICH�RETURNS�THE�GAINS�	AMPLITUDES
�OF�THE�SPEAKERS�INSTEAD�OF�THE�AUDIO�SIGNAL�

k1[, k2...] vbapg kazim [,kelev] [, kspread] [, ilayout]

AMBISONICS

"MBISONICS�IS�ANOTHER�TECHNIQUE�TO�DISTRIBUTE�A�VIRTUAL�SOUND�SOURCE�IN�SPACE��"LTHOUGH
THE�PRACTICAL�USE�HAS�SOME�SIMILARITIES�TO�7#"1
�"MBISONICS�FOLLOWS�A�RATHER�DIFFERENT
APPROACH��*T�HAS�NOTHING�TO�DO�WITH�AMPLITUDE�PANNING�BUT�ESTABLISHS�A�SOUND�FIELD��4O�BY
DEFAULTall SPEAKERS�ARE�ACTIVE
�AND�LOCALISATION�RESULTS�FROM�EFFECTS�OTHER�THAN�JUST
AMPLITUDE�

http://www.csounds.com/manual/html/vbap.html
http://www.csounds.com/manual/html/vbap.html
http://www.csounds.com/manual/html/vbapg.html


5HERE�ARE�EXCELLENT�SOURCES�FOR�THE�DISCUSSION�OF�"MBISONICS�ONLINE�� 8E�WILL�FOCUS�HERE
JUST�ON�THE�BASIC�PRACTICALITIES�OF�USING�"MBISONICS�IN�$SOUND
�WITHOUT�GOING�INTO�TOO
MUCH�DETAIL�OF�THE�CONCEPTS�BEHIND�THEM�

"MBISONICS�WORKS�IN�TWO�BASIC�STEPS��*N�THE�FIRST�STEP�YOUencodeTHE�SPACIAL�INFORMATION
OF�A�VIRTUAL�SOUND�SOURCE�	ITS�LOCALISATION
�IN�A�SO�CALLEDB-format ��*N�THE�SECOND�STEP�YOU
decodeTHE�#�FORMAT�TO�MATCH�YOUR�LOUDSPEAKER�SETUP�

*T�IS�POSSIBLE�TO�SAVE�THE�#�FORMAT�AS�ITS�OWN�AUDIO�FILE
�TO�CONSERVE�THE�SPACIAL
INFORMATION�OR�YOU�CAN�IMMEDIATELY�DO�THE�DECODING�AFTER�THE�ENCODING�THEREBY�DEALING
DIRECTLY�ONLY�WITH�AUDIO�SIGNALS�INSTEAD�OF�"MBISONIC�FILES��5HE�NEXT�EXAMPLE�TAKES�THE
LATTER�APPROACH�BY�IMPLEMENTING�A�TRANSFORMATION�OF�THE�7#"1�CIRCLE�EXAMPLE�TO
"MBISONICS�

EXAMPLE 05B08_Ambi_circle.csd

<CsoundSynthesizer>
<CsOptions>
-odac -d ;for the next line, change to your folder
--env:SSDIR+=/home/jh/Joachim/Csound/FLOSS/Release01/Csound_Floss_Release01/audio
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 32
0dbfs = 1
nchnls = 8

instr 1
Sfile      =          "ClassGuit.wav"
iFilLen    filelen    Sfile
p3         =          iFilLen
aSnd, a0   soundin    Sfile
kAzim      line       0, p3, 360 ;counterclockwise (!)
iSetup     =          4 ;octogon
aw, ax, ay, az bformenc1 aSnd, kAzim, 0
a1, a2, a3, a4, a5, a6, a7, a8 bformdec1 iSetup, aw, ax, ay, az
outch 1, a1, 2, a2, 3, a3, 4, a4, 5, a5, 6, a6, 7, a7, 8, a8

endin
</CsInstruments>
<CsScore>
i 1 0 1
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

'IRST�TO�NOTE�IS�THAT�FOR�A�COUNTERCLOCKWISE�CIRCLE
�THE�AZIMUTH�NOW�HAS�THE�LINE���������

INSTEAD�OF�����������AS�WAS�IN�THE�7#"1�EXAMPLE��5HIS�IS�BECAUSE�"MBISONICS�USUALLY
READS�THE�ANGLE�IN�THE�MATHEMATICAL�WAY��A�POSITIVE�ANGLE�IScounterCLOCKWISE��/EXT
�THE
ENCODING�PROCESS�IS�CARRIED�OUT�IN�THE�LINE�
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aw, ax, ay, az bformenc1 aSnd, kAzim, 0

*NPUT�ARGUMENTS�ARE�THE�MONOPHONIC�SOUND�SOURCEaSnd
�THE�XY�ANGLEkAzim
�AND�THE
ELEVATION�ANGLE�WHICH�IS�SET�TO�ZERO��0UTPUT�SIGNALS�ARE�THE�SPACIAL�INFORMATIONS�IN�X�
�Y�
AND�Z��DIRECTION�	ax, ay, az

�AND�ALSO�AN�OMNIDIRECTIONAL�SIGNAL�CALLEDaw�

%ECODING�IS�PERFORMED�BY�THE�LINE

a1, a2, a3, a4, a5, a6, a7, a8 bformdec1 iSetup, aw, ax, ay, az

5HE�INPUTS�FOR�THE�DECODER�ARE�THE�SAMEaw,ax, ay, az
�WHICH�WERE�THE�RESULTS�OF�THE
ENCODING�PROCESS
�AND�AN�ADDITIONALiSetupPARAMETER��$URRENTLY�THE�$SOUND�DECODER�ONLY

WORKS�WITH�SOME�STANDARD�SETUPS�FOR�THE�SPEAKER�iSetup = 4REFERS�TO�AN�OCTOGON�� 4O�THE
FINAL�EIGHT�AUDIO�SIGNALSa1, ..., a8ARE�BEING�PRODUCED�USING�THIS�DECODER
�AND�ARE�THEN
SENT�TO�THE�SPEAKERS�IN�THE�SAME�WAY�USING�THEOUTCHOPCODE�

Different Orders

8HAT�WE�HAVE�SEEN�IN�THIS�EXAMPLE�IS�CALLED��FIRST�ORDER��AMBISONICS��5HIS�MEANS�THAT�THE

ENCODING�PROCESS�LEADS�TO�THE�FOUR�BASIC�DIMENSIONS�W
�X
�Y
�Z�AS�DESCRIBED�ABOVE�� *N
�SECOND�ORDER��AMBISONICS
�THERE�ARE�ADDITIONAL�DIRECTIONS�CALLED�R
�S
�T
�U
�V��"ND�IN��THIRD
ORDER��AMBISONICS�AGAIN�THE�ADDITIONAL�K
�L
�M
�N
�O
�P
�Q��5HE�FINAL�EXAMPLE�IN�THIS�SECTION
SHOWS�THE�THREE�ORDERS
�EACH�OF�THEM�IN�ONE�INSTRUMENT��*F�YOU�HAVE�EIGHT�SPEAKERS�IN�OCTO
SETUP
�YOU�CAN�COMPARE�THE�RESULTS�

EXAMPLE 05B09_Ambi_orders.csd

<CsoundSynthesizer>
<CsOptions>
-odac -d ;for the next line, change to your folder
--env:SSDIR+=/home/jh/Joachim/Csound/FLOSS/Release01/Csound_Floss_Release01/audio
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 32
0dbfs = 1
nchnls = 8

instr 1 ;first order
aSnd, a0   soundin    "ClassGuit.wav"
kAzim      line       0, p3, 360
iSetup     =          4 ;octogon
aw, ax, ay, az bformenc1 aSnd, kAzim, 0
a1, a2, a3, a4, a5, a6, a7, a8 bformdec1 iSetup, aw, ax, ay, az
outch 1, a1, 2, a2, 3, a3, 4, a4, 5, a5, 6, a6, 7, a7, 8, a8

endin

instr 2 ;second order
aSnd, a0   soundin    "ClassGuit.wav"

b-panning-and-spatialization#InsertNoteID_12
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kAzim      line       0, p3, 360
iSetup     =          4 ;octogon
aw, ax, ay, az, ar, as, at, au, av bformenc1 aSnd, kAzim, 0
a1, a2, a3, a4, a5, a6, a7, a8 bformdec1 iSetup, aw, ax, ay, az, ar, as, at, au, av
outch 1, a1, 2, a2, 3, a3, 4, a4, 5, a5, 6, a6, 7, a7, 8, a8

endin

instr 3 ;third order
aSnd, a0   soundin    "ClassGuit.wav"
kAzim      line       0, p3, 360
iSetup     =          4 ;octogon
aw, ax, ay, az, ar, as, at, au, av, ak, al, am, an, ao, ap, aq bformenc1 aSnd, kAzim, 0
a1, a2, a3, a4, a5, a6, a7, a8 bformdec1 iSetup, aw, ax, ay, az, ar, as, at, au, av, ak, al, am, an, ao, ap, aq
outch 1, a1, 2, a2, 3, a3, 4, a4, 5, a5, 6, a6, 7, a7, 8, a8

endin
</CsInstruments>
<CsScore>
i 1 0 6
i 2 6 6
i 3 12 6
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

*N�THEORY
�FIRST�ORDER�AMBISONICS�NEEDS�AT�LEAST���SPEAKERS�TO�BE�PROJECTED�CORRECTLY�
4ECOND�ORDER�AMBISONICS�NEEDS�AT�LEAST���SPEAKERS�	�
�IF���DIMENSIONS�ARE�EMPLOYED
�
5HIRD�ORDER�AMBISONICS�NEEDS�AT�LEAST���SPEAKERS�	OR����FOR��D
��4O
�ALTHOUGH�HIGHER�ORDER
SHOULD�IN�GENERAL�LEAD�TO�A�BETTER�RESULT�IN�SPACE
�YOU�CANNOT�EXPECT�IT�TO�WORK�UNLESS�YOU
HAVE�A�SUFFICIENT�NUMBER�OF�SPEAKERS��0F�COURSE�PRACTICE�MAY�PROVE�A�PREFERABLE�MEANS�OF
JUDGEMENT�TO�THEORY�IN�MANY�CASES�

VBAP OR AMBISONICS?

$SOUND�OFFERS�A�SIMPLE�AND�RELIABLE�WAY�TO�ACCESS�TWO�STANDARD�METHODS�FOR�MULTI�
CHANNEL�SPATIALISATION��#OTH�HAVE�DIFFERENT�QUALITIES�AND�FOLLOW�DIFFERENT�AESTHETICS�
7#"1�CAN�PERHAPS�BE�DESCRIBED�AS�CLEAR
�RATIONAL
�DIRECT��*T�COMBINES�SIMPLICITY�WITH
FLEXIBILITY��*T�GIVES�A�RELIABLE�SOUND�PROJECTION�EVEN�FOR�RATHER�ASYMMETRIC�SPEAKER�SETUPS�
"MBISONICS�ON�THE�OTHER�HAND�OFFERS�A�VERY�SOFT�SOUND�IMAGE
�IN�WHICH�THE�SINGLE�SPEAKER
BECOMES�PART�OF�A�COHERENT�SOUND�FIELD��5HE�#�FORMAT�OFFERS�THE�POSSIBILITY�TO�STORE�THE
SPATIAL�INFORMATION�INDEPENDENTLY�FROM�ANY�PARTICULAR�SPEAKER�CONFIGURATION�

5HE�COMPOSER
�OR�SPATIAL�INTERPRETER
�CAN�CHOOSE�ONE�OR�THE�OTHER�TECHNIQUE�DEPENDING�ON
THE�MUSIC�AND�THE�CONTEXT��0R�	S
HE�CAN�DESIGN�A�PERSONAL�APPRAOCH�TO�SPATIALISATION�BY
COMBINING�THE�DIFFERENT�TECHNIQUES�DESCRIBED�IN�THIS�CHAPTER�



�� 'IRST�DESCRIBED�BY�7ILLE�1ULKKI�IN�������7ILLE�1ULKKI
�7IRTUAL�SOURCE�POSITIONING
USING�VECTOR�BASE�AMPLITUDE�PANNING
�IN��+OURNAL�OF�THE�"UDIO�&NGENEERING

4OCIETY
���	�

�������� ?

�� 7ILLE�1ULKKI
�6NIFORM�SPREADING�OF�AMPLITUDE�PANNED�VIRTUAL�SOURCES
�IN�
1ROCEEDINGS�OF�THE������*&&&�8ORKSHOP�ON�"PPLICATIONS�OF�4IGNAL�1ROCESSING�TO

"UDIO�AND�"COUSTICS
�.OHONK�.ONTAIN�)OUSE
�/EW�1ALTZ?

�� 'OR�INSTANCE�WWW�AMBISONIC�NET�OR�WWW�ICST�NET�RESEARCH�PROJECTS�AMBISONICS�

THEORY?

�� 4EE�WWW�CSOUNDS�COM�MANUAL�HTML�BFORMDEC��HTML�FOR�MORE�DETAILS�?

�� 8HICH�IN�TURN�THEN�ARE�TAKEN�BY�THE�DECODER�AS�INPUT�?
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FILTERS
"UDIO�FILTERS�CAN�RANGE�FROM�DEVICES�THAT�SUBTLY�SHAPE�THE�TONAL�CHARACTERISTICS�OF�A�SOUND
TO�ONES�THAT�DRAMATICALLY�REMOVE�WHOLE�PORTIONS�OF�A�SOUND�SPECTRUM�TO�CREATE�NEW
SOUNDS��$SOUND�INCLUDES�SEVERAL�VERSIONS�OF�EACH�OF�THE�COMMONEST�TYPES�OF�FILTERS�AND
SOME�MORE�ESOTERIC�ONES�ALSO��5HE�FULL�LIST�OF�$SOUND�S�STANDARD�FILTERS�CAN�BE�FOUNDHERE�
"�LIST�OF�THE�MORE�SPECIALISED�FILTERS�CAN�BE�FOUNDHERE�

LOWPASS FILTERS

5HE�FIRST�TYPE�OF�FILTER�ENCOUNTERED�IS�NORMALLY�THE�LOWPASS�FILTER��"S�ITS�NAME�SUGGESTS�IT
ALLOWS�LOWER�FREQUENCIES�TO�PASS�THROUGH�UNIMPEDED�AND�THEREFORE�FILTERS�HIGHER
FREQUENCIES��5HE�CROSSOVERFREQUENCY�IS�NORMALLY�REFERRED�TO�AS�THE��CUTOFF��FREQUENCY�
'ILTERS�OF�THIS�TYPE�DO�NOT�REALLY�CUT�FREQUENCIES�OFF�AT�THE�CUTOFF�POINT�LIKE�A�BRICK�WALL�BUT
INSTEAD�ATTENUATE�INCREASINGLY�ACCORDING�TO�A�CUTOFF�SLOPE��%IFFERENT�FILTERS�OFFER�CUTOFF
SLOPES�OF�DIFFERENT�OF�STEEPNESS��"NOTHER�ASPECT�OF�A�LOWPASS�FILTER�THAT�WE�MAY�BE
CONCERNED�WITH�IS�A�RIPPLE�THAT�MIGHT�EMERGE�AT�THE�CUTOFF�POINT��*F�THIS�IS�EXAGGERATED
INTENTIONALLY�IT�IS�REFERRED�TO�AS�RESONANCE�OR��2��

*N�THE�FOLLOWING�EXAMPLE
�THREE�LOWPASS�FILTERS�FILTERS�ARE�DEMONSTRATED�TONE
 BUTLPAND
MOOGLADDER� toneOFFERS�A�QUITE�GENTLE�CUTOFF�SLOPE�AND�THEREFORE�IS�BETTER�SUITED�TO�SUBTLE
SPECTRAL�ENHANCEMENT�TASKS�butlp IS�BASED�ON�THE�#UTTERWORTH�FILTER�DESIGN�AND�PRODUCES�A
MUCH�SHARPER�CUTOFF�SLOPE�AT�THE�EXPENSE�OF�A�SLIGHTLY�GREATER�$16�OVERHEAD�moogladder
IS�AN�INTERPRETATION�OF�AN�ANALOGUE�FILTER�FOUND�IN�A�MOOG�SYNTHESIZER�h�IT�INCLUDES�A
RESONANCE�CONTROL�

*N�THE�EXAMPLE�A�SAWTOOTH�WAVEFORM�IS�PLAYED�IN�TURN�THROUGH�EACH�FILTER��&ACH�TIME�THE
CUTOFF�FREQUENCY�IS�MODULATED�USING�AN�ENVELOPE
�STARTING�HIGH�AND�DESCENDING�LOW�SO
THAT�MORE�AND�MORE�OF�THE�SPECTRAL�CONTENT�OF�THE�SOUND�IS�REMOVED�AS�THE�NOTE
PROGRESSES��"�SAWTOOTH�WAVEFORM�HAS�BEEN�CHOSEN�AS�IT�CONTAINS�STRONG�HIGHER
FREQUENCIES�AND�THEREFORE�DEMONSTRATES�THE�FILTERS�CHARACTERISTICS�WELL��A�SINE�WAVE�WOULD
BE�A�POOR�CHOICE�OF�SOURCE�SOUND�ON�ACCOUNT�OF�ITS�LACK�OF�SPECTRAL�RICHNESS�

EXAMPLE 05C01_tone_butlp_moogladder.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100

http://www.csounds.com/manual/html/SigmodStandard.html
http://www.csounds.com/manual/html/SigmodSpeciali.html
http://www.csounds.com/manual/html/tone.html
http://www.csounds.com/manual/html/butterlp.html
http://www.csounds.com/manual/html/moogladder.html


ksmps = 32
nchnls = 1
0dbfs = 1

instr 1
prints       "tone%n"    ; indicate filter type in console

aSig    vco2         0.5, 150    ; input signal is a sawtooth waveform
kcf     expon        10000,p3,20 ; descending cutoff frequency
aSig    tone         aSig, kcf   ; filter audio signal

out          aSig        ; filtered audio sent to output
endin

instr 2
prints       "butlp%n"   ; indicate filter type in console

aSig    vco2         0.5, 150    ; input signal is a sawtooth waveform
kcf     expon        10000,p3,20 ; descending cutoff frequency
aSig    butlp        aSig, kcf   ; filter audio signal

out          aSig        ; filtered audio sent to output
endin

instr 3
prints       "moogladder%n" ; indicate filter type in console

aSig    vco2         0.5, 150       ; input signal is a sawtooth waveform
kcf     expon        10000,p3,20    ; descending cutoff frequency
aSig    moogladder   aSig, kcf, 0.9 ; filter audio signal

out          aSig           ; filtered audio sent to output
endin

</CsInstruments>

<CsScore>
; 3 notes to demonstrate each filter in turn
i 1 0  3; tone
i 2 4  3; butlp
i 3 8  3; moogladder
e
</CsScore>

</CsoundSynthesizer>

HIGHPASS FILTERS

"�HIGHPASS�FILTER�IS�THE�CONVERSE�OF�A�LOWPASS�FILTER��FREQUENCIES�HIGHER�THAN�THE�CUTOFF
POINT�ARE�ALLOWED�TO�PASS�WHILST�THOSE�LOWER�ARE�ATTENUATED�ATONEANDBUTHPARE�THE
ANALOGUES�OFtoneANDbutlp��3ESONANT�HIGHPASS�FILTERS�ARE�HARDER�TO�FIND�BUT�$SOUND�HAS
ONE�INBQREZ� bqrezIS�ACTUALLY�A�MULTI�MODE�FILTER�AND�COULD�ALSO�BE�USED�AS�A�RESONANT
LOWPASS�FILTER�AMONGST�OTHER�THINGS��8E�CAN�CHOOSE�WHICH�MODE�WE�WANT�BY�SETTING�ONE
OF�ITS�INPUT�ARGUMENTS�APPROPRIATELY��3ESONANT�HIGHPASS�IS�MODE����*N�THIS�EXAMPLE�A
SAWTOOTH�WAVEFORM�IS�AGAIN�PLAYED�THROUGH�EACH�OF�THE�FILTERS�IN�TURN�BUT�THIS�TIME�THE
CUTOFF�FREQUENCY�MOVES�FROM�LOW�TO�HIGH��4PECTRAL�CONTENT�IS�INCREASINGLY�REMOVED�BUT
FROM�THE�OPPOSITE�SPECTRAL�DIRECTION�

http://www.csounds.com/manual/html/atone.html
http://www.csounds.com/manual/html/butterhp.html
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EXAMPLE 05C02_atone_buthp_bqrez.csd



<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

instr 1
prints       "atone%n"     ; indicate filter type in console

aSig    vco2         0.2, 150      ; input signal is a sawtooth waveform
kcf     expon        20, p3, 20000 ; define envelope for cutoff frequency
aSig    atone        aSig, kcf     ; filter audio signal

out          aSig          ; filtered audio sent to output
endin

instr 2
prints       "buthp%n"     ; indicate filter type in console

aSig    vco2         0.2, 150      ; input signal is a sawtooth waveform
kcf     expon        20, p3, 20000 ; define envelope for cutoff frequency
aSig    buthp        aSig, kcf     ; filter audio signal

out          aSig          ; filtered audio sent to output
endin

instr 3
prints       "bqrez(mode:1)%n" ; indicate filter type in console

aSig    vco2         0.03, 150         ; input signal is a sawtooth waveform
kcf     expon        20, p3, 20000     ; define envelope for cutoff frequency
aSig    bqrez        aSig, kcf, 30, 1  ; filter audio signal

out          aSig              ; filtered audio sent to output
endin

</CsInstruments>

<CsScore>
; 3 notes to demonstrate each filter in turn
i 1 0  3 ; atone
i 2 5  3 ; buthp
i 3 10 3 ; bqrez(mode 1)
e
</CsScore>

</CsoundSynthesizer>

BANDPASS FILTERS

"�BANDPASS�FILTER�ALLOWS�JUST�A�NARROW�BAND�OF�SOUND�TO�PASS�THROUGH�UNIMPEDED�AND�AS
SUCH�IS�A�LITTLE�BIT�LIKE�A�COMBINATION�OF�A�LOWPASS�AND�HIGHPASS�FILTER�CONNECTED�IN�SERIES�



8E�NORMALLY�EXPECT�AT�LEAST�ONE�ADDITIONAL�PARAMETER�OF�CONTROL��CONTROL�OVER�THE�WIDTH�OF
THE�BAND�OF�FREQUENCIES�ALLOWED�TO�PASS�THROUGH
�OR��BANDWIDTH��

*N�THE�NEXT�EXAMPLE�CUTOFF�FREQUENCY�AND�BANDWIDTH�ARE�DEMONSTRATED�INDEPENDENTLY�FOR
TWO�DIFFERENT�BANDPASS�FILTERS�OFFERED�BY�$SOUND��'IRST�OF�ALL�A�SAWTOOTH�WAVEFORM�IS
PASSED�THROUGH�ARESONFILTER�AND�ABUTBPFILTER�IN�TURN�WHILE�THE�CUTOFF�FREQUENCY�RISES
	BANDWIDTH�REMAINS�STATIC
��5HEN�PINK�NOISE�IS�PASSED�THROUGHresonANDbutbpIN�TURN
AGAIN�BUT�THIS�TIME�THE�CUTOFF�FREQUENCY�REMAINS�STATIC�AT�����)Z�WHILE�THE�BANDWIDTH
EXPANDS�FROM���TO�����)Z��*N�THE�LATTER�TWO�NOTES�IT�WILL�BE�HEARD�HOW�THE�RESULTANT�SOUND
MOVES�FROM�ALMOST�A�PURE�SINE�TONE�TO�UNPITCHED�NOISE�butbpIS�OBVIOUSLY�THE
#UTTERWORTH�BASED�BANDPASS�FILTER�resonCAN�PRODUCE�DRAMATIC�VARIATIONS�IN�AMPLITUDE
DEPENDING�ON�THE�BANDWIDTH�VALUE�AND�THEREFORE�SOME�BALANCING�OF�AMPLITUDE�IN�THE
OUTPUT�SIGNAL�MAY�BE�NECESSARY�IF�OUT�OF�RANGE�SAMPLES�AND�DISTORTION�ARE�TO�BE�AVOIDED�
'ORTUNATELY�THE�OPCODE�ITSELF�INCLUDES�TWO�MODES�OF�AMPLITUDE�BALANCING�BUILT�IN�BUT�BY
DEFAULT�NEITHER�OF�THESE�METHODS�ARE�ACTIVE�AND�IN�THIS�CASE�THE�USE�OF�THE�BALANCE�OPCODE
MAY�BE�REQUIRED��.ODE���SEEMS�TO�WORK�WELL�WITH�SPECTRALLY�SPARSE�SOUNDS�LIKE�HARMONIC
TONES�WHILE�MODE���WORKS�WELL�WITH�SPECTRALLY�DENSE�SOUNDS�SUCH�AS�WHITE�OR�PINK�NOISE�

EXAMPLE 05C03_reson_butbp.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

instr 1
prints "reson%n"          ; indicate filter type in console

aSig vco2 0.5, 150           ; input signal: sawtooth waveform
kcf expon 20,p3,10000        ; rising cutoff frequency
aSig reson aSig,kcf,kcf*0.1,1 ; filter audio signal

out aSig               ; send filtered audio to output
endin

instr 2
prints "butbp%n"          ; indicate filter type in console

aSig vco2 0.5, 150           ; input signal: sawtooth waveform
kcf expon 20,p3,10000        ; rising cutoff frequency
aSig butbp aSig, kcf, kcf*0.1 ; filter audio signal

out aSig               ; send filtered audio to output
endin

instr 3

http://www.csounds.com/manual/html/reson.html
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prints "reson%n"          ; indicate filter type in console
aSig pinkish 0.5                ; input signal: pink noise
kbw expon 10000,p3,8         ; contracting bandwidth
aSig reson aSig, 5000, kbw, 2 ; filter audio signal

out aSig               ; send filtered audio to output
endin

instr 4
prints "butbp%n"          ; indicate filter type in console

aSig pinkish 0.5                ; input signal: pink noise
kbw expon 10000,p3,8         ; contracting bandwidth
aSig butbp aSig, 5000, kbw    ; filter audio signal

out aSig               ; send filtered audio to output
endin

</CsInstruments>

<CsScore>
i 1 0 3 ; reson - cutoff frequency rising
i 2 4 3 ; butbp - cutoff frequency rising
i 3 8 6 ; reson - bandwidth increasing
i 4 15 6 ; butbp - bandwidth increasing
e
</CsScore>

</CsoundSynthesizer>

COMB FILTERING

"�COMB�FILTER�IS�A�SPECIAL�TYPE�OF�FILTER�THAT�CREATES�A�HARMONICALLY�RELATED�STACK�OF
RESONANCE�PEAKS�ON�AN�INPUT�SOUND�FILE��"�COMB�FILTER�IS�REALLY�JUST�A�VERY�SHORT�DELAY
EFFECT�WITH�FEEDBACK��5YPICALLY�THE�DELAY�TIMES�INVOLVED�WOULD�BE�LESS�THAN������SECONDS�
.ANY�OF�THE�COMB�FILTERS�DOCUMENTED�INTHE�$SOUND�.ANUALTERM�THIS�DELAY�TIME
��LOOP
TIME���5HE�FUNDAMENTAL�OF�THE�HARMONIC�STACK�OF�RESONANCES�PRODUCED�WILL�BE���LOOP�TIME�
-OOP�TIME�AND�THE�FREQUENCIES�OF�THE�RESONANCE�PEAKS�WILL�BE�INVERSELY�PROPORTIONSL�h�AS
LOOP�TIME�GET�SMALLER
�THE�FREQUENCIES�RISE��'OR�A�LOOP�TIME�OF������SECONDS�THE
FUNDAMENTAL�RESONANCE�PEAK�WILL�BE���)Z
�THE�NEXT�PEAK����)Z
�THE�NEXT����)Z�AND�SO
ON��'EEDBACK�IS�NORMALLY�IMPLEMENTED�AS�REVERB�TIME�h�THE�TIME�TAKEN�FOR�AMPLITUDE�TO
DROP�TO��������OF�ITS�ORIGINAL�LEVEL�OR�BY���D#��5HIS�USE�OF�REVERB�TIME�AS�OPPOSED�TO
FEEDBACK�ALLUDES�TO�THE�USE�OF�COMB�FILTERS�IN�THE�DESIGN�OF�REVERB�ALGORITHMS��/EGATIVE
REVERB�TIMES�WILL�RESULT�IN�ONLY�THE�ODD�NUMBERED�PARTIALS�OF�THE�HARMONIC�STACK�BEING
PRESENT�

5HE�FOLLOWING�EXAMPLE�DEMONSTRATES�A�COMB�FILTER�USING�THEVCOMBOPCODE��5HIS�OPCODE
ALLOWS�FOR�PERFORMANCE�TIME�MODULATION�OF�THE�LOOP�TIME�PARAMETER��'OR�THE�FIRST��
SECONDS�OF�THE�DEMONSTRATION�THE�REVERB�TIME�INCREASES�FROM�����SECONDS�TO���WHILE�THE
LOOP�TIME�REMAINS�CONSTANT�AT�������SECONDS��5HEN�THE�LOOP�TIME�DECREASES�TO�������
SECONDS�OVER���SECONDS�	THE�RESONANT�PEAKS�RISE�IN�FREQUENCY

�FINALLY�OVER�THE�COURSE�OF
���SECONDS�THE�LOOP�TIME�RISES�TO�����SECONDS�	THE�RESONANT�PEAKS�FALL�IN�FREQUENCY
��"

http://www.csounds.com/manual/html/
http://www.csounds.com/manual/html/vcomb.html


REPEATING�NOISE�IMPULSE�IS�USED�AS�A�SOURCE�SOUND�TO�BEST�DEMONSTRATE�THE�QUALITIES�OF�A
COMB�FILTER�

EXAMPLE 05C04_comb.csd

<CsoundSynthesizer>

<CsOptions>
-odac ;activates real time sound output
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

instr 1
; -- generate an input audio signal (noise impulses) --
; repeating amplitude envelope:
kEnv         loopseg   1,0, 0,1,0.005,1,0.0001,0,0.9949,0
aSig         pinkish   kEnv*0.6                     ; pink noise pulses

; apply comb filter to input signal
krvt    linseg  0.1, 5, 2                           ; reverb time
alpt    expseg  0.005,5,0.005,6,0.0005,10,0.1,1,0.1 ; loop time
aRes    vcomb   aSig, krvt, alpt, 0.1               ; comb filter

out     aRes                                ; audio to output
endin

</CsInstruments>

<CsScore>
i 1 0 25
e
</CsScore>

</CsoundSynthesizer>

OTHER FILTERS WORTH INVESTIGATING

*N�ADDITION�TO�A�WEALTH�OF�LOW�AND�HIGHPASS�FILTERS�$SOUND�SEVERAL�MORE�UNIQUE�FILTERS�
.ULTIMODE�SUCH�ASBQREZPROVIDE�SEVERAL�DIFFERENT�FILTER�TYPES�WITHIN�A�SINGLE�OPCODE�
'ILTER�TYPE�IS�NORMALLY�CHOSEN�USING�AN�I�RATE�INPUT�ARGUMENT�THAT�FUNCTIONS�LIKE�A�SWITCH�
"NOTHER�MULTIMODE�FILTER
CLFILT
�OFFERS�ADDITION�FILTER�CONTROLS�SUCH�AS��FILTER�DESIGN��AND
�NUMBER�OF�POLES��TO�CREATE�UNUSUAL�SOUND�FILTERS��UNFORTUNATELY�SOME�PARTS�OF�THIS�OPCODE
ARE�NOT�IMPLEMENTED�YET�

http://www.csounds.com/manual/html/bqrez.html
http://www.csounds.com/manual/html/clfilt.html


EQFILIS�ESSENTIALLY�A�PARAMETRIC�EQUALISER�BUT�MULTIPLE�ITERATIONS�COULD�BE�USED�AS�MODULES
IN�A�GRAPHIC�EQUALISER�BANK��*N�ADDITION�TO�THE�CAPABILITIES�OF�EQFIL
PAREQADDS�THE
POSSIBILITY�OF�CREATING�LOW�AND�HIGH�SHELVING�FILTERING�WHICH�MIGHT�PROVE�USEFUL�IN
MASTERING�OR�IN�SPECTRAL�ADJUSTMENT�OF�MORE�DEVELOPED�SOUNDS�

RBJEQOFFERS�A�QUITE�COMPREHENSIVE�MULTIMODE�FILTER�INCLUDING�HIGHPASS
�LOWPASS

BANDPASS
�BANDREJECT
�PEAKING
�LOW�SHELVING�AND�HIGH�SHELVING
�ALL�IN�A�SINGLE�OPCODE

STATEVAROFFERS�THE�OUTPUTS�FROM�FOUR�FILTER�TYPES���HIGHPASS
�LOWPASS
�BANDPASS�AND
BANDREJECT���SIMULTANEOUSLY�SO�THAT�THE�USER�CAN�MORPH�BETWEEN�THEM�SMOOTHLY�SVFILTER
DOES�A�SIMILAR�THING�BUT�WITH�JUST�HIGHPASS
�LOWPASS�AND�BANDPASS�FILTER�TYPES�

PHASER�ANDPHASER�OFFER�ALGORITHMS�CONTAINING�CHAINS�OF�FIRST�ORDER�AND�SECOND�ORDER
ALLPASS�FILTERS�RESPECTIVELY��5HESE�ALGORITHMS�COULD�CONCEIVABLY�BE�BUILT�FROM�INDIVIDUAL
ALLPASS�FILTERS�BUT�THESE�READY�MADE�VERSIONS�PROVIDE�CONVENIENCE�AND�ADDED�EFFICIENCY

HILBERTIS�A�SPECIALIST�**3�FILTER�THAT�IMPLEMENTS�THE�)ILBERT�TRANSFORMER�

'OR�THOSE�WISHING�TO�DEVISE�THEIR�OWN�FILTER�USING�COEFFICIENTS�$SOUND�OFFERSFILTER�AND
ZFILTER��

http://www.csounds.com/manual/html/eqfil.html
http://www.csounds.com/manual/html/pareq.html
http://www.csounds.com/manual/html/rbjeq.html
http://www.csounds.com/manual/html/statevar.html
http://www.csounds.com/manual/html/svfilter.html
http://www.csounds.com/manual/html/phaser1.html
http://www.csounds.com/manual/html/phaser2.html
http://www.csounds.com/manual/html/hilbert.html
http://www.csounds.com/manual/html/filter2.html
http://www.csounds.com/manual/html/zfilter2.html


DELAY AND FEEDBACK
"�DELAY�IN�%41�IS�A�SPECIAL�KIND�OF�BUFFER�SOMETIMES�CALLED�A�CIRCULAR�BUFFER��5HE�LENGTH
OF�THIS�BUFFER�IS�FINITE�AND�MUST�BE�DECLARED�UPON�INITIALIZATION�AS�IT�IS�STORED�IN�3".��0NE
WAY�TO�THINK�OF�THE�CIRCULAR�BUFFER�IS�THAT�AS�NEW�ITEMS�ARE�ADDED�AT�THE�BEGINNING�OF�THE
BUFFER�THE�OLDEST�ITEMS�AT�THE�END�OF�THE�BUFFER�ARE�BEING��SHOVED��OUT�

#ESIDES�THEIR�TYPICAL�APPLICATION�FOR�CREATING�ECHO�EFFECTS
�DELAYS�CAN�ALSO�BE�USED�TO
IMPLEMENT�CHORUS
�FLANGING
�PITCH�SHIFTING�AND�FILTERING�EFFECTS�

$SOUND�OFFERS�MANY�OPCODES�FOR�IMPLEMENTING�DELAYS��4OME�OF�THESE�OFFER�VARYING
DEGREES�OF�QUALITY���OFTEN�BALANCED�AGAINST�VARYING�DEGREES�OF�EFFICIENCY�WHILST�SOME�ARE
FOR�QUITE�SPECIALIZED�PURPOSES�

5O�BEGIN�WITH�THIS�SECTION�IS�GOING�TO�FOCUS�UPON�A�PAIR�OF�OPCODES
DELAYRANDDELAYW.
8HILST�NOT�THE�MOST�EFFICIENT�TO�USE�IN�TERMS�OF�THE�NUMBER�OF�LINES�OF�CODE�REQUIRED
�THE
USE�OFdelayrANDdelaywHELPS�TO�CLEARLY�ILLUSTRATE�HOW�A�DELAY�BUFFER�WORKS��#ESIDES
THIS
delayrANDdelaywACTUALLY�OFFER�A�LOT�MORE�FLEXIBILITY�AND�VERSATILITY�THAN�MANY�OF
THE�OTHER�DELAY�OPCODES�

8HEN�USINGdelayrANDdelaywTHE�ESTABLISHEMENT�OF�A�DELAY�BUFFER�IS�BROKEN�DOWN�INTO
TWO�STEPS��READING�FROM�THE�END�OF�THE�BUFFER�USINGdelayr	AND�BY�DOING�THIS�DEFINING�THE
LENGTH�OR�DURATION�OF�THE�BUFFER
�AND�THEN�WRITING�INTO�THE�BEGINNING�OF�THE�BUFFER�USING
delayw�

5HE�CODE�EMPLOYED�MIGHT�LOOK�LIKE�THIS�

aSigOut  delayr  1
delayw  aSigIn

WHERE��A4IG*N��IS�THE�INPUT�SIGNAL�WRITTEN�INTO�THE�BEGINNING�OF�THE�BUFFER�AND��A4IG0UT��IS
THE�OUTPUT�SIGNAL�READ�FROM�THE�END�OF�THE�BUFFER��5HE�FACT�THAT�WE�DECLARE�READING�FROM
THE�BUFFER�BEFORE�WRITING�TO�IT�IS�SOMETIMES�INITIALLY�CONFUSING�BUT
�AS�ALLUDED�TO�BEFORE

ONE�REASON�THIS�IS�DONE�IS�TO�DECLARE�THE�LENGTH�OF�THE�BUFFER��5HE�BUFFER�LENGTH�IN�THIS�CASE
IS���SECOND�AND�THIS�WILL�BE�THE�APPARENT�TIME�DELAY�BETWEEN�THE�INPUT�AUDIO�SIGNAL�AND
AUDIO�READ�FROM�THE�END�OF�THE�BUFFER�

5HE�FOLLOWING�EXAMPLE�IMPLEMENTS�THE�DELAY�DESCRIBED�ABOVE�IN�A��CSD�FILE��"N�INPUT
SOUND�OF�SPARSE�SINE�TONE�PULSES�IS�CREATED��5HIS�IS�WRITTEN�INTO�THE�DELAY�BUFFER�FROM
WHICH�A�NEW�AUDIO�SIGNAL�IS�CREATED�BY�READ�FROM�THE�END�OF�THIS�BUFFER��5HE�INPUT�SIGNAL
	SOMETIMES�REFERRED�TO�AS�THE�DRY�SIGNAL
�AND�THE�DELAY�OUTPUT�SIGNAL�	SOMETIMES�REFERRED
TO�AS�THE�WET�SIGNAL
�ARE�MIXED�AND�SET�TO�THE�OUTPUT��5HE�DELAYED�SIGNAL�IS�ATTENUATED�WITH
RESPECT�TO�THE�INPUT�SIGNAL�

http://www.csounds.com/manual/html/delayr.html
http://www.csounds.com/manual/html/delayw.html


EXAMPLE 05D01_delay.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1
giSine   ftgen   0, 0, 2^12, 10, 1 ; a sine wave

instr 1
; -- create an input signal: short 'blip' sounds --
kEnv    loopseg  0.5, 0, 0, 0,0.0005, 1 , 0.1, 0, 1.9, 0, 0
kCps    randomh  400, 600, 0.5
aEnv    interp   kEnv
aSig    poscil   aEnv, kCps, giSine

; -- create a delay buffer --
aBufOut delayr   0.3

delayw   aSig

; -- send audio to output (input and output to the buffer are mixed)
out      aSig + (aBufOut*0.4)

endin

</CsInstruments>

<CsScore>
i 1 0 25
e
</CsScore>
</CsoundSynthesizer>

*F�WE�MIX�SOME�OF�THE�DELAYED�SIGNAL�INTO�THE�INPUT�SIGNAL�THAT�IS�WRITTEN�INTO�THE�BUFFER
THEN�WE�WILL�DELAY�SOME�OF�THE�DELAYED�SIGNAL�THUS�CREATING�MORE�THAN�A�SINGLE�ECHO�FROM
EACH�INPUT�SOUND��5YPICALLY�THE�SOUND�THAT�IS�FED�BACK�INTO�THE�DELAY�INPUT�IS�ATTENUATED�SO
THAT�SOUND�CYCLE�THROUGH�THE�BUFFER�INDEFINITELY�BUT�INSTEAD�WILL�EVENTUALLY�DIE�AWAY��8E
CAN�ATTENUATE�THE�FEEDBACK�SIGNAL�BY�MULTIPLYING�IT�BY�A�VALUE�IN�THE�RANGE�ZERO�TO����5HE
RAPIDITY�WITH�WHICH�ECHOES�WILL�DIE�AWAY�IS�DEFINED�BY�HOW�CLOSE�THE�ZERO�THIS�VALUE�IS�
5HE�FOLLOWING�EXAMPLE�IMPLEMENTS�A�SIMPLE�DELAY�WITH�FEEDBACK�

EXAMPLE 05D02_delay_feedback.csd

<CsoundSynthesizer>

<CsOptions>



-odac ;activates real time sound output
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine   ftgen   0, 0, 2^12, 10, 1  ; a sine wave

instr 1
; -- create an input signal: short 'blip' sounds --
kEnv    loopseg  0.5,0,0,0,0.0005,1,0.1,0,1.9,0,0 ; repeating envelope
kCps    randomh  400, 600, 0.5                    ; 'held' random values
aEnv    interp   kEnv                             ; a-rate envelope
aSig    poscil   aEnv, kCps, giSine               ; generate audio

; -- create a delay buffer --
iFdback =        0.7                    ; feedback ratio
aBufOut delayr   0.3                    ; read audio from end of buffer
; write audio into buffer (mix in feedback signal)

delayw   aSig+(aBufOut*iFdback)

; send audio to output (mix the input signal with the delayed signal)
out      aSig + (aBufOut*0.4)

endin

</CsInstruments>

<CsScore>
i 1 0 25
e
</CsScore>

</CsoundSynthesizer>

$ONSTRUCTING�A�DELAY�EFFECT�IN�THIS�WAY�IS�RATHER�LIMITED�AS�THE�DELAY�TIME�IS�STATIC��*F�WE
WANT�TO�CHANGE�THE�DELAY�TIME�WE�NEED�TO�REINITIALISE�THE�CODE�THAT�IMPLEMENTS�THE�DELAY
BUFFER��"�MORE�FLEXIBLE�APPROACH�IS�TO�READ�AUDIO�FROM�WITHIN�THE�BUFFER�USING�ONE�OF
$SOUNDS�OPCODES�FOR��TAPPING��A�DELAY�BUFFER
deltap
 deltapi
 deltap3 ordeltapx.5HE
OPCODES�ARE�LISTED�IN�ORDER�OF�INCREASING�QUALITY�WHICH�ALSO�REFLECTS�AN�INCREASE�IN
COMPUTATIONAL�EXPENSE��*N�THE�NEXT�EXAMPLE�A�DELAY�TAP�IS�INSERTED�WITHIN�THE�DELAY�BUFFER
	BETWEEN�THEdelayrAND�THEdelayw
�OPCODES��"S�OUR�DELAY�TIME�IS�MODULATING�QUITE
QUICKLY�WE�WILL�USEdeltapiWHICH�USES�LINEAR�INTERPOLATION�AS�IT�REBUILDS�THE�AUDIO�SIGNAL
WHENEVER�THE�DELAY�TIME�IS�MOVING��/OTE�THAT�THIS�TIME�WE�ARE�NOT�USING�THE�AUDIO�OUTPUT
FROM�THEdelayrOPCODE�AS�WE�ARE�USING�THE�AUDIO�OUTPUT�FROMdeltapiINSTEAD��5HE�DELAY
TIME�USED�BYdeltapiIS�CREATED�BYrandomiWHICH�CREATES�A�RANDOM�FUNCTION�OF�STRAIGHT
LINE�SEGMENTS��"�RATE�IS�USED�FOR�THE�DELAY�TIME�TO�IMPROVE�THE�ACCURACY�OF�ITS�VALUES
�USE
OF�K�RATE�WOULD�RESULT�IN�A�NOTICEABLY�POORER�SOUND�QUALITY��:OU�WILL�NOTICE�THAT�AS�WELL�AS



MODULATING�THE�TIME�GAP�BETWEEN�ECHOES
�THIS�EXAMPLE�ALSO�MODULATES�THE�PITCH�OF�THE
ECHOES�h�IF�THE�DELAY�TAP�IS�STATIC�WITHIN�THE�BUFFER�THERE�WOULD�BE�NO�CHANGE�IN�PITCH
�IF�IS
MOVING�TOWARDS�THE�BEGINNING�OF�THE�BUFFER�THEN�PITCH�WILL�RISE�AND�IF�IT�IS�MOVING
TOWARDS�THE�END�OF�THE�BUFFER�THEN�PITCH�WILL�DROP��5HIS�SIDE�EFFECT�HAS�LED�TO�DIGITAL�DELAY
BUFFERS�BEING�USED�IN�THE�DESIGN�OF�MANY�PITCH�SHIFTING�EFFECTS�

5HE�USER�MUST�TAKE�CARE�THAT�THE�DELAY�TIME�DEMANDED�FROM�THE�DELAY�TAP�DOES�NOT�EXCEED
THE�LENGTH�OF�THE�BUFFER�AS�DEFINED�IN�THEdelayrLINE��*F�IT�DOES�IT�WILL�ATTEMPT�TO�READ�DATA
BEYOND�THE�END�OF�THE�3".�BUFFER�h�THE�RESULTS�OF�THIS�ARE�UNPREDICTABLE��5HE�USER�MUST
ALSO�TAKE�CARE�THAT�THE�DELAY�TIME�DOES�NOT�GO�BELOW�ZERO
�IN�FACT�THE�MINUMUM�DELAY�TIME
THAT�WILL�BE�PERMISSIBLE�WILL�BE�THE�DURATION�OF�ONE�K�CYCLE�	KSMPS�SR
�

EXAMPLE 05D03_deltapi.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine   ftgen   0, 0, 2^12, 10, 1  ; a sine wave

instr 1
; -- create an input signal: short 'blip' sounds --
kEnv          loopseg  0.5,0,0,0,0.0005,1,0.1,0,1.9,0,0
aEnv          interp   kEnv
aSig          poscil   aEnv, 500, giSine

aDelayTime    randomi  0.05, 0.2, 1      ; modulating delay time
; -- create a delay buffer --
aBufOut       delayr   0.2               ; read audio from end of buffer
aTap          deltapi  aDelayTime        ; 'tap' the delay buffer

delayw   aSig + (aTap*0.9) ; write audio into buffer

; send audio to the output (mix the input signal with the delayed signal)
out      aSig + (aTap*0.4)

endin

</CsInstruments>

<CsScore>
i 1 0 30
e
</CsScore>



</CsoundSynthesizer>

8E�ARE�NOT�LIMITED�TO�INSERTING�ONLY�A�SINGLE�DELAY�TAP�WITHIN�THE�BUFFER��*F�WE�ADD�FURTHER
TAPS�WE�CREATE�WHAT�IS�KNOWN�AS�A�MULTI�TAP�DELAY��5HE�FOLLOWING�EXAMPLE�IMPLEMENTS�A
MULTI�TAP�DELAY�WITH�THREE�DELAY�TAPS��/OTE�THAT�ONLY�THE�FINAL�DELAY�	THE�ONE�CLOSEST�TO�THE
END�OF�THE�BUFFER
�IS�FED�BACK�INTO�THE�INPUT�IN�ORDER�TO�CREATE�FEEDBACK�BUT�ALL�THREE�TAPS
ARE�MIXED�AND�SENT�TO�THE�OUTPUT��5HERE�IS�NO�REASON�NOT�TO�EXPERIMENT�WITH�ARRANGEMENTS
OTHER�THAN�THIS�BUT�THIS�ONE�IS�MOST�TYPICAL�

EXAMPLE 05D04_multi-tap_delay.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine   ftgen   0, 0, 2^12, 10, 1 ; a sine wave

instr 1
; -- create an input signal: short 'blip' sounds --
kEnv    loopseg  0.5,0,0,0,0.0005,1,0.1,0,1.9,0,0; repeating envelope
kCps    randomh  400, 1000, 0.5                 ; 'held' random values
aEnv    interp   kEnv                           ; a-rate envelope
aSig    poscil   aEnv, kCps, giSine             ; generate audio

; -- create a delay buffer --
aBufOut delayr   0.5                    ; read audio end buffer
aTap1   deltap   0.1373                 ; delay tap 1
aTap2   deltap   0.2197                 ; delay tap 2
aTap3   deltap   0.4139                 ; delay tap 3

delayw   aSig + (aTap3*0.4)     ; write audio into buffer

; send audio to the output (mix the input signal with the delayed signals)
out      aSig + ((aTap1+aTap2+aTap3)*0.4)

endin

</CsInstruments>

<CsScore>
i 1 0 25
e
</CsScore>

</CsoundSynthesizer>



"S�MENTIONED�AT�THE�TOP�OF�THIS�SECTION�MANY�FAMILIAR�EFFECTS�ARE�ACTUALLY�CREATED�FROM
USING�DELAY�BUFFERS�IN�VARIOUS�WAYS��8E�WILL�BRIEFLY�LOOK�AT�ONE�OF�THESE�EFFECTS��THE
FLANGER��'LANGING�DERIVES�FROM�A�PHENOMENON�WHICH�OCCURS�WHEN�THE�DELAY�TIME�BECOMES
SO�SHORT�THAT�WE�BEGIN�TO�NO�LONGER�PERCEIVE�INDIVIDUAL�ECHOES�BUT�INSTEAD�A�STACK�OF
HARMONICALLY�RELATED�RESONANCES�ARE�PERCEIVED�THE�FREQUENCIES�OF�WHICH�ARE�IN�SIMPLE
RATIO�WITH���DELAY@TIME��5HIS�EFFECT�IS�KNOWN�AS�A�COMB�FILTER��8HEN�THE�DELAY�TIME�IS
SLOWLY�MODULATED�AND�THE�RESONANCES�SHIFTING�UP�AND�DOWN�IN�SYMPATHY�THE�EFFECT
BECOMES�KNOWN�AS�A�FLANGER��*N�THIS�EXAMPLE�THE�DELAY�TIME�OF�THE�FLANGER�IS�MODULATED
USING�AN�-'0�THAT�EMPLOYS�A�6�SHAPED�PARABOLA�AS�ITS�WAVEFORM�AS�THIS�SEEMS�TO�PROVIDE
THE�SMOOTHEST�COMB�FILTER�MODULATIONS�

EXAMPLE 05D05_flanger.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine   ftgen   0, 0, 2^12, 10, 1                 ; a sine wave
giLFOShape  ftgen   0, 0, 2^12, 19, 0.5, 1, 180, 1 ; u-shaped parabola

instr 1
aSig    pinkish  0.1                               ; pink noise

aMod    poscil   0.005, 0.05, giLFOShape           ; delay time LFO
iOffset =        ksmps/sr                          ; minimum delay time
kFdback linseg   0.8,(p3/2)-0.5,0.95,1,-0.95       ; feedback

; -- create a delay buffer --
aBufOut delayr   0.5                   ; read audio from end buffer
aTap    deltap3  aMod + iOffset        ; tap audio from within buffer

delayw   aSig + (aTap*kFdback) ; write audio into buffer

; send audio to the output (mix the input signal with the delayed signal)
out      aSig + aTap

endin

</CsInstruments>

<CsScore>
i 1 0 25
e
</CsScore>



</CsoundSynthesizer>

%ELAY�BUFFERS�CAN�BE�USED�TO�IMPLEMENT�A�WIDE�VARIETY�OF�SIGNAL�PROCESSING�EFFECTS
BEYOND�SIMPLE�ECHO�EFFECTS��5HIS�CHAPTER�HAS�INTRODUCED�THE�BASICS�OF�WORKING�WITH
$SOUND�S�DELAY�OPCODES�AND�ALSO�HINTED�AT�SOME�OF�THE�FURTHER�POSSIBILITIES�AVAILABLE�



REVERBERATION
3EVERB�IS�THE�EFFECT�A�ROOM�OR�SPACE�HAS�ON�A�SOUND�WHERE�THE�SOUND�WE�PERCEIVE�IS�A
MIXTURE�OF�THE�DIRECT�SOUND�AND�THE�DENSE�OVERLAPPING�ECHOES�OF�THAT�SOUND�REFLECTING�OFF
WALLS�AND�OBJECTS�WITHIN�THE�SPACE�

$SOUND�S�EARLIEST�REVERB�OPCODES�AREreverbANDnreverb��#Y�TODAY�S�STANDARDS�THESE
SOUND�RATHER�CRUDE�AND�AS�A�CONSEQUENCE�MODERN�$SOUND�USERS�TEND�TO�PREFER�THE�MORE
RECENT�OPCODESfreeverbANDreverbsc�

5HE�TYPICAL�WAY�TO�USE�A�REVERB�IS�TO�RUN�AS�A�EFFECT�THROUGHOUT�THE�ENTIRE�$SOUND
PERFORMANCE�AND�TO�SEND�IT�AUDIO�FROM�OTHER�INSTRUMENTS�TO�WHICH�IT�ADDS�REVERB��5HIS�IS
MORE�EFFICIENT�THAN�INITIATING�A�NEW�REVERB�EFFECT�FOR�EVERY�NOTE�THAT�IS�PLAYED��5HIS
ARRANGEMENT�IS�A�REFLECTION�OF�HOW�A�REVERB�EFFECT�WOULD�BE�USED�WITH�A�MIXING�DESK�IN�A
CONVENTIONAL�STUDIO��5HERE�ARE�SEVERAL�METHODS�OF�SENDING�AUDIO�FROM�SOUND�PRODUCING
INSTRUMENTS�TO�THE�REVERB�INSTRUMENT
�THREE�OF�WHICH�WILL�BE�INTRODUCED�IN�THE�COMING
EXAMPLES

5HE�FIRST�METHOD�USES�$SOUND�S�GLOBAL�VARIABLES�SO�THAT�AN�AUDIO�VARIABLE�CREATED�IN�ONE
INSTRUMENT�AND�BE�READ�IN�ANOTHER�INSTRUMENT��5HERE�ARE�SEVERAL�POINTS�TO�HIGHLIGHT�HERE�
'IRST�THE�GLOBAL�AUDIO�VARIABLE�THAT�IS�USE�TO�SEND�AUDIO�THE�REVERB�INSTRUMENT�IS�INITIALIZED
TO�ZERO�	SILENCE
�IN�THE�HEADER�AREA�OF�THE�ORCHESTRA�

5HIS�IS�DONE�SO�THAT�IF�NO�SOUND�GENERATING�INSTRUMENTS�ARE�PLAYING�AT�THE�BEGINNING�OF�THE
PERFORMANCE�THIS�VARIABLE�STILL�EXISTS�AND�HAS�A�VALUE��"N�ERROR�WOULD�RESULT�OTHERWISE�AND
$SOUND�WOULD�NOT�RUN��8HEN�AUDIO�IS�WRITTEN�INTO�THIS�VARIABLE�IN�THE�SOUND�GENERATING
INSTRUMENT�IT�IS�ADDED�TO�THE�CURRENT�VALUE�OF�THE�GLOBAL�VARIABLE�

5HIS�IS�DONE�IN�ORDER�TO�PERMIT�POLYPHONY�AND�SO�THAT�THE�STATE�OF�THIS�VARIABLE�CREATED�BY
OTHER�SOUND�PRODUCING�INSTRUMENTS�IS�NOT�OVERWRITTEN��'INALLY�IT�IS�IMPORTANT�THAT�THE
GLOBAL�VARIABLE�IS�CLEARED�	ASSIGNED�A�VALUE�OF�ZERO
�WHEN�IT�IS�FINISHED�WITH�AT�THE�END�OF
THE�REVERB�INSTRUMENT��*F�THIS�WERE�NOT�DONE�THEN�THE�VARIABLE�WOULD�QUICKLY��EXPLODE��	GET
ASTRONOMICALLY�HIGH
�AS�ALL�PREVIOUS�INSTRUMENTS�ARE�MERELY�ADDING�VALUES�TO�IT�RATHER�THAT
REDECLARING�IT��$LEARING�COULD�BE�DONE�SIMPLY�BY�SETTING�TO�ZEROBUT�THEclearOPCODE
MIGHT�PROVE�USEFUL�IN�THE�FUTURE�AS�IT�PROVIDES�US�WITH�THE�OPPORTUNITY�TO�CLEAR�MANY
VARIABLES�SIMULTANEOUSLY�

5HIS�EXAMPLE�USES�THEFREEVERBOPCODE�AND�IS�BASED�ON�A�PLUGIN�OF�THE�SAME�NAME�
'REEVERB�HAS�A�SMOOTH�REVERBERANT�TAIL�AND�IS�PERHAPS�SIMILAR�IN�SOUND�TO�A�PLATE�REVERB��*T
PROVIDES�US�WITH�TWO�MAIN�PARAMETERS�OF�CONTROL���ROOM�SIZE��WHICH�IS�ESSENTIALLY�A
CONTROL�OF�THE�AMOUNT�OF�INTERNAL�FEEDBACK�AND�THEREFORE�REVERB�TIME
�AND��HIGH�FREQUENCY
DAMPING��WHICH�CONTROLS�THE�AMOUNT�OF�ATTENUATION�OF�HIGH�FREQUENCIES��#OTH�THERE
PARAMETERS�SHOULD�BE�SET�WITHIN�THE�RANGE���TO����'OR�ROOM�SIZE�A�VALUE�OF�ZERO�RESULTS�IN�A
VERY�SHORT�REVERB�AND�A�VALUE�OF���RESULTS�IN�A�VERY�LONG�REVERB��'OR�HIGH�FREQUENCY

http://www.csounds.com/manual/html/freeverb.html


DAMPING�A�VALUE�OF�ZERO�PROVIDES�MINIMUM�DAMPING�OF�HIGHER�FREQUENCIES�GIVING�THE
IMPRESSION�OF�A�SPACE�WITH�HARD�WALLS
�A�VALUE�OF���PROVIDES�MAXIMUM�HIGH�FREQUENCY
DAMPING�THEREBY�GIVING�THE�IMPRESSION�OF�A�SPACE�WITH�SOFT�SURFACES�SUCH�AS�THICK�CARPETS
AND�HEAVY�CURTAINS�



EXAMPLE 05E01_freeverb.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

sr =  44100
ksmps = 32
nchnls = 2
0dbfs = 1

gaRvbSend    init      0 ; global audio variable initialized to zero

instr 1 ; sound generating instrument (sparse noise bursts)
kEnv         loopseg   0.5,0,0,1,0.003,1,0.0001,0,0.9969,0,0; amp. env.
aSig         pinkish   kEnv              ; noise pulses

outs      aSig, aSig        ; audio to outs
iRvbSendAmt  =         0.8               ; reverb send amount (0 - 1)
; add some of the audio from this instrument to the global reverb send variable
gaRvbSend    =         gaRvbSend + (aSig * iRvbSendAmt)

endin

instr 5 ; reverb - always on
kroomsize    init      0.85          ; room size (range 0 to 1)
kHFDamp      init      0.5           ; high freq. damping (range 0 to 1)
; create reverberated version of input signal (note stereo input and output)
aRvbL,aRvbR  freeverb  gaRvbSend, gaRvbSend,kroomsize,kHFDamp

outs      aRvbL, aRvbR ; send audio to outputs
clear     gaRvbSend    ; clear global audio variable

endin

</CsInstruments>

<CsScore>
i 1 0 300 ; noise pulses (input sound)
i 5 0 300 ; start reverb
e
</CsScore>

</CsoundSynthesizer>

5HE�NEXT�EXAMPLE�USES�$SOUND�S�ZAK�PATCHING�SYSTEM�TO�SEND�AUDIO�FROM�ONE�INSTRUMENT
TO�ANOTHER��5HE�ZAK�SYSTEM�IS�A�LITTLE�LIKE�A�PATCH�BAY�YOU�MIGHT�FIND�IN�A�RECORDING�STUDIO�
;AK�CHANNELS�CAN�BE�A
�K�OR�I�RATE��5HESE�CHANNELS�WILL�BE�ADDRESSED�USING�NUMBERS�SO�IT
WILL�BE�IMPORTANT�TO�KEEP�TRACK�OF�WHAT�EACH�NUMBERED�CHANNEL�IS�USED�FOR��0UR�EXAMPLE
WILL�BE�VERY�SIMPLE�IN�THAT�WE�WILL�ONLY�BE�USING�ONE�ZAK�AUDIO�CHANNEL��#EFORE�USING�ANY
OF�THE�ZAK�OPCODES�FOR�READING�AND�WRITING�DATA�WE�MUST�INITIALIZE�ZAK�STORAGE�SPACE��5HIS



IS�DONE�IN�THE�ORCHESTRA�HEADER�AREA�USING�THEZAKINITOPCODE��5HIS�OPCODE�INITIALIZES�BOTH
A�AND�K�RATE�CHANNELS��WE�MUST�INTIALIZE�AT�LEAST�ONE�OF�EACH�EVEN�IF�WE�DON�T�REQUIRE�BOTH�

zakinit    1, 1

5HE�AUDIO�FROM�THE�SOUND�GENERATING�INSTRUMENT�IS�MIXED�INTO�A�ZAK�AUDIO�CHANNEL�THE
ZAWMOPCODE�LIKE�THIS�

zawm aSig * iRvbSendAmt, 1

5HIS�CHANNEL�IS�READ�FROM�IN�THE�REVERB�INSTRUMENT�USING�THEZAROPCODE�LIKE�THIS�

aInSig zar 1

#ECAUSE�AUDIO�IS�BEGIN�MIXED�INTO�OUR�ZAK�CHANNEL�BUT�IT�IS�NEVER�REDEFINED�	ONLY�MIXED
INTO
�IT�NEEDS�TO�BE�CLEARED�AFTER�WE�HAVE�FINISHED�WITH�IT��5HIS�IS�ACCOMPLISHED�AT�THE
BOTTOM�OF�THE�REVERB�INSTRUMENT�USING�THEZACLOPCODE�LIKE�THIS�

zacl      0, 1

5HIS�EXAMPLE�USES�THEREVERBSCOPCODE��*T�TOO�HAS�A�STEREO�INPUT�AND�OUTPUT��5HE
ARGUMENTS�THAT�DEFINE�ITS�CHARACTER�ARE�FEEDBACK�LEVEL�AND�CUTOFF�FREQUENCY��'EEDBACK
LEVEL�SHOULD�BE�IN�THE�RANGE�ZERO�TO���AND�CONTROLS�REVERB�TIME��$UTOFF�FREQUENCY�SHOULD
BE�WITHIN�THE�RANGE�OF�HUMAN�HEARING�	��)Z����K)Z
�AND�LESS�THAN�THE�/YQVIST�FREQUENCY
	SR��
���IT�CONTROLS�THE�CUTOFF�FREQUENCIES�OF�LOW�PASS�FILTERS�WITHIN�THE�ALGORITHM�

EXAMPLE 05E02_reverbsc.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr =  44100
ksmps = 32
nchnls = 2
0dbfs = 1

; initialize zak space  - one a-rate and one k-rate variable.
; We will only be using the a-rate variable.

zakinit   1, 1

instr 1 ; sound generating instrument - sparse noise bursts
kEnv         loopseg   0.5,0, 0,1,0.003,1,0.0001,0,0.9969,0,0; amp. env.
aSig         pinkish   kEnv       ; pink noise pulses

outs      aSig, aSig ; send audio to outputs
iRvbSendAmt  =         0.8        ; reverb send amount (0 - 1)

http://www.csounds.com/manual/html/zakinit.html
http://www.csounds.com/manual/html/zawm.html
http://www.csounds.com/manual/html/zar.html
http://www.csounds.com/manual/html/zacl.html
http://www.csounds.com/manual/html/reverbsc.html


; write to zak audio channel 1 with mixing
zawm      aSig*iRvbSendAmt, 1

endin

instr 5 ; reverb - always on
aInSig       zar       1    ; read first zak audio channel
kFblvl       init      0.88 ; feedback level - i.e. reverb time
kFco         init      8000 ; cutoff freq. of a filter within the reverb
; create reverberated version of input signal (note stereo input and output)
aRvbL,aRvbR  reverbsc  aInSig, aInSig, kFblvl, kFco

outs      aRvbL, aRvbR ; send audio to outputs
zacl      0, 1         ; clear zak audio channels

endin

</CsInstruments>

<CsScore>
i 1 0 10 ; noise pulses (input sound)
i 5 0 12 ; start reverb
e
</CsScore>

</CsoundSynthesizer>

reverbscCONTAINS�A�MECHANISM�TO�MODULATE�DELAY�TIMES�INTERNALLY�WHICH�HAS�THE�EFFECT�OF
HARMONICALLY�BLURRING�SOUNDS�THE�LONGER�THEY�ARE�REVERBERATED��5HIS�CONTRASTS�WITH
freeverb�S�RATHER�STATIC�REVERBERANT�TAIL��0N�THE�OTHER�HANDscreverb�S�TAIL�IS�NOT�AS�SMOOTH
AS�THAT�OFfreeverb,INIDIVIDUAL�ECHOES�ARE�SOMETIMES�DISCERNIBLE�SO�IT�MAY�NOT�BE�AS�WELL
SUITED�TO�THE�REVERBERATION�OF�PERCUSSIVE�SOUNDS��"LSO�BE�AWARE�THAT�AS�WELL�AS�REDUCING
THE�REVERB�TIME
�THE�FEEDBACK�LEVEL�PARAMETER�REDUCES�THE�OVERALL�AMPLITUDE�OF�THE�EFFECT
TO�THE�POINT�WHERE�A�SETTING�OF���WILL�RESULT�IN�SILENCE�FROM�THE�OPCODE�

"�MORE�RECENT�OPTION�FOR�SENDING�SOUND�FROM�INSTRUMENT�TO�INSTRUMENT�IN�$SOUND�IS�TO
USE�THEchn...OPCODES��5HESE�OPCODES�CAN�ALSO�BE�USED�TO�ALLOW�$SOUND�TO�INTERFACE�WITH
EXTERNAL�PROGRAMS�USING�THE�SOFTWARE�BUS�AND�THE�$SOUND�"1*�

EXAMPLE 05E03_reverb_with_chn.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activates real time sound output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr =  44100
ksmps = 32
nchnls = 2
0dbfs = 1

instr 1 ; sound generating instrument - sparse noise bursts



kEnv         loopseg   0.5,0, 0,1,0.003,1,0.0001,0,0.9969,0,0 ; amp. envelope
aSig         pinkish   kEnv                                 ; noise pulses

outs      aSig, aSig                           ; audio to outs
iRvbSendAmt  =         0.4                        ; reverb send amount (0 - 1)
;write audio into the named software channel:

chnmix    aSig*iRvbSendAmt, "ReverbSend"
endin

instr 5 ; reverb (always on)
aInSig       chnget    "ReverbSend"   ; read audio from the named channel
kTime        init      4              ; reverb time
kHDif        init      0.5            ; 'high frequency diffusion' (0 - 1)
aRvb         nreverb   aInSig, kTime, kHDif ; create reverb signal
outs         aRvb, aRvb               ; send audio to outputs

chnclear  "ReverbSend"   ; clear the named channel
endin

</CsInstruments>

<CsScore>
i 1 0 10 ; noise pulses (input sound)
i 5 0 12 ; start reverb
e
</CsScore>

</CsoundSynthesizer>

THE SCHROEDER REVERB DESIGN

.ANY�REVERB�ALGORITHMS�INCLUDING�$SOUND�S�FREEVERB
�REVERB�AND�REVERBN�ARE�BASED�ON
WHAT�IS�KNOWN�AS�THE�4CHROEDER�REVERB�DESIGN��5HIS�WAS�A�DESIGN�PROPOSED�IN�THE�EARLY
����S�BY�THE�PHYSICIST�.ANFRED�4CHROEDER��*N�THE�4CHROEDER�REVERB�A�SIGNAL�IS�PASSED�INTO
FOUR�PARALLEL�COMB�FILTERS�THE�OUTPUTS�OF�WHICH�ARE�SUMMED�AND�THEN�PASSED�THROUGH�TWO
ALLPASS�FILTERS�AS�SHOWN�IN�THE�DIAGRAM�BELOW��&SSENTIALLY�THE�COMB�FILTERS�PROVIDE�THE
BODY�OF�THE�REVERB�EFFECT�AND�THE�ALLPASS�FILTERS�SMEAR�THEIR�RESULTANT�SOUND�TO�REDUCE
RINGING�ARTEFACTS�THE�COMB�FILTERS�MIGHT�PRODUCE��.ORE�MODERN�DESIGNS�MIGHT�EXTENT�THE
NUMBER�OF�FILTERS�USED�IN�AN�ATTEMPT�TO�CREATE�SMOOTHER�RESULTS��5HE�FREEVERB�OPCODE
EMPLOYS�EIGHT�PARALLEL�COMB�FILTERS�FOLLOWED�BY�FOUR�SERIES�ALLPASS�FILTERS�ON�EACH�CHANNEL�
5HE�TWO�MAIN�INDICATORS�OF�POOR�IMPLEMENTATIONS�OF�THE�4CHOEDER�REVERB�ARE�INDIVIDUAL
ECHOES�BEING�EXCESSIVELY�APPARENT�AND�RINGING�ARTEFACTS��5HE�RESULTS�PRODUCED�BY�THE
FREEVERB�OPCODE�ARE�VERY�SMOOTH�BUT�A�CRITICISM�MIGHT�BE�THAT�IT�IS�LACKING�IN�CHARACTER
AND�IS�MORE�SUGGESTIVE�OF�A�PLATE�REVERB�THAN�OF�A�REAL�ROOM�



5HE�NEXT�EXAMPLE�IMPLEMENTS�THE�BASIC�4CHROEDER�REVERB�WITH�FOUR�PARALLEL�COMB�FILTERS
FOLLOWED�BY�THREE�SERIES�ALLPASS�FILTERS��5HIS�ALSO�PROVES�A�USEFUL�EXERCISE�IN�ROUTING�AUDIO
SIGNALS�WITHIN�$SOUND��1ERHAPS�THE�MOST�CRUCIAL�ELEMENT�OF�THE�4CHROEDER�REVERB�IS�THE
CHOICE�OF�LOOP�TIMES�FOR�THE�COMB�AND�ALLPASS�FILTERS�h�CAREFUL�CHOICES�HERE�SHOULD�OBVIATE
THE�UNDESIRABLE�ARTEFACTS�MENTIONED�IN�THE�PREVIOUS�PARAGRAPH��*F�LOOP�TIMES�ARE�TOO�LONG
INDIVIDUAL�ECHOES�WILL�BECOME�APPARENT
�IF�THEY�ARE�TOO�SHORT�THE�CHARACTERISTIC�RINGING�OF
COMB�FILTERS�WILL�BECOME�APPARENT��*F�LOOP�TIMES�BETWEEN�FILTERS�DIFFER�TOO�MUCH�THE
OUTPUTS�FROM�THE�VARIOUS�FILTERS�WILL�NOT�FUSE��*T�IS�ALSO�IMPORTANT�THAT�THE�LOOP�TIMES�ARE
PRIME�NUMBERS�SO�THAT�ECHOES�BETWEEN�DIFFERENT�FILTERS�DO�NOT�REINFORCE�EACH�OTHER��*T�MAY
ALSO�BE�NECESSARY�TO�ADJUST�LOOP�TIMES�WHEN�IMPLEMENTING�VERY�SHORT�REVERBS�OR�VERY�LONG
REVERBS��5HE�DURATION�OF�THE�REVERB�IS�EFFECTIVELY�DETERMINED�BY�THE�REVERB�TIMES�FOR�THE
COMB�FILTERS��5HERE�IS�CERTAINLY�SCOPE�FOR�EXPERIMENTATION�WITH�THE�DESIGN�OF�THIS�EXAMPLE
AND�EXPLORATION�OF�SETTINGS�OTHER�THAN�THE�ONES�SUGGESTED�HERE�

5HIS�EXAMPLE�CONSISTS�OF�FIVE�INSTRUMENTS��5HE�FIFTH�INSTRUMENT�IMPLEMENTS�THE�REVERB
ALGORITHM�DESCRIBED�ABOVE��5HE�FIRST�FOUR�INSTRUMENTS�ACT�AS�A�KIND�OF�GENERATIVE�DRUM
MACHINE�TO�PROVIDE�SOURCE�MATERIAL�FOR�THE�REVERB��(ENERALLY�SHARP�PERCUSSIVE�SOUNDS
PROVIDE�THE�STERNEST�TEST�OF�A�REVERB�EFFECT��*NSTRUMENT���TRIGGERS�THE�VARIOUS�SYNTHESIZED
DRUM�SOUNDS�	BASS�DRUM
�SNARE�AND�CLOSED�HI�HAT
�PRODUCED�BY�INSTRUMENTS���TO���

EXAMPLE 05E04_schroeder_reverb.csd

<CsoundSynthesizer>

<CsOptions>
-odac -m0
; activate real time sound output and suppress note printing
</CsOptions>



<CsInstruments>
;Example by Iain McCurdy

sr =  44100
ksmps = 1
nchnls = 2
0dbfs = 1

giSine       ftgen       0, 0, 2^12, 10, 1 ; a sine wave
gaRvbSend    init        0                 ; global audio variable initialized
giRvbSendAmt init        0.4               ; reverb send amount (range 0 - 1)

instr 1 ; trigger drum hits
ktrigger    metro       5                  ; rate of drum strikes
kdrum       random      2, 4.999           ; randomly choose which drum to hit

schedkwhen  ktrigger, 0, 0, kdrum, 0, 0.1 ; strike a drum
endin

instr 2 ; sound 1 - bass drum
iamp        random      0, 0.5               ; amplitude randomly chosen
p3          =           0.2                  ; define duration for this sound
aenv        line        1,p3,0.001           ; amplitude envelope (percussive)
icps        exprand     30                   ; cycles-per-second offset
kcps        expon       icps+120,p3,20       ; pitch glissando
aSig        oscil       aenv*0.5*iamp,kcps,giSine  ; oscillator

outs        aSig, aSig           ; send audio to outputs
gaRvbSend   =           gaRvbSend + (aSig * giRvbSendAmt) ; add to send

endin

instr 3 ; sound 3 - snare
iAmp        random      0, 0.5                   ; amplitude randomly chosen
p3          =           0.3                      ; define duration
aEnv        expon       1, p3, 0.001             ; amp. envelope (percussive)
aNse        noise       1, 0                     ; create noise component
iCps        exprand     20                       ; cps offset
kCps        expon       250 + iCps, p3, 200+iCps ; create tone component gliss.
aJit        randomi     0.2, 1.8, 10000          ; jitter on freq.
aTne        oscil       aEnv, kCps*aJit, giSine  ; create tone component
aSig        sum         aNse*0.1, aTne           ; mix noise and tone components
aRes        comb        aSig, 0.02, 0.0035       ; comb creates a 'ring'
aSig        =           aRes * aEnv * iAmp       ; apply env. and amp. factor

outs        aSig, aSig               ; send audio to outputs
gaRvbSend   =           gaRvbSend + (aSig * giRvbSendAmt); add to send

endin

instr 4 ; sound 4 - closed hi-hat
iAmp        random      0, 1.5               ; amplitude randomly chosen
p3          =           0.1                  ; define duration for this sound
aEnv        expon       1,p3,0.001           ; amplitude envelope (percussive)
aSig        noise       aEnv, 0              ; create sound for closed hi-hat
aSig        buthp       aSig*0.5*iAmp, 12000 ; highpass filter sound
aSig        buthp       aSig,          12000 ; -and again to sharpen cutoff

outs        aSig, aSig           ; send audio to outputs
gaRvbSend   =           gaRvbSend + (aSig * giRvbSendAmt) ; add to send

endin



instr 5 ; schroeder reverb - always on
; read in variables from the score
kRvt        =           p4
kMix        =           p5

; print some information about current settings gleaned from the score
prints      "Type:"
prints      p6
prints      "\\nReverb Time:%2.1f\\nDry/Wet Mix:%2.1f\\n\\n",p4,p5

; four parallel comb filters
a1          comb        gaRvbSend, kRvt, 0.0297; comb filter 1
a2          comb        gaRvbSend, kRvt, 0.0371; comb filter 2
a3          comb        gaRvbSend, kRvt, 0.0411; comb filter 3
a4          comb        gaRvbSend, kRvt, 0.0437; comb filter 4
asum        sum         a1,a2,a3,a4 ; sum (mix) the outputs of all comb filters

; two allpass filters in series
a5          alpass      asum, 0.1, 0.005 ; send mix through first allpass filter
aOut        alpass      a5, 0.1, 0.02291 ; send 1st allpass through 2nd allpass

amix        ntrpol      gaRvbSend, aOut, kMix  ; create a dry/wet mix
outs        amix, amix             ; send audio to outputs
clear       gaRvbSend              ; clear global audio variable

endin

</CsInstruments>

<CsScore>
; room reverb
i 1  0 10                     ; start drum machine trigger instr
i 5  0 11 1 0.5 "Room Reverb" ; start reverb

; tight ambience
i 1 11 10                          ; start drum machine trigger instr
i 5 11 11 0.3 0.9 "Tight Ambience" ; start reverb

; long reverb (low in the mix)
i 1 22 10                                      ; start drum machine
i 5 22 15 5 0.1 "Long Reverb (Low In the Mix)" ; start reverb

; very long reverb (high in the mix)
i 1 37 10                                            ; start drum machine
i 5 37 25 8 0.9 "Very Long Reverb (High in the Mix)" ; start reverb
e
</CsScore>

</CsoundSynthesizer>

5HIS�CHAPTER�HAS�INTRODUCED�SOME�OF�THE�MORE�RECENT�$SOUND�OPCODES�FOR�DELAY�LINE
BASED�REVERB�ALGORITHMS�WHICH�IN�MOST�SITUATIONS�CAN�BE�USED�TO�PROVIDE�HIGH�QUALITY�AND
EFFICIENT�REVERBERATION��$ONVOLUTION�OFFERS�A�WHOLE�NEW�APPROACH�FOR�THE�CREATION�OF



REALISTIC�REVERBS�THAT�IMITATE�ACTUAL�SPACES���THIS�TECHNIQUE�IS�DEMONSTRATED�IN�THE
$ONVOLUTIONCHAPTER�

http://en.flossmanuals.net/csound/ch038_h-convolution/


AM / RM / WAVESHAPING
"N�INTRODUCTION�AS�WELL�AS�SOME�BACKGROUND�THEORY�OF�AMPLITUDE�MODULATION
�RING
MODULATION�AND�WAVESHAPING�IS�GIVEN�IN�THE�FOURTH�CHAPTER�ENTITLED��SOUND�SYNTHESIS���"S
ALL�OF�THESE�TECHNIQUES�MERELY�MODULATE�THE�AMPLITUDE�OF�A�SIGNAL�IN�A�VARIETY�OF�WAYS

THEY�CAN�ALSO�BE�USED�FOR�THE�MODIFICATION�OF�NON�SYNTHESIZED�SOUND��*N�THIS�CHAPTER�WE
WILL�EXPLORE�AMPLITUDE�MODULATION
�RING�MODULATION�AND�WAVESHAPING�AS�APPLIED�TO�NON�

SYNTHESIZED�SOUND��

AMPLITUDE MODULATION

8ITH��SOUND�SYNTHESIS�
�THE�PRINCIPLEOF�".�WAS�SHOWN�AS�A�AMPLITUDE�MULTIPLICATION�OF
TWO�SINE�OSCILLATORS��-ATER�WE�VE�USED�A�MORE�COMPLEX�MODULATORS
�TO�GENERATE�MORE
COMPLEX�SPECTRUMS��5HE�PRINCIPLE�ALSO�WORKS�VERY�WELL�WITH�SOUND�FILES�	SAMPLES
�OR
LIVE�AUDIO�INPUT�

,ARLHEINZ�4TOCKHAUSENS"Mixtur fu�r Orchester, vier Sinusgeneratoren und vier
Ringmodulatorenk�	����
�WAS�THE�FIRST�PIECE�WHICH�USED�ANALOG�RINGMODULATION�	".
WITHOUT�%$�OFFSET
�TO�ALTER�THE�ACOUSTIC�INSTRUMENTS�PITCH�IN�REALTIME�DURING�A�LIVE�
PERFORMANCE��5HE�WORD�RINGMODULATION�INHERITES�FROM�THE�ANALOGfour-diode circuit
WHICH�WAS�ARRANGED�IN�A��RING��

*N�THE�FOLLOWING�EXAMPLE�SHOWS�HOW�THIS�CAN�BE�DONE�DIGITALLY�IN�$SOUND��*N�THIS�CASE�A
SOUND�FILE�WORKS�AS�THEcarrier WHICH�IS�MODULATED�BY�Asine-wave-osc��5HE�RESULT�SOUNDS
LIKE�OLD��)ARALD�#ODE��PITCH�SHIFTERS�FROM�THE������S�

Example: 05F01_RM_modification.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>

sr = 48000
ksmps = 32
nchnls = 1
0dbfs = 1

instr 1   ; Ringmodulation
aSine1     poscil     0.8, p4, 1
aSample    diskin2    "fox.wav", 1, 0, 1, 0, 32

out        aSine1*aSample
endin

</CsInstruments>

f-am-rm-waveshaping#InsertNoteID_6


<CsScore>
f 1 0 1024 10 1 ; sine

i 1 0 2 400
i 1 2 2 800
i 1 4 2 1600
i 1 6 2 200
i 1 8 2 2400
e
</CsScore>
</CsoundSynthesizer>
; written by Alex Hofmann (Mar. 2011)

WAVESHAPING

*N�CHAPTER���&�WAVESHAPING�HAS�BEEN�DESCRIBED�AS�A�METHOD�OF�APPLYING�A�TRANSFER
FUNCTION�TO�AN�INCOMING�SIGNAL��*T�HAS�BEEN�DISCUSSED�THAT�THE�TABLE�WHICH�STORES�THE
TRANSFER�FUNCTION�MUST�BE�READ�WITH�AN�INTERPOLATING�TABLE�READER�TO�AVOID�DEGRADATION�OF
THE�SIGNAL��0N�THE�OTHER�HAND
�DEGRADATION�CAN�BE�A�NICE�THING�FOR�SOUND�MODIFICATION��4O
LET�US�START�WITH�THIS�BRANCH�HERE�

Bit Depth Reduction

*F�THE�TRANSFER�FUNCTION�ITSELF�IS�LINEAR
�BUT�THE�TABLE�OF�THE�FUNCTION�IS�SMALL
�AND�NO
INTERPOLATION�IS�APPLIED�TO�THE�AMPLITUDE�AS�INDEX�TO�THE�TABLE
�IN�EFFECT�THE�BIT�DEPTH�IS
REDUCED��'OR�A�FUNCTION�TABLE�OF�SIZE��
�A�LINE�BECOMES�A�STAIRCASE�

#IT�%EPTH���HIGH



#IT�%EPTH����



5HIS�IS�THE�SOUNDING�RESULT�

EXAMPLE 05F02_Wvshp_bit_crunch.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1



giTrnsFnc ftgen 0, 0, 4, -7, -1, 3, 1

instr 1
aAmp      soundin   "fox.wav"
aIndx     =         (aAmp + 1) / 2
aWavShp   table     aIndx, giTrnsFnc, 1

outs      aWavShp, aWavShp
endin

</CsInstruments>
<CsScore>
i 1 0 2.767
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

Transformation and Distortion

*N�GENERAL
�THE�TRANSFORMATION�OF�SOUND�IN�APPLYING�WAVESHAPING�DEPENDS�ON�THE�TRANSFER
FUNCTION��5HE�FOLLOWING�EXAMPLE�APPLIES�AT�FIRST�A�TABLE�WHICH�DOES�NOT�CHANGE�THE�SOUND
AT�ALL
�BECAUSE�THE�FUNCTION�JUST�SAYSy = x��5HE�SECOND�ONE�LEADS�AREADY�TO�A�HEAVY
DISTORTION
�THOUGH��JUST��THE�SAMPLES�BETWEEN�AN�AMPLITUDE�OF������AND������ARE�ERASED�
5ABLES���TO���APPLY�SOME�CHEBYCHEV�FUNCTIONS�WHICH�ARE�WELL�KNOWN�FROM�WAVESHAPING
SYNTHESIS��'INALLY
�TABLES���AND���APPROVE�THAT�EVEN�A�MEANINGFUL�SENTENCE�AND�A�NICE
MUSIC�CAN�REGARDED�AS�NOISE����

EXAMPLE 05F03_Wvshp_different_transfer_funs.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

giNat   ftgen 1, 0, 2049, -7, -1, 2048, 1
giDist  ftgen 2, 0, 2049, -7, -1, 1024, -.1, 0, .1, 1024, 1
giCheb1 ftgen 3, 0, 513, 3, -1, 1, 0, 1
giCheb2 ftgen 4, 0, 513, 3, -1, 1, -1, 0, 2
giCheb3 ftgen 5, 0, 513, 3, -1, 1, 0, 3, 0, 4
giCheb4 ftgen 6, 0, 513, 3, -1, 1, 1, 0, 8, 0, 4
giCheb5 ftgen 7, 0, 513, 3, -1, 1, 3, 20, -30, -60, 32, 48
giFox   ftgen 8, 0, -121569, 1, "fox.wav", 0, 0, 1
giGuit  ftgen 9, 0, -235612, 1, "ClassGuit.wav", 0, 0, 1

instr 1
iTrnsFnc  =         p4
kEnv      linseg    0, .01, 1, p3-.2, 1, .01, 0
aL, aR    soundin   "ClassGuit.wav"
aIndxL    =         (aL + 1) / 2



aWavShpL  tablei    aIndxL, iTrnsFnc, 1
aIndxR    =         (aR + 1) / 2
aWavShpR  tablei    aIndxR, iTrnsFnc, 1

outs      aWavShpL*kEnv, aWavShpR*kEnv
endin

</CsInstruments>
<CsScore>
i 1 0 7 1 ;natural though waveshaping
i 1 + . 2 ;rather heavy distortion
i 1 + . 3 ;chebychev for 1st partial
i 1 + . 4 ;chebychev for 2nd partial
i 1 + . 5 ;chebychev for 3rd partial
i 1 + . 6 ;chebychev for 4th partial
i 1 + . 7 ;after dodge/jerse p.136
i 1 + . 8 ;fox
i 1 + . 9 ;guitar
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

*NSTEAD�OF�USING�THE��SELF�BUILT��METHOD�WHICH�HAS�BEEN�DESCRIBED�HERE
�YOU�CAN�USE�THE
$SOUND�OPCODEDISTORT��*T�PERFORMS�THE�ACTUAL�WAVESHAPING�PROCESS�AND�GIVES�A�NICE

CONTROL�ABOUT�THE�AMOUNT�OF�DISTORTION�IN�THEkdistPARAMETER��)ERE�IS�A�SIMPLE�EXAMPLE��

EXAMPLE 05F04_distort.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
sr     = 44100
ksmps  = 32
nchnls = 2
0dbfs  = 1

gi1 ftgen 1,0,257,9,.5,1,270 ;sinoid (also the next)
gi2 ftgen 2,0,257,9,.5,1,270,1.5,.33,90,2.5,.2,270,3.5,.143,90
gi3 ftgen 3,0,129,7,-1,128,1 ;actually natural
gi4 ftgen 4,0,129,10,1 ;sine
gi5 ftgen 5,0,129,10,1,0,1,0,1,0,1,0,1 ;odd partials
gi6 ftgen 6,0,129,21,1 ;white noise
gi7 ftgen 7,0,129,9,.5,1,0 ;half sine
gi8 ftgen 8,0,129,7,1,64,1,0,-1,64,-1 ;square wave

instr 1
ifn       =         p4
ivol      =         p5
kdist     line      0, p3, 1 ;increase the distortion over p3
aL, aR    soundin   "ClassGuit.wav"
aout1     distort   aL, kdist, ifn
aout2     distort   aR, kdist, ifn

outs      aout1*ivol, aout2*ivol
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endin
</CsInstruments>
<CsScore>
i 1 0 7 1 1
i . + . 2 .3
i . + . 3 1
i . + . 4 .5
i . + . 5 .15
i . + . 6 .04
i . + . 7 .02
i . + . 8 .02
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

�� 5HIS�IS�THE�SAME�FOR�(RANULAR�4YNTHESIS�WHICH�CAN�EITHER�BE��PURE��SYNTHESIS�OR

APPLIED�SO�SAMPLED�SOUND�?

�� )AVE�A�LOOK�AT�*AIN�.C$URDY�S�3EALTIME�EXAMPLE�	WHICH�HAS�ALSO�BEEN�PORTED�TO
$SOUND2T�BY�3ENa�+OPI
�FOR��DISTORT��FOR�A�MORE�INTERACTIVE�EXPLORATION�OF�THE

OPCODE�?
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GRANULAR SYNTHESIS
5HIS�CHAPTER�WILL�FOCUS�UPON�GRANULAR�SYNTHESIS�USED�AS�A�%41�TECHNIQUE�UPON�RECORDED
SOUND�FILES�AND�WILL�INTRODUCE�TECHNIQUES�INCLUDING�TIME�STRETCHING
�TIME�COMPRESSING�AND
PITCH�SHIFTING��5HE�EMPHASIS�WILL�BE�UPON�ASYNCHRONOUS�GRANULATION��'OR�AN�INTRODUCTION
TO�SYNCHRONOUS�GRANULAR�SYNTHESIS�USING�SIMPLE�WAVEFORMS�PLEASE�REFER�TO�CHAPTER���'�

$SOUND�OFFERS�A�WIDE�RANGE�OF�OPCODES�FOR�SOUND�GRANULATION��&ACH�HAS�ITS�OWN�STRENGTHS
AND�WEAKNESSES�AND�SUITABILITY�FOR�A�PARTICULAR�TASK��4OME�ARE�EASIER�TO�USE�THAN�OTHERS

SOME
�SUCH�ASGRANULEANDPARTIKKEL
�ARE�EXTREMELY�COMPLEX�AND�ARE
�AT�LEAST�IN�TERMS�OF
THE�NUMBER�OF�INPUT�ARGUMENTS�THEY�DEMAND
�AMONGST�$SOUND�S�MOST�COMPLEX�OPCODES�

SNDWARP - TIME STRETCHING AND PITCH
SHIFTING

SNDWARP�MAY�NOT�BE�$SOUND�S�NEWEST�OR�MOST�ADVANCED�OPCODE�FOR�SOUND�GRANULATION�BUT
IT�IS�QUITE�EASY�TO�USE�AND�IS�CERTAINLY�UP�TO�THE�TASK�OF�TIME�STRETCHING�AND�PITCH�SHIFTING�
SNDWARP�HAS�TWO�MODES�BY�WHICH�WE�CAN�MODULATE�TIME�STRETCHING�CHARACTERISTICS
�ONE�IN
WHICH�WE�DEFINE�A��STRETCH�FACTOR�
�A�VALUE�OF���DEFINING�A�STRETCH�TO�TWICE�THE�NORMAL
LENGTH
�AND�THE�OTHER�IN�WHICH�WE�DIRECTLY�CONTROL�A�POINTER�INTO�THE�FILE��5HE�FOLLOWING
EXAMPLE�USES�SNDWARP�S�FIRST�MODE�TO�PRODUCE�A�SEQUENCE�OF�TIME�STRETCHES�AND�PITCH
SHIFTS��"N�OVERVIEW�OF�EACH�PROCEDURE�WILL�BE�PRINTED�TO�THE�TERMINAL�AS�IT�OCCURS�
SNDWARP�DOES�NOT�ALLOW�FOR�K�RATE�MODULATION�OF�GRAIN�SIZE�OR�DENSITY�SO�FOR�THIS�LEVEL�WE
NEED�TO�LOOK�ELSEWHERE�

:OU�WILL�NEED�TO�MAKE�SURE�THAT�A�SOUND�FILE�IS�AVAILABLE�TO�SNDWARP�VIA�A�(&/��
FUNCTION�TABLE��:OU�CAN�REPLACE�THE�ONE�USED�IN�THIS�EXAMPLE�WITH�ONE�OF�YOUR�OWN�BY
REPLACING�THE�REFERENCE�TO��$LASSICAL(UITAR�WAV���5HIS�SOUND�FILE�IS�STEREO�THEREFORE
INSTRUMENT���USES�THE�STEREO�VERSION�OF�SNDWARP���SNDWARPST���"�MISMATCH�BETWEEN�THE
NUMBER�OF�CHANNELS�IN�THE�SOUND�FILE�AND�THE�VERSION�OF�SNDWARP�USED�WILL�RESULT�IN
PLAYBACK�AT�AN�UNEXPECTED�PITCH��:OU�WILL�ALSO�NEED�TO�GIVE�(&/���AN�APPROPRIATE�SIZE
THAT�WILL�BE�ABLE�TO�CONTAIN�YOUR�CHOSEN�SOUND�FILE��:OU�CAN�CALCULATE�THE�TABLE�SIZE�YOU
WILL�NEED�BY�MULTIPLYING�THE�DURATION�OF�THE�SOUND�FILE�	IN�SECONDS
�BY�THE�SAMPLE�RATE��
FOR�STEREO�FILES�THIS�VALUE�SHOULD�BE�DOUBLED���AND�THEN�CHOOSE�THE�NEXT�POWER�OF���ABOVE
THIS�VALUE��:OU�CAN�DOWNLOAD�THE�SAMPLE�USED�IN�THE�EXAMPLE�AT
HTTP���WWW�IAINMCCURDY�ORG�CSOUNDREALTIMEEXAMPLES�SOURCEMATERIALS�
$LASSICAL(UITAR�WAV�

SNDWARP�DESCRIBES�GRAIN�SIZE�AS��WINDOW�SIZE��AND�IT�IS�DEFINED�IN�SAMPLES�SO�THEREFORE�A
WINDOW�SIZE�OF�������MEANS�THAT�GRAINS�WILL�LAST�FOR��S�EACH�	WHEN�SAMPLE�RATE�IS�SET�AT
�����
��8INDOW�SIZE�RANDOMIZATION�	IRANDW
�ADDS�A�RANDOM�NUMBER�WITHIN�THAT�RANGE�TO
THE�DURATION�OF�EACH�GRAIN��"S�THESE�TWO�PARAMETERS�ARE�CLOSELY�RELATED�IT�IS�SOMETIME
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USEFUL�TO�SET�IRANDW�TO�BE�A�FRACTION�OF�WINDOW�SIZE��*F�IRANDW�IS�SET�TO�ZERO�WE�WILL�GET
ARTEFACTS�ASSOCIATED�WITH�SYNCHRONOUS�GRANULAR�SYNTHESIS�

SNDWARP�	ALONG�WITH�MANY�OF�$SOUND�S�OTHER�GRANULAR�SYNTHESIS�OPCODES
�REQUIRES�US�TO
SUPPLY�IT�WITH�A�WINDOW�FUNCTION�IN�THE�FORM�OF�A�FUNCTION�TABLE�ACCORDING�TO�WHICH�IT
WILL�APPLY�AN�AMPLITUDE�ENVELOPE�TO�EACH�GRAIN��#Y�USING�DIFFERENT�FUNCTION�TABLES�WE�CAN
ALTERNATIVELY�CREATE�SOFTER�GRAINS�WITH�GRADUAL�ATTACKS�AND�DECAYS�	AS�IN�THIS�EXAMPLE


WITH�MORE�OF�A�PERCUSSIVE�CHARACTER�	SHORT�ATTACK
�LONG�DECAY
�OR��GATE��LIKE�	SHORT�ATTACK

LONG�SUSTAIN
�SHORT�DECAY
�

EXAMPLE 05G01_sndwarp.csd

<CsoundSynthesizer>

<CsOptions>
-odac -m0
; activate real-time audio output and suppress printing
</CsOptions>

<CsInstruments>
; example written by Iain McCurdy

sr = 44100
ksmps = 16
nchnls = 2
0dbfs = 1

; waveform used for granulation
giSound  ftgen 1,0,2097152,1,"ClassGuit.wav",0,0,0

; window function - used as an amplitude envelope for each grain
; (first half of a sine wave)
giWFn   ftgen 2,0,16384,9,0.5,1,0

instr 1
kamp        =          0.1
ktimewarp   expon      p4,p3,p5  ; amount of time stretch, 1=none 2=double
kresample   line       p6,p3,p7  ; pitch change 1=none 2=+1oct
ifn1        =          giSound   ; sound file to be granulated
ifn2        =          giWFn     ; window shaped used to envelope every grain
ibeg        =          0
iwsize      =          3000      ; grain size (in sample)
irandw      =          3000      ; randomization of grain size range
ioverlap    =          50        ; density
itimemode   =          0         ; 0=stretch factor 1=pointer

prints     p8        ; print a description
aSigL,aSigR sndwarpst  kamp,ktimewarp,kresample,ifn1,ibeg, \

iwsize,irandw,ioverlap,ifn2,itimemode
outs       aSigL,aSigR

endin

</CsInstruments>



<CsScore>
;p3 = stretch factor begin / pointer location begin
;p4 = stretch factor end / pointer location end
;p5 = resample begin (transposition)
;p6 = resample end (transposition)
;p7 = procedure description
;p8 = description string
; p1 p2   p3 p4 p5  p6    p7    p8
i 1  0    10 1  1   1     1     "No time stretch. No pitch shift."
i 1  10.5 10 2  2   1     1     "%nTime stretch x 2."
i 1  21   20 1  20  1     1     \

"%nGradually increasing time stretch factor from x 1 to x 20."
i 1  41.5 10 1  1   2     2     "%nPitch shift x 2 (up 1 octave)."
i 1  52   10 1  1   0.5   0.5   "%nPitch shift x 0.5 (down 1 octave)."
i 1  62.5 10 1  1   4     0.25  \

"%nPitch shift glides smoothly from 4 (up 2 octaves) to 0.25 (down 2 octaves)."
i 1  73   15 4  4   1     1     \
"%nA chord containing three transpositions: unison, +5th, +10th. (x4 time stretch.)"
i 1  73   15 4  4   [3/2] [3/2] ""
i 1  73   15 4  4   3     3     ""
e
</CsScore>

</CsoundSynthesizer>

5HE�NEXT�EXAMPLE�USES�SNDWARP�S�OTHER�TIMESTRETCH�MODE�WITH�WHICH�WE�EXPLICITLY�DEFINE
A�POINTER�POSITION�FROM�WHERE�IN�THE�SOURCE�FILE�GRAINS�SHALL�BEGIN��5HIS�METHOD�ALLOWS�US
MUCH�GREATER�FREEDOM�WITH�HOW�A�SOUND�WILL�BE�TIME�WARPED��WE�CAN�EVEN�FREEZE
MOVEMENT�AN�GO�BACKWARDS�IN�TIME���SOMETHING�THAT�IS�NOT�POSSIBLE�WITH�TIMESTRETCHING
MODE�

5HIS�EXAMPLE�IS�SELF�GENERATIVE�IN�THAT�INSTRUMENT��
�THE�INSTRUMENT�THAT�ACTUALLY�CREATES
THE�GRANULAR�SYNTHESIS�TEXTURES
�IS�REPEATEDLY�TRIGGERED�BY�INSTRUMENT����*NSTRUMENT���IS
TRIGGERED�ONCE�EVERY�����S�AND�THESE�NOTES�THEN�LAST�FOR���S�EACH�SO�WILL�OVERLAP�
*NSTRUMENT���IS�PLAYED�FROM�THE�SCORE�FOR���HOUR�SO�THIS�ENTIRE�PROCESS�WILL�LAST�THAT�LENGTH
OF�TIME��.ANY�OF�THE�PARAMETERS�OF�GRANULATION�ARE�CHOSEN�RANDOMLY�WHEN�A�NOTE�BEGINS
SO�THAT�EACH�NOTE�WILL�HAVE�UNIQUE�CHARACTERISTICS��5HE�TIMESTRETCH�IS�CREATED�BY�ALINE
FUNCTION��THE�START�AND�END�POINTS�OF�WHICH�ARE�DEFINED�RANDOMLY�WHEN�THE�NOTE�BEGINS�
(RAIN�WINDOW�SIZE�AND�WINDOW�SIZE�RANDOMIZATION�ARE�DEFINED�RANDOMLY�WHEN�A�NOTE
BEGINS���NOTES�WITH�SMALLER�WINDOW�SIZES�WILL�HAVE�A�FUZZY�AIRY�QUALITY�WHERES�NOTES�WITH
A�LARGER�WINDOW�SIZE�WILL�PRODUCE�A�CLEARER�TONE��&ACH�NOTE�WILL�BE�RANDOMLY�TRANSPOSED
	WITHIN�A�RANGE�OF�������OCTAVES
�BUT�THAT�TRANSPOSITION�WILL�BE�QUANTIZED�TO�A�ROUNDED
NUMBER�OF�SEMITONES���THIS�IS�DONE�AS�A�RESPONSE�TO�THE�EQUALLY�TEMPERED�NATURE�OF�SOURCE
SOUND�MATERIAL�USED�

&ACH�ENTIRE�NOTE�IS�ENVELOPED�BY�AN�AMPLITUDE�ENVELOPE�AND�A�RESONANT�LOWPASS�FILTER�IN
EACH�CASE�ENCASING�EACH�NOTE�UNDER�A�SMOOTH�ARC��'INALLY�A�SMALL�AMOUNT�OF�REVERB�IS
ADDED�TO�SMOOTH�THE�OVERALL�TEXTURE�SLIGHTLY

EXAMPLE 05G02_selfmade_grain.csd
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<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>
;example written by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

; the name of the sound file used is defined as a string variable -
; - as it will be used twice in the code.
; This simplifies adapting the orchestra to use a different sound file
gSfile = "ClassGuit.wav"

; waveform used for granulation
giSound  ftgen 1,0,2097152,1,gSfile,0,0,0

; window function - used as an amplitude envelope for each grain
giWFn   ftgen 2,0,16384,9,0.5,1,0

seed 0 ; seed the random generators from the system clock
gaSendL init 0  ; initialize global audio variables
gaSendR init 0

instr 1 ; triggers instrument 2
ktrigger  metro   0.08         ;metronome of triggers. One every 12.5s
schedkwhen ktrigger,0,0,2,0,40 ;trigger instr. 2 for 40s

endin

instr 2 ; generates granular synthesis textures
;define the input variables
ifn1        =          giSound
ilen        =          nsamp(ifn1)/sr
iPtrStart   random     1,ilen-1
iPtrTrav    random     -1,1
ktimewarp   line       iPtrStart,p3,iPtrStart+iPtrTrav
kamp        linseg     0,p3/2,0.2,p3/2,0
iresample   random     -24,24.99
iresample   =          semitone(int(iresample))
ifn2        =          giWFn
ibeg        =          0
iwsize      random     400,10000
irandw      =          iwsize/3
ioverlap    =          50
itimemode   =          1
; create a stereo granular synthesis texture using sndwarp
aSigL,aSigR sndwarpst  kamp,ktimewarp,iresample,ifn1,ibeg,\

iwsize,irandw,ioverlap,ifn2,itimemode
; envelope the signal with a lowpass filter
kcf         expseg     50,p3/2,12000,p3/2,50
aSigL       moogvcf2    aSigL, kcf, 0.5



aSigR       moogvcf2    aSigR, kcf, 0.5
; add a little of our audio signals to the global send variables -
; - these will be sent to the reverb instrument (2)
gaSendL     =          gaSendL+(aSigL*0.4)
gaSendR     =          gaSendR+(aSigR*0.4)

outs       aSigL,aSigR
endin

instr 3 ; reverb (always on)
aRvbL,aRvbR reverbsc   gaSendL,gaSendR,0.85,8000

outs       aRvbL,aRvbR
;clear variables to prevent out of control accumulation

clear      gaSendL,gaSendR
endin

</CsInstruments>

<CsScore>
; p1 p2 p3
i 1  0  3600 ; triggers instr 2
i 3  0  3600 ; reverb instrument
e
</CsScore>

</CsoundSynthesizer>

GRANULE - CLOUDS OF SOUND

5HEGRANULEOPCODE�IS�ONE�OF�$SOUND�S�MOST�COMPLEX�OPCODES�REQUIRING�UP�TO����INPUT
ARGUMENTS�IN�ORDER�TO�FUNCTION��0NLY�A�FEW�OF�THESE�ARGUMENTS�ARE�AVAILABLE�DURING
PERFORMANCE�	K�RATE
�SO�IT�IS�LESS�WELL�SUITED�FOR�REAL�TIME�MODULATION
�FOR�REAL�TIME�A
MORE�NIMBLE�IMPLEMENTATION�SUCH�ASSYNCGRAIN
 FOG
�ORGRAIN�WOULD�BE
RECOMMENDED�'OR�MORE�COMPLEXREALTIME�GRANULAR�TECHNIQUES
�THEPARTIKKELOPCODE�CAN
BE�USED��5HE�GRANULE�OPCODE�AS�USED�HERE
�PROVES�ITSELF�IDEALLY�SUITED�AT�THE�PRODUCTION�OF
MASSIVE�CLOUDS�OF�GRANULATED�SOUND�IN�WHICH�INDIVIDUAL�GRAINS�ARE�OFTEN�COMPLETED
INDISTINGUISHABLE��5HERE�ARE�STILL�TWO�IMPORTANT�K�RATE�VARIABLES�THAT�HAVE�A�POWERFUL
EFFECT�ON�THE�TEXTURE�CREATED�WHEN�THEY�ARE�MODULATED�DURING�A�NOTE
�THEY�ARE��GRAIN�GAP��
EFFECTIVELY�DENSITY���AND�GRAIN�SIZE�WHICH�WILL�AFFECT�THE�CLARITY�OF�THE�TEXTURE���TEXTURES
WITH�SMALLER�GRAINS�WILL�SOUND�FUZZIER�AND�AIRIER
�TEXTURES�WITH�LARGER�GRAINS�WILL�SOUND
CLEARER��*N�THE�FOLLOWING�EXAMPLETRANSEGENVELOPES�MOVE�THE�GRAIN�GAP�AND�GRAIN�SIZE
PARAMETERS�THROUGH�A�VARIETY�OF�DIFFERENT�STATES�ACROSS�THE�DURATION�OF�EACH�NOTE�

8ITH�GRANULE�WE�DEFINE�A�NUMBER�A�GRAIN�STREAMS�FOR�THE�OPCODE�USING�ITS��IVOICE��INPUT
ARGUMENT��5HIS�WILL�ALSO�HAVE�AN�EFFECT�ON�THE�DENSITY�OF�THE�TEXTURE�PRODUCED��-IKE
SNDWARP�S�FIRST�TIMESTRETCHING�MODE
�GRANULE�ALSO�HAS�A�STRETCH�RATIO�PARAMETER�
$ONFUSINGLY�IT�WORKS�THE�OTHER�WAY�AROUND�THOUGH
�A�VALUE�OF�����WILL�SLOW�MOVEMENT
THROUGH�THE�FILE�BY����
���WILL�DOUBLE�IS�AND�SO�ON��*NCREASING�GRAIN�GAP�WILL�ALSO�SLOW
PROGRESS�THROUGH�THE�SOUND�FILE��GRANULE�ALSO�PROVIDES�UP�TO�FOUR�PITCH�SHIFT�VOICES�SO�THAT
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WE�CAN�CREATE�CHORD�LIKE�STRUCTURES�WITHOUT�HAVING�TO�USE�MORE�THAN�ONE�ITERATION�OF�THE
OPCODE��8E�DEFINE�THE�NUMBER�OF�PITCH�SHIFTING�VOICES�WE�WOULD�LIKE�TO�USE�USING�THE
�IPSHIFT��PARAMETER��*F�THIS�IS�GIVEN�A�VALUE�OF�ZERO
�ALL�PITCH�SHIFTING�INTERVALS�WILL�BE
IGNORED�AND�GRAIN�BY�GRAIN�TRANSPOSITIONS�WILL�BE�CHOSEN�RANDOMLY�WITHIN�THE�RANGE�����
OCTAVE��GRANULE�CONTAINS�BUILT�IN�RANDOMIZING�FOR�SEVERAL�OF�IT�PARAMETERS�IN�ORDER�TO
EASIER�FACILITATE�ASYNCHRONOUS�GRANULAR�SYNTHESIS��*N�THE�CASE�OF�GRAIN�GAP�AND�GRAIN�SIZE
RANDOMIZATION�THESE�ARE�DEFINED�AS�PERCENTAGES�BY�WHICH�TO�RANDOMIZE�THE�FIXED�VALUES�

6NLIKE�$SOUND�S�OTHER�GRANULAR�SYNTHESIS�OPCODES
�GRANULE�DOES�NOT�USE�A�FUNCTION�TABLE
TO�DEFINE�THE�AMPLITUDE�ENVELOPE�FOR�EACH�GRAIN
�INSTEAD�ATTACK�AND�DECAY�TIMES�ARE
DEFINED�AS�PERCENTAGES�OF�THE�TOTAL�GRAIN�DURATION�USING�INPUT�ARGUMENTS��5HE�SUM�OF
THESE�TWO�VALUES�SHOULD�TOTAL�LESS�THAN�����

'IVE�NOTES�ARE�PLAYED�BY�THIS�EXAMPLE��8HILE�EACH�NOTE�EXPLORES�GRAIN�GAP�AND�GRAIN�SIZE
IN�THE�SAME�WAY�EACH�TIME
�DIFFERENT�PERMUTATIONS�FOR�THE�FOUR�PITCH�TRANSPOSITIONS�ARE
EXPLORED�IN�EACH�NOTE��*NFORMATION�ABOUT�WHAT�THESE�TRANSPOSITIONS�ARE
�ARE�PRINTED�TO�THE
TERMINAL�AS�EACH�NOTE�BEGINS�

EXAMPLE 05G03_granule.csd

<CsoundSynthesizer>

<CsOptions>
-odac -m0
; activate real-time audio output and suppress note printing
</CsOptions>

<CsInstruments>
; example written by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

;waveforms used for granulation
giSoundL ftgen 1,0,1048576,1,"ClassGuit.wav",0,0,1
giSoundR ftgen 2,0,1048576,1,"ClassGuit.wav",0,0,2

seed 0; seed the random generators from the system clock
gaSendL init 0
gaSendR init 0

instr 1 ; generates granular synthesis textures
prints     p9

;define the input variables
kamp        linseg     0,1,0.1,p3-1.2,0.1,0.2,0
ivoice      =          64
iratio      =          0.5
imode       =          1
ithd        =          0



ipshift     =          p8
igskip      =          0.1
igskip_os   =          0.5
ilength     =          nsamp(giSoundL)/sr
kgap        transeg    0,20,14,4,       5,8,8,     8,-10,0,    15,0,0.1
igap_os     =          50
kgsize      transeg    0.04,20,0,0.04,  5,-4,0.01, 8,0,0.01,   15,5,0.4
igsize_os   =          50
iatt        =          30
idec        =          30
iseedL      =          0
iseedR      =          0.21768
ipitch1     =          p4
ipitch2     =          p5
ipitch3     =          p6
ipitch4     =          p7
;create the granular synthesis textures; one for each channel
aSigL  granule  kamp,ivoice,iratio,imode,ithd,giSoundL,ipshift,igskip,\

igskip_os,ilength,kgap,igap_os,kgsize,igsize_os,iatt,idec,iseedL,\
ipitch1,ipitch2,ipitch3,ipitch4

aSigR  granule  kamp,ivoice,iratio,imode,ithd,giSoundR,ipshift,igskip,\
igskip_os,ilength,kgap,igap_os,kgsize,igsize_os,iatt,idec,iseedR,\
ipitch1,ipitch2,ipitch3,ipitch4

;send a little to the reverb effect
gaSendL     =          gaSendL+(aSigL*0.3)
gaSendR     =          gaSendR+(aSigR*0.3)

outs       aSigL,aSigR
endin

instr 2 ; global reverb instrument (always on)
; use reverbsc opcode for creating reverb signal
aRvbL,aRvbR reverbsc   gaSendL,gaSendR,0.85,8000

outs       aRvbL,aRvbR
;clear variables to prevent out of control accumulation

clear      gaSendL,gaSendR
endin

</CsInstruments>

<CsScore>
; p4 = pitch 1
; p5 = pitch 2
; p6 = pitch 3
; p7 = pitch 4
; p8 = number of pitch shift voices (0=random pitch)
; p1 p2  p3   p4  p5    p6    p7    p8    p9
i 1  0   48   1   1     1     1     4    "pitches: all unison"
i 1  +   .    1   0.5   0.25  2     4    \

"%npitches: 1(unison) 0.5(down 1 octave) 0.25(down 2 octaves) 2(up 1 octave)"
i 1  +   .    1   2     4     8     4    "%npitches: 1 2 4 8"
i 1  +   .    1   [3/4] [5/6] [4/3] 4    "%npitches: 1 3/4 5/6 4/3"
i 1  +   .    1   1     1     1     0    "%npitches: all random"

i 2 0 [48*5+2]; reverb instrument
e
</CsScore>



</CsoundSynthesizer>

GRAIN DELAY EFFECT

(RANULAR�TECHNIQUES�CAN�BE�USED�TO�IMPLEMENT�A�FLEXIBLE�DELAY�EFFECT
�WHERE�WE�CAN�DO
TRANSPOSITION
�TIME�MODIFICATION�AND�DISINTEGRATION�OF�THE�SOUND�INTO�SMALL�PARTICLES
�ALL
WITHIN�THE�DELAY�EFFECT�ITSELF��5O�IMPLEMENT�THIS�EFFECT
�WE�RECORD�LIVE�AUDIO�INTO�A�BUFFER
	$SOUND�TABLE

�AND�LET�THE�GRANULAR�SYNTHESIZER�GENERATOR�READ�SOUND�FOR�THE�GRAINS�FROM
THIS�BUFFER��8E�NEED�A�GRANULAR�SYNTHESIZER�THAT�ALLOWS�MANUAL�CONTROL�OVER�THE�READ�START
POINT�FOR�EACH�GRAIN
�SINCE�THE�RELATIONSHIP�BETWEEN�THE�WRITE�POSITION�AND�THE�READ
POSITION�IN�THE�BUFFER�DETERMINES�THE�DELAY�TIME��8E�VE�USED�THE�FOF��OPCODE�FOR�THIS
PURPOSE�HERE�

EXAMPLE 05G04_grain_delay.csd

<CsoundSynthesizer>
<CsOptions>
; activate real-time audio output and suppress note printing
-odac -d -m128
</CsOptions>

<CsInstruments>
;example by Oeyvind Brandtsegg

sr = 44100
ksmps = 512
nchnls = 2
0dbfs = 1

; empty table, live audio input buffer used for granulation
giTablen  = 131072
giLive    ftgen 0,0,giTablen,2,0

; sigmoid rise/decay shape for fof2, half cycle from bottom to top
giSigRise ftgen 0,0,8192,19,0.5,1,270,1

; test sound
giSample  ftgen 0,0,524288,1,"fox.wav", 0,0,0

instr 1
; test sound, replace with live input

a1      loscil 1, 1, giSample, 1
outch 1, a1

chnmix a1, "liveAudio"
endin

instr 2
; write live input to buffer (table)

a1      chnget "liveAudio"
gkstart tablewa giLive, a1, 0
if gkstart < giTablen goto end



gkstart = 0
end:
a0      = 0

chnset a0, "liveAudio"
endin

instr 3
; delay parameters

kDelTim = 0.5                        ; delay time in seconds (max 2.8 seconds)
kFeed   = 0.8

; delay time random dev
kTmod          = 0.2
kTmod   rnd31 kTmod, 1
kDelTim = kDelTim+kTmod

; delay pitch random dev
kFmod   linseg 0, 1, 0, 1, 0.1, 2, 0, 1, 0
kFmod          rnd31 kFmod, 1

; grain delay processing
kamp          = ampdbfs(-8)
kfund   = 25 ; grain rate
kform   = (1+kFmod)*(sr/giTablen) ; grain pitch transposition
koct    = 0
kband   = 0
kdur    = 2.5 / kfund ; duration relative to grain rate
kris    = 0.5*kdur
kdec    = 0.5*kdur
kphs    = (gkstart/giTablen)-(kDelTim/(giTablen/sr)) ; calculate grain phase based on delay time
kgliss  = 0
a1     fof2 1, kfund, kform, koct, kband, kris, kdur, kdec, 100, \

giLive, giSigRise, 86400, kphs, kgliss
outch     2, a1*kamp
chnset a1*kFeed, "liveAudio"

endin

</CsInstruments>
<CsScore>
i 1 0 20
i 2 0 20
i 3 0 20
e
</CsScore>
</CsoundSynthesizer>

*N�THE�LAST�EXAMPLE�WE�WILL�USE�THEGRAINOPCODE��5HIS�OPCODE�IS�PART�OF�A�LITTLE�GROUP�OF
OPCODES�WHICH�ALSO�INCLUDESGRAIN�ANDGRAIN�� Grain IS�THE�OLDEST�OPCODE
Grain2 IS�A
MORE�EASY�TO�USE�OPCODE
�WHILEGrain3 OFFERS�MORE�CONTROL�

EXAMPLE 05G05_grain.csd

<CsoundSynthesizer>
<CsOptions>

-o dac -d
</CsOptions>
<CsInstruments>

http://www.csounds.com/manual/html/grain.html
http://www.csounds.com/manual/html/grain2.html
http://www.csounds.com/manual/html/grain3.html


; Example by Bj¿rn Houdorf, february 2013

sr     = 44100
ksmps  = 128
nchnls = 2
0dbfs  = 1

; First we hear each grain, but later on it sounds more like a drum roll.
; If your computer have problems with running this CSD-file in real-time,
; you can render to a soundfile. Just write "-o filename" in the <CsOptions>,
; instead of "-o dac"
gareverbL  init       0
gareverbR  init       0
giFt1      ftgen      0, 0, 1025, 20, 2, 1 ; GEN20, Hanning window for grain envelope
; The soundfile(s) you use should be in the same folder as your csd-file
; The soundfile "fox.wav" can be downloaded at http://csound-tutorial.net/node/1/58
giFt2      ftgen      0, 0, 524288, 1, "fox.wav", 0, 0, 0
; Instead you can use your own soundfile(s)

instr 1 ; Granular synthesis of soundfile
ipitch     =          sr/ftlen(giFt2) ; Original frequency of the input sound
kdens1     expon      3, p3, 500
kdens2     expon      4, p3, 400
kdens3     expon      5, p3, 300
kamp       line       1, p3, 0.05
a1         grain      1, ipitch, kdens1, 0, 0, 1, giFt2, giFt1, 1
a2         grain      1, ipitch, kdens2, 0, 0, 1, giFt2, giFt1, 1
a3         grain      1, ipitch, kdens3, 0, 0, 1, giFt2, giFt1, 1
aleft      =          kamp*(a1+a2)
aright     =          kamp*(a2+a3)

outs       aleft, aright ; Output granulation
gareverbL  =          gareverbL + a1+a2 ; send granulation to Instr 2 (Reverb)
gareverbR  =          gareverbR + a2+a3
endin

instr 2 ; Reverb
kkamp      line       0, p3, 0.08
aL         reverb     gareverbL, 10*kkamp ; reverberate what is in gareverbL
aR         reverb     gareverbR, 10*kkamp ; and garaverbR

outs       kkamp*aL, kkamp*aR ; and output the result
gareverbL  =          0 ; empty the receivers for the next loop
gareverbR  =          0
endin
</CsInstruments>
<CsScore>
i1 0 20 ; Granulation
i2 0 21 ; Reverb
</CsScore>
</CsoundSynthesizer>

CONCLUSION

4EVERAL�OPCODES�FOR�GRANULAR�SYNTHESIS�HAVE�BEEN�CONSIDERED�IN�THIS�CHAPTER�BUT�THIS�IS�IN
NO�WAY�MEANT�TO�SUGGEST�THAT�THESE�ARE�THE�BEST
�IN�FACT�IT�IS�STRONGLY�RECOMMENDED�TO



EXPLORE�ALL�OF�$SOUND�S�OTHER�OPCODES�AS�THEY�EACH�HAVE�THEIR�OWN�UNIQUE�CHARACTER��5HE
SYNCGRAINFAMILY�OF�OPCODES�	INCLUDING�ALSOSYNCLOOPANDDISKGRAIN
�ARE�DECEPTIVELY
SIMPLE�AS�THEIR�K�RATE�CONTROLS�ENCOURAGES�FURTHER�ABSTRACTIONS�OF�GRAIN�MANIPULATION
FOG
IS�DESIGNED�FOR�'0'�SYNTHESIS�TYPE�SYNCHRONOUS�GRANULATION�BUT�WITH�SOUND�FILES�AND
PARTIKKELOFFERS�A�COMPREHENSIVE�CONTROL�OF�GRAIN�CHARACTERISTICS�ON�A�GRAIN�BY�GRAIN�BASIS
INSPIRED�BY�$URTIS�3OADS��ENCYCLOPEDIC�BOOK�ON�GRANULAR�SYNTHESIS��.ICROSOUND��

http://www.csounds.com/manual/html/syncgrain.html
http://www.csounds.com/manual/html/syncloop.html
http://www.csounds.com/manual/html/diskgrain.html
http://www.csounds.com/manual/html/fog.html
http://www.csounds.com/manual/html/partikkel.html


CONVOLUTION
$ONVOLUTION�IS�A�MATHEMATICAL�PROCEDURE�WHEREBY�ONE�FUNCTION�IS�MODIFIED�BY�ANOTHER�
"PPLIED�TO�AUDIO
�ONE�OF�THESE�FUNCTIONS�MIGHT�BE�A�SOUND�FILE�OR�A�STREAM�OF�LIVE�AUDIO
WHILST�THE�OTHER�WILL�BE
�WHAT�IS�REFERRED�TO�AS
�AN�IMPULSE�RESPONSE�FILE��THIS�COULD
ACTUALLY�JUST�BE�ANOTHER�SHORTER�SOUND�FILE��5HE�LONGER�SOUND�FILE�OR�LIVE�AUDIO�STREAM�WILL
BE�MODIFIED�BY�THE�IMPULSE�RESPONSE�SO�THAT�THE�SOUND�FILE�WILL�BE�IMBUED�WITH�CERTAIN
QUALITIES�OF�THE�IMPULSE�RESPONSE��*T�IS�IMPORTANT�TO�BE�AWARE�THAT�CONVOLUTION�IS�A�FAR
FROM�TRIVIAL�PROCESS�AND�THAT�REALTIME�PERFORMANCE�MAY�BE�A�FREQUENT�CONSIDERATION�
&FFECTIVELY�EVERY�SAMPLE�IN�THE�SOUND�FILE�TO�BE�PROCESSED�WILL�BE�MULTIPLIED�IN�TURN�BY
EVERY�SAMPLE�CONTAINED�WITHIN�THE�IMPULSE�RESPONSE�FILE��5HEREFORE
�FOR�A���SECOND
IMPULSE�RESPONSE�AT�A�SAMPLING�FREQUENCY�OF�������HERTZ
�EACH�AND�EVERY�SAMPLE�OF�THE
INPUT�SOUND�FILE�OR�SOUND�STREAM�WILL�UNDERGO�������MULTIPLICATION�OPERATIONS�
&XPANDING�UPON�THIS�EVEN�FURTHER
�FOR���SECOND�S�WORTH�OF�A�CONVOLUTION�PROCEDURE�THIS
WILL�RESULT�IN�������X�������	OR��
���
���
���
�MULTIPLICATIONS��5HIS�SHOULD�PROVIDE
SOME�INSIGHT�INTO�THE�PROCESSING�DEMANDS�OF�A�CONVOLUTION�PROCEDURE�AND�ALSO�DRAW
ATTENTION�TO�THE�EFFICIENCY�COST�OF�USING�LONGER�IMPULSE�RESPONSE�FILES�

5HE�MOST�COMMON�APPLICATION�OF�CONVOLUTION�IN�AUDIO�PROCESSING�IS�REVERBERATION�BUT
CONVOLUTION�IS�EQUALLY�ADEPT�AT
�FOR�EXAMPLE
�IMITATING�THE�FILTERING�AND�TIME�SMEARING
CHARACTERISTICS�OF�VINTAGE�MICROPHONES
�VALVE�AMPLIFIERS�AND�SPEAKERS��*T�IS�ALSO�USED
SOMETIMES�TO�CREATE�MORE�UNUSUAL�SPECIAL�EFFECTS��5HE�STRENGTH�OF�CONVOLUTION�BASED
REVERBS�IS�THAT�THEY�IMPLEMENT�ACOUSTIC�IMITATIONS�OF�ACTUAL�SPACES�BASED�UPON
�RECORDINGS��OF�THOSE�SPACES��"LL�THE�QUIRKS�AND�NUANCES�OF�THE�ORIGINAL�SPACE�WILL�BE
RETAINED��3EVERBERATION�ALGORITHMS�BASED�UPON�NETWORKS�OF�COMB�AND�ALLPASS�FILTERS
CREATE�ONLY�IDEALISED�REVERB�RESPONSES�IMITATING�SPACES�THAT�DON�T�ACTUALLY�EXIST��5HE
IMPULSE�RESPONSE�IS�A�LITTLE�LIKE�A��FINGERPRINT��OF�THE�SPACE��*T�IS�PERHAPS�EASIER�TO
MANIPULATE�CHARACTERISTICS�SUCH�AS�REVERB�TIME�AND�HIGH�FREQUENCY�DIFFUSION�	I�E��LOWPASS
FILTERING
�OF�THE�REVERB�EFFECT�WHEN�USING�A�4CHROEDER�DERIVED�ALGORITHM�USING�COMB�AND
ALLPASS�FILTERS�BUT�MOST�OF�THESE�MODIFICATION�ARE�STILL�POSSIBLE
�IF�NOT�IMMEDIATELY
APPARENT
�WHEN�IMPLEMENTING�REVERB�USING�CONVOLUTION��5HE�QUALITY�OF�A�CONVOLUTION
REVERB�IS�LARGELY�DEPENDENT�UPON�THE�QUALITY�OF�THE�IMPULSE�RESPONSE�USED��"N�IMPULSE
RESPONSE�RECORDING�IS�TYPICALLY�ACHIEVED�BY�RECORDING�THE�REVERBERANT�TAIL�THAT�FOLLOWS�A
BURST�OF�WHITE�NOISE��1EOPLE�OFTEN�EMPLOY�TECHNIQUES�SUCH�AS�BURSTING�BALLOONS�TO�ACHIEVE
SOMETHING�APPROACHING�A�SHORT�BURST�OF�NOISE��$RUCIALLY�THE�IMPULSE�SOUND�SHOULD�NOT
EXCESSIVELY�FAVOUR�ANY�PARTICULAR�FREQUENCY�OR�EXHIBIT�ANY�SORT�OF�RESONANCE��.ORE
MODERN�TECHNIQUES�EMPLOY�A�SINE�WAVE�SWEEP�THROUGH�ALL�THE�AUDIBLE�FREQUENCIES�WHEN
RECORDING�AN�IMPULSE�RESPONSE��3ECORDED�RESULTS�USING�THIS�TECHNIQUE�WILL�NORMALLY
REQUIRE�FURTHER�PROCESSING�IN�ORDER�TO�PROVIDE�A�USABLE�IMPULSE�RESPONSE�FILE�AND�THIS
APPROACH�WILL�NORMALLY�BE�BEYOND�THE�MEANS�OF�A�BEGINNER�

.ANY�COMMERCIAL
�OFTEN�EXPENSIVE
�IMPLEMENTATIONS�OF�CONVOLUTION�EXIST�BOTH�IN�THE
FORM�OF�SOFTWARE�AND�HARDWARE�BUT�FORTUNATELY�$SOUND�PROVIDES�EASY�ACCESS�TO
CONVOLUTION�FOR�FREE��$SOUND�CURRENTLY�LISTS�SIX�DIFFERENT�OPCODES�FOR�CONVOLUTION




CONVOLVE�	CONVLE

 CROSS�
 DCONV
 FTCONV
 FTMORFANDPCONVOLVE� CONVOLVE�	CONVLE
AND
DCONVARE�EARLIER�IMPLEMENTATIONS�AND�ARE�LESS�SUITED�TO�REALTIME�OPERATION
CROSS�RELATES
TO�''5�BASED�CROSS�SYNTHESIS�ANDFTMORFIS�USED�TO�MORPH�BETWEEN�SIMILAR�SIZED�FUNCTION
TABLE�AND�IS�LESS�RELATED�TO�WHAT�HAS�BEEN�DISCUSSED�SO�FAR
�THEREFORE�IN�THIS�CHAPTER�WE
SHALL�FOCUS�UPON�JUST�TWO�OPCODES
PCONVOLVEANDFTCONV�

PCONVOLVE

PCONVOLVEIS�PERHAPS�THE�EASIEST�OF�$SOUND�S�CONVOLUTION�OPCODES�TO�USE�AND�THE�MOST
USEFUL�IN�A�REALTIME�APPLICATION��*T�USES�THE�UNIFORMLY�PARTITIONED�	HENCE�THE��P�
�OVERLAP�
SAVE�ALGORITHM�WHICH�PERMITS�CONVOLUTION�WITH�VERY�LITTLE�DELAY�	LATENCY
�IN�THE�OUTPUT
SIGNAL��5HE�IMPULSE�RESPONSE�FILE�THAT�IT�USES�IS�REFERENCED�DIRECTLY
�I�E��IT�DOES�NOT�HAVE�TO
BE�PREVIOUSLY�LOADED�INTO�A�FUNCTION�TABLE
�AND�MULTICHANNEL�FILES�ARE�PERMITTED��5HE
IMPULSE�RESPONSE�FILE�CAN�BE�ANY�STANDARD�SOUND�FILE�ACCEPTABLE�TO�$SOUND�AND�DOES�NOT
NEED�TO�BE�PRE�ANALYSED�AS�IS�REQUIRED�BYCONVOLVE��$ONVOLUTION�PROCEDURES�THROUGH�THEIR
VERY�NATURE�INTRODUCE�A�DELAY�IN�THE�OUTPUT�SIGNAL�BUTPCONVOLVEMINIMISES�THIS�USING�THE
ALGORITHM�MENTIONED�ABOVE��*T�WILL�STILL�INTRODUCE�SOME�DELAY�BUT�WE�CAN�CONTROL�THIS
USING�THE�OPCODE�S��IPARTITIONSIZE��INPUT�ARGUMENT��8HAT�VALUE�WE�GIVE�THIS�WILL�REQUIRE
SOME�CONSIDERATION�AND�PERHAPS�SOME�EXPERIMENTATION�AS�CHOOSING�A�HIGH�PARTITION�SIZE
WILL�RESULT�IN�EXCESSIVELY�LONG�DELAYS�	ONLY�AN�ISSUE�IN�REALTIME�WORK
�WHEREAS�VERY�LOW
PARTITION�SIZES�DEMAND�MORE�FROM�THE�$16�AND�TOO�LOW�A�SIZE�MAY�RESULT�IN�BUFFER�UNDER�
RUNS�AND�INTERRUPTED�REALTIME�AUDIO��#EAR�IN�MIND�STILL�THAT�REALTIME�$16�PERFORMANCE
WILL�DEPEND�HEAVILY�ON�THE�LENGTH�OF�THE�IMPULSE�FILE��5HE�PARTITION�SIZE�ARGUMENT�IS
ACTUALLY�AN�OPTIONAL�ARGUMENT�AND�IF�OMITTED�IT�WILL�DEFAULT�TO�WHATEVER�THE�SOFTWARE
BUFFER�SIZE�IS�AS�DEFINED�BY�THE��B�COMMAND�LINE�FLAG��*F�WE�SPECIFY�THE�PARTITION�SIZE
EXPLICITLY�HOWEVER
�WE�CAN�USE�THIS�INFORMATION�TO�DELAY�THE�INPUT�AUDIO�	AFTER�IT�HAS�BEEN
USED�BY�PCONVOLVE
�SO�THAT�IT�CAN�BE�REALIGNED�IN�TIME�WITH�THE�LATENCY�AFFECTED�AUDIO
OUTPUT�FROM�PCONVOLVE���THIS�WILL�BE�ESSENTIAL�IN�CREATING�A��WET�DRY��MIX�IN�A�REVERB
EFFECT��1ARTITION�SIZE�IS�DEFINED�IN�SAMPLE�FRAMES�THEREFORE�IF�WE�SPECIFY�A�PARTITION�SIZE�OF
���
�THE�DELAY�RESULTING�FROM�THE�CONVOLUTION�PROCEDURE�WILL�BE�����SR�	SAMPLE�RATE
�

*N�THE�FOLLOWING�EXAMPLE�A�MONOPHONIC�DRUM�LOOP�SAMPLE�UNDERGOES�PROCESSING�THROUGH
A�CONVOLUTION�REVERB�IMPLEMENTED�USINGPCONVOLVEWHICH�IN�TURN�USES�TWO�DIFFERENT
IMPULSE�FILES��5HE�FIRST�FILE�IS�A�MORE�CONVENTIONAL�REVERB�IMPULSE�FILE�TAKEN�IN�A�STAIRWELL
WHEREAS�THE�SECOND�IS�A�RECORDING�OF�THE�RESONANCE�CREATED�BY�STRIKING�A�TERRACOTA�BOWL
SHARPLY��*F�YOU�WISH�TO�USE�THE�THREE�SOUND�FILES�*�HAVE�USED�IN�CREATING�THIS�EXAMPLE�THE
MONO�INPUT�SOUND�FILE�ISHEREAND�THE�TWO�STEREO�SOUND�FILES�USED�AS�IMPULSE�RESPONSES
AREHEREANDHERE��:OU�CAN
�OF�COURSE
�REPLACE�THEM�WITH�ONES�OF�YOUR�OWN�BUT�REMAIN
MINDFUL�OF�MONO�STEREO�MULTICHANNEL�INTEGRITY�

EXAMPLE 05H01_pconvolve.csd

<CsoundSynthesizer>

http://www.csounds.com/manual/html/convolve.html
http://www.csounds.com/manual/html/cross2.html
http://www.csounds.com/manual/html/dconv.html
http://www.csounds.com/manual/html/ftconv.html
http://www.csounds.com/manual/html/ftmorf.html
http://www.csounds.com/manual/html/pconvolve.html
http://www.csounds.com/manual/html/convolve.html
http://www.csounds.com/manual/html/dconv.html
http://www.csounds.com/manual/html/cross2.html
http://www.csounds.com/manual/html/ftmorf.html
http://www.csounds.com/manual/html/pconvolve.html
http://www.csounds.com/manual/html/ftconv.html
http://www.csounds.com/manual/html/pconvolve.html
http://www.csounds.com/manual/html/convolve.html
http://www.csounds.com/manual/html/pconvolve.html
http://www.csounds.com/manual/html/pconvolve.html
http://www.iainmccurdy.org/CsoundRealtimeExamples/SourceMaterials/loop.wav
http://www.iainmccurdy.org/CsoundRealtimeExamples/SourceMaterials/stairwell.wav
http://www.iainmccurdy.org/CsoundRealtimeExamples/SourceMaterials/dish.wav


<CsOptions>
-odac
</CsOptions>

<CsInstruments>

sr     =  44100
ksmps  =  512
nchnls =  2
0dbfs  =  1

gasig init 0

instr 1 ; sound file player
gasig           diskin2   p4,1,0,1

endin

instr 2 ; convolution reverb
; Define partion size.
; Larger values require less CPU but result in more latency.
; Smaller values produce lower latency but may cause -
; - realtime performance issues
ipartitionsize        =          256
ar1,ar2                pconvolve gasig, p4,ipartitionsize
; create a delayed version of the input signal that will sync -
; - with convolution output
adel            delay     gasig,ipartitionsize/sr
; create a dry/wet mix
aMixL           ntrpol    adel,ar1*0.1,p5
aMixR           ntrpol    adel,ar2*0.1,p5

outs      aMixL,aMixR
gasig                =         0

endin

</CsInstruments>

<CsScore>
; instr 1. sound file player
;    p4=input soundfile
; instr 2. convolution reverb
;    p4=impulse response file
;    p5=dry/wet mix (0 - 1)

i 1 0 8.6 "loop.wav"
i 2 0 10 "Stairwell.wav" 0.3

i 1 10 8.6 "loop.wav"
i 2 10 10 "Dish.wav" 0.8
e
</CsScore>

</CsoundSynthesizer>

FTCONV



FTCONV	ABBREVIATED�FROM��FUNCTION�TABLE�CONVOLUTION
�IS�PERHAPS�SLIGHTLY�MORE
COMPLICATED�TO�USE�THANPCONVOLVEBUT�OFFERS�ADDITIONAL�OPTIONS��5HE�FACT�THATFTCONV
UTILISES�AN�IMPULSE�RESPONSE�THAT�WE�MUST�FIRST�STORE�IN�A�FUNCTION�TABLE�RATHER�THAN�DIRECTLY
REFERENCING�A�SOUND�FILE�STORED�ON�DISK�MEANS�THAT�WE�HAVE�THE�OPTION�OF�PERFORMING
TRANSFORMATIONS�UPON�THE�AUDIO�STORED�IN�THE�FUNCTION�TABLE�BEFORE�IT�IS�EMPLOYED�BY
FTCONVFOR�CONVOLUTION��5HIS�EXAMPLE�BEGINS�JUST�AS�THE�PREVIOUS�EXAMPLE��A�MONO�DRUM
LOOP�SAMPLE�IS�CONVOLVED�FIRST�WITH�A�TYPICAL�REVERB�IMPULSE�RESPONSE�AND�THEN�WITH�AN
IMPULSE�RESPONSE�DERIVED�FROM�A�TERRACOTTA�BOWL��"FTER�TWENTY�SECONDS�THE�CONTENTS�OF�THE
FUNCTION�TABLES�CONTAINING�THE�TWO�IMPULSE�RESPONSES�ARE�REVERSED�BY�CALLING�A�6%0
	INSTRUMENT��
�AND�THE�CONVOLUTION�PROCEDURE�IS�REPEATED
�THIS�TIME�WITH�A��BACKWARDS
REVERB��EFFECT��8HEN�THE�REVERSED�VERSION�IS�PERFORMED�THE�DRY�SIGNAL�IS�DELAYED�FURTHER
BEFORE�BEING�SENT�TO�THE�SPEAKERS�SO�THAT�IT�APPEARS�THAT�THE�REVERB�IMPULSE�SOUND�OCCURS�AT
THE�CULMINATION�OF�THE�REVERB�BUILD�UP��5HIS�ADDITIONAL�DELAY�IS�SWITCHED�ON�OR�OFF�VIA�P�
FROM�THE�SCORE��"S�WITH�PCONVOLVE
�FTCONV�PERFORMS�THE�CONVOLUTION�PROCESS�IN
OVERLAPPING�PARTITIONS�TO�MINIMISE�LATENCY��"GAIN�WE�CAN�MINIMISE�THE�SIZE�OF�THESE
PARTITIONS�AND�THEREFORE�THE�LATENCY�BUT�AT�THE�COST�OF�$16�EFFICIENCY��FTCONV�S
DOCUMENTATION�REFERS�TO�THIS�PARTITION�SIZE�AS��IPLEN��	PARTITION�LENGTH
��FTCONV�OFFERS�FURTHER
FACILITIES�TO�WORK�WITH�MULTICHANNEL�FILES�BEYOND�STEREO��8HEN�DOING�THIS�IT�IS�SUGGESTED
THAT�YOU�USE(&/�� WHICH�IS�DESIGNED�FOR�THIS�PURPOSE�(&/�� SEEMS�TO�WORK�FINE
�AT
LEAST�UP�TO�STEREO
�PROVIDED�THAT�YOU�DO�NOT�DEFER�THE�TABLE�SIZE�DEFINITION�	SIZE��
��8ITH
FTCONV�WE�CAN�SPECIFY�THE�ACTUAL�LENGTH�OF�THE�IMPULSE�RESPONSE���IT�WILL�PROBABLY�BE
SHORTER�THAN�THE�POWER�OF���SIZED�FUNCTION�TABLE�USED�TO�STORE�IT���AND�THIS�ACTION�WILL
IMPROVE�REALTIME�EFFICIENCY��5HIS�OPTIONAL�ARGUMENT�IS�DEFINED�IN�SAMPLE�FRAMES�AND
DEFAULTS�TO�THE�SIZE�OF�THE�IMPULSE�RESPONSE�FUNCTION�TABLE�

EXAMPLE 05H02_ftconv.csd

<CsoundSynthesizer>

<CsOptions>
-odac
</CsOptions>

<CsInstruments>

sr     =  44100
ksmps  =  512
nchnls =  2
0dbfs  =  1

; impulse responses stored as stereo GEN01 function tables
giStairwell        ftgen        1,0,131072,1,"Stairwell.wav",0,0,0
giDish                ftgen        2,0,131072,1,"Dish.wav",0,0,0

gasig init 0

; reverse function table UDO
opcode        tab_reverse,0,i

ifn             xin

http://www.csounds.com/manual/html/ftconv.html
http://www.csounds.com/manual/html/pconvolve.html
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http://www.csounds.com/manual/html/GEN52.html
http://www.csounds.com/manual/html/GEN01.html


iTabLen         =               ftlen(ifn)
iTableBuffer    ftgentmp        0,0,-iTabLen,-2, 0
icount          =               0
loop:
ival            table           iTabLen-icount-1, ifn

tableiw         ival,icount,iTableBuffer
loop_lt         icount,1,iTabLen,loop

icount          =               0
loop2:
ival            table           icount,iTableBuffer

tableiw                ival,icount,ifn
loop_lt         icount,1,iTabLen,loop2

endop

instr 3 ; reverse the contents of a function table
tab_reverse p4

endin

instr 1 ; sound file player
gasig           diskin2   p4,1,0,1

endin

instr 2 ; convolution reverb
; buffer length
iplen        =        1024
; derive the length of the impulse response
iirlen        =        nsamp(p4)
ar1,ar2        ftconv        gasig, p4, iplen,0, iirlen
; delay compensation. Add extra delay if reverse reverb is used.
adel            delay     gasig,(iplen/sr) + ((iirlen/sr)*p6)
; create a dry/wet mix
aMixL   ntrpol    adel,ar1*0.1,p5
aMixR   ntrpol    adel,ar2*0.1,p5

outs      aMixL,aMixR
gasig                =         0

endin

</CsInstruments>

<CsScore>
; instr 1. sound file player
;    p4=input soundfile
; instr 2. convolution reverb
;    p4=impulse response file
;    p5=dry/wet mix (0 - 1)
;    p6=reverse reverb switch (0=off,1=on)
; instr 3. reverse table contents
;    p4=function table number

; 'stairwell' impulse response
i 1 0 8.5 "loop.wav"
i 2 0 10 1 0.3 0

; 'dish' impulse response
i 1 10 8.5 "loop.wav"
i 2 10 10 2 0.8 0



; reverse the impulse responses
i 3 20 0 1
i 3 20 0 2

; 'stairwell' impulse response (reversed)
i 1 21 8.5 "loop.wav"
i 2 21 10 1 0.5 1

; 'dish' impulse response (reversed)
i 1 31 8.5 "loop.wav"
i 2 31 10 2 0.5 1

e
</CsScore>

</CsoundSynthesizer

4UGGESTED�AVENUES�FOR�FURTHER�EXPLORATION�WITH�FTCONV�COULD�BE�APPLYING�ENVELOPES�TO

FILTERING�AND�TIME�STRETCHING�AND�COMPRESSING�THE�FUNCTION�TABLE�STORED�IMPULSE�FILES
BEFORE�USE�IN�CONVOLUTION�

5HE�IMPULSE�RESPONSES�*�HAVE�USED�HERE�ARE�ADMITTEDLY�OF�RATHER�LOW�QUALITY�AND�WHILST�IT
IS�ALWAYS�RECOMMENDED�TO�MAINTAIN�AS�HIGH�STANDARDS�OF�SOUND�QUALITY�AS�POSSIBLE�THE
USER�SHOULD�NOT�FEEL�RESTRICTED�FROM�EXPLORING�THE�SOUND�TRANSFORMATION�POSSIBILITIES
POSSIBLE�FORM�WHATEVER�SOURCE�MATERIAL�THEY�MAY�HAVE�LYING�AROUND��.ANY�COMMERCIAL
CONVOLUTION�ALGORITHMS�DEMAND�A�PROPRIETARY�IMPULSE�RESPONSE�FORMAT�INEVITABLY�LIMITING
THE�USER�TO�USING�THE�IMPULSE�RESPONSES�PROVIDED�BY�THE�SOFTWARE�MANUFACTURERS�BUT�WITH
$SOUND�WE�HAVE�THE�FREEDOM�TO�USE�ANY�SOUND�WE�LIKE�



FOURIER TRANSFORMATION /
SPECTRAL PROCESSING
"�FOURIER�TRANSFORMATION�	'5
�IS�USED�TO�TRANSFER�AN�AUDIO�SIGNAL�FROM�TIME�DOMAIN�TO�THE
FREQUENCY�DOMAIN��5HIS�CAN
�FOR�INSTANCE
�BE�USED�TO�ANALYZE�AND�VISUALIZE�THE�SPECTRUM
OF�THE�SIGNAL�APPEARING�IN�A�CERTAIN�TIME�SPAN��'OURIER�TRANSFORM�AND�SUBSEQUENT
MANIPULATIONS�IN�THE�FREQUENCY�DOMAIN�OPEN�A�WIDE�AREA�OF�INTERESTING�SOUND
TRANSFORMATIONS
�LIKE�TIME�STRETCHING
�PITCH�SHIFTING�AND�MUCH�MORE�

HOW DOES IT WORK?

5HE�MATHEMATICIAN�+�#��'OURIER�	���������
�DEVELOPED�A�METHOD�TO�APPROXIMATE
UNKNOWN�FUNCTIONS�BY�USING�TRIGONOMETRIC�FUNCTIONS��5HE�ADVANTAGE�OF�THIS�WAS
�THAT�THE
PROPERTIES�OF�THE�TRIGONOMETRIC�FUNCTIONS�	SIN���COS
�WERE�WELL�KNOWN�AND�HELPED�TO
DESCRIBE�THE�PROPERTIES�OF�THE�UNKNOWN�FUNCTION�

*N�MUSIC
�A�FOURIER�TRANSFORMED�SIGNAL�IS�DECOMPOSED�INTO�ITS�SUM�OF�SINOIDS��*N�EASY
WORDS��'OURIER�TRANSFORM�IS�THE�OPPOSITE�OF�ADDITIVE�SYNTHESIS��*DEALLY
�A�SOUND�CAN�BE
SPLITTED�BY�'OURIER�TRANSFORMATION�INTO�ITS�PARTIAL�COMPONENTS
�AND�RESYNTHESIZED�AGAIN�BY
ADDING�THESE�COMPONENTS�

#ECAUSE�OF�SOUND�BEEING�REPRESENTED�AS�DISCRETE�SAMPLES�IN�THE�COMPUTER
�THE�COMPUTER
IMPLEMENTATION�CALCULATES�A�DISCRETE�'OURIER�TRANSFORM�	%'5
��"S�EACH�TRANSFORMATION
NEEDS�A�CERTAIN�NUMBER�OF�SAMPLES
�ONE�MAIN�DECISION�IN�PERFORMING�%'5�IS�ABOUT�THE
NUMBER�OF�SAMPLES�USED��5HE�ANALYSIS�OF�THE�FREQUENCY�COMPONENTS�IS�BETTER�THE�MORE
SAMPLES�ARE�USED�FOR�IT��#UT�AS�SAMPLES�ARE�PROGRESSION�IN�TIME
�A�CAVEAT�MUST�BE�FOUND
FOR�EACH�'5�IN�MUSIC�BETWEEN�EITHER�BETTER�TIME�RESOLUTION�	FEWER�SAMPLES
�OR�BETTER
FREQUENCY�RESOLUTION�	MORE�SAMPLES
��"�TYPICAL�VALUE�FOR�'5�IN�MUSIC�IS�TO�HAVE�ABOUT
��������SNAPSHOTS��PER�SECOND�	WHICH�CAN�BE�COMPARED�TO�THE�SINGLE�FRAMES�IN�A�FILM�OR
VIDEO
�



"T�A�SAMPLE�RATE�OF�������SAMPLES�PER�SECOND
�THESE�ARE�ABOUT����������SAMPLES�FOR�ONE
FRAME�OR�WINDOW��5HE�STANDARD�METHOD�FOR�%'5�IN�COMPUTER�MUSIC�WORKS�WITH�WINDOW
SIZES�WHICH�ARE�POWER�OF�TWO�SAMPLES�LONG
�FOR�INSTANCE����
������OR������SAMPLES��5HE
REASON�FOR�THIS�RESTRICTION�IS�THAT�%'5�FOR�THESE�POWER�OF�TWO�SIZED�FRAMES�CAN�BE
CALCULATED�MUCH�FASTER��4O�IT�IS�CALLED�'AST�'OURIER�5RANSFORM�	''5

�AND�THIS�IS�THE
STANDARD�IMPLEMENTATION�OF�THE�'OURIER�TRANSFORM�IN�AUDIO�APPLICATIONS�

HOW TO DO IT IN CSOUND?

"S�USUAL
�THERE�IS�NOT�JUST�ONE�WAY�TO�WORK�WITH�''5�AND�SPECTRAL�PROCESSING�IN�$SOUND�
5HERE�ARE�SEVERAL�FAMILIES�OF�OPCODES��&ACH�FAMILY�CAN�BE�VERY�USEFUL�FOR�A�SPECIFIC
APPROACH�OF�WORKING�IN�THE�FREQUENCY�DOMAIN��)AVE�A�LOOK�AT�THE4PECTRAL�1ROCESSING
OVERVIEW�IN�THE�$SOUND�.ANUAL��5HIS�INTRODUCTION�WILL�FOCUS�ON�THE�SO�CALLED��1HASE
7OCODER�4TREAMING��OPCODES�	ALL�THESE�OPCODES�BEGIN�WITH�THE�CHARCTERS��PVS�
�WHICH
CAME�INTO�$SOUND�BY�THE�WORK�OF�3ICHARD�%OBSON
�7ICTOR�-AZZARINI�AND�OTHERS��5HEY�ARE
DESIGNED�TO�WORK�IN�REALTIME�IN�THE�FREQUENCY�DOMAIN�IN�$SOUND��AND�INDEED�THEY�ARE�NOT
JUST�VERY�FAST�BUT�ALSO�EASIER�TO�USE�THAN�''5�IMPLEMENTATIONS�IN�SOME�OTHER�APPLICATIONS�

http://www.csounds.com/manual/html/SpectralTop.html


CHANGING FROM TIME-DOMAIN TO
FREQUENCY-DOMAIN

'OR�DEALING�WITH�SIGNALS�IN�THE�FREQUENCY�DOMAIN
�THE�PVS�OPCODES�IMPLEMENT�A�NEW
SIGNAL�TYPE
�THEf-signals��$SOUND�SHOWS�THE�TYPE�OF�A�VARIABLE�IN�THE�FIRST�LETTER�OF�ITS
NAME��&ACH�AUDIO�SIGNAL�STARTS�WITH�ANa
�EACH�CONTROL�SIGNAL�WITH�Ak
�AND�SO�EACH�SIGNAL
IN�THE�FREQUENCY�DOMAIN�USED�BY�THE�PVS�OPCODES�STARTS�WITH�ANf�

5HERE�ARE�SEVERAL�WAYS�TO�CREATE�AN�F�SIGNAL��5HE�MOST�COMMON�WAY�IS�TO�CONVERT�AN
AUDIO�SIGNAL�TO�A�FREQUENCY�SIGNAL��5HE�FIRST�EXAMPLE�COVERS�TWO�TYPICAL�SITUATIONS�

d THE�AUDIO�SIGNAL�DERIVES�FROM�PLAYING�BACK�A�SOUNDFILE�FROM�THE�HARD�DISC�	INSTR
�


d THE�AUDIO�SIGNAL�IS�THE�LIVE�INPUT�	INSTR��


	#E�CAREFUL���THE�EXAMPLE�CAN�PRODUCE�A�FEEDBACK�THREE�SECONDS�AFTER�THE�START��#EST
RESULTS�ARE�WITH�HEADPHONES�


EXAMPLE 05I01_pvsanal.csd�

<CsoundSynthesizer>
<CsOptions>
-i adc -o dac
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
;uses the file "fox.wav" (distributed with the Csound Manual)
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

;general values for fourier transform
gifftsiz  =         1024
gioverlap =         256
giwintyp  =         1 ;von hann window

instr 1 ;soundfile to fsig
asig      soundin   "fox.wav"
fsig      pvsanal   asig, gifftsiz, gioverlap, gifftsiz*2, giwintyp
aback     pvsynth   fsig

outs      aback, aback
endin

instr 2 ;live input to fsig
prints    "LIVE INPUT NOW!%n"

ain       inch      1 ;live input from channel 1
fsig      pvsanal   ain, gifftsiz, gioverlap, gifftsiz, giwintyp
alisten   pvsynth   fsig

outs      alisten, alisten

i-fourier-analysis-spectral-processing#InsertNoteID_8


endin

</CsInstruments>
<CsScore>
i 1 0 3
i 2 3 10
</CsScore>
</CsoundSynthesizer>

:OU�SHOULD�HEAR�FIRST�THE��FOX�WAV��SAMPLE
�AND�THEN
�THE�SLIGHTLY�DELAYED�LIVE�INPUT
SIGNAL��5HE�DELAY�DEPENDS�FIRST�ON�THE�GENERAL�SETTINGS�FOR�REALTIME�INPUT�	KSMPS
��B�AND��
#��SEE�CHAPTER��%
��#UT�SECOND
�THERE�IS�ALSO�A�DELAY�ADDED�BY�THE�''5��5HE�WINDOW�SIZE
HERE�IS������SAMPLES
�SO�THE�ADDITIONAL�DELAY�IS��������������������SECONDS��*F�YOU
CHANGE�THE�WINDOW�SIZEgifftsizTO������OR�TO�����SAMPLES
�YOU�SHOULD�GET�A�LARGER�OR
SHORTER�DELAY����4O�FOR�REALTIME�APPLICATIONS
�THE�DECISION�ABOUT�THE�''5�SIZE�IS�NOT�ONLY�A
QUESTION��BETTER�TIME�RESOLUTION�VERSUS�BETTER�FREQUENCY�RESOLUTION�
�BUT�IT�IS�ALSO�A
QUESTION�OF�TOLERABLE�LATENCY�

8HAT�HAPPENS�IN�THE�EXAMPLE�ABOVE �"T�FIRST
�THE�AUDIO�SIGNAL�	asig, ain
�IS�BEING
ANALYZED�AND�TRANSFORMED�IN�AN�F�SIGNAL��5HIS�IS�DONE�VIA�THE�OPCODEPVSANAL��5HEN
NOTHING�HAPPENS�BUT�TRANSFORMING�THE�FREQUENCY�DOMAIN�SIGNAL�BACK�INTO�AN�AUDIO�SIGNAL�
5HIS�IS�CALLED�INVERSE�'OURIER�TRANSFORMATION�	*'5�OR�*''5
�AND�IS�DONE�BY�THE�OPCODE

PVSYNTH�� *N�THIS�CASE
�IT�IS�JUST�A�TEST��TO�SEE�IF�EVERYTHING�WORKS
�TO�HEAR�THE�RESULTS�OF
DIFFERENT�WINDOW�SIZES
�TO�CHECK�THE�LATENCY��#UT�POTENTIALLY�YOU�CAN�INSERT�ANY�OTHER�PVS
OPCODE	S
�IN�BETWEEN�THIS�ENTRANCE�AND�EXIT�

PITCH SHIFTING

4IMPLE�PITCH�SHIFTING�CAN�BE�DONE�BY�THE�OPCODEPVSCALE��"LL�THE�FREQUENCY�DATA�IN�THE�F�
SIGNAL�ARE�SCALED�BY�A�CERTAIN�VALUE��.ULTIPLYING�BY���RESULTS�IN�TRANSPOSING�AN�OCTAVE
UPWARDS��MULTIPLYING�BY�����IN�TRANSPOSING�AN�OCTAVE�DOWNWARDS��'OR�ACCEPTING�CENT
VALUES�INSTEAD�OF�RATIOS�AS�INPUT
�THECENTOPCODE�CAN�BE�USED�

EXAMPLE 05I02_pvscale.csd

http://www.csounds.com/manual/html/pvsanal.html
http://www.csounds.com/manual/html/pvsynth.html
i-fourier-analysis-spectral-processing#InsertNoteID_18
http://www.csounds.com/manual/html/pvscale.html
http://www.csounds.com/manual/html/cent.html


<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;example by joachim heintz
sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

gifftsize =         1024
gioverlap =         gifftsize / 4
giwinsize =         gifftsize
giwinshape =        1; von-Hann window

instr 1 ;scaling by a factor
ain       soundin  "fox.wav"
fftin     pvsanal  ain, gifftsize, gioverlap, giwinsize, giwinshape
fftscal   pvscale  fftin, p4
aout      pvsynth  fftscal

out      aout
endin

instr 2 ;scaling by a cent value
ain       soundin  "fox.wav"
fftin     pvsanal  ain, gifftsize, gioverlap, giwinsize, giwinshape
fftscal   pvscale  fftin, cent(p4)
aout      pvsynth  fftscal

out      aout/3
endin

</CsInstruments>
<CsScore>
i 1 0 3 1; original pitch
i 1 3 3 .5; octave lower
i 1 6 3 2 ;octave higher
i 2 9 3 0
i 2 9 3 400 ;major third
i 2 9 3 700 ;fifth
e
</CsScore>
</CsoundSynthesizer>



1ITCH�SHIFTING�VIA�''5�RESYNTHESIS�IS�VERY�SIMPLE�IN�GENERAL
�BUT�MORE�OR�LESS�COMPLICATED
IN�DETAIL��8ITH�SPEECH�FOR�INSTANCE
�THERE�IS�A�PROBLEM�BECAUSE�OF�THE�FORMANTS��*F�YOU
SIMPLY�SCALE�THE�FREQUENCIES
�THE�FORMANTS�ARE�SHIFTED
�TOO
�AND�THE�SOUND�GETS�THE�TYPICAL
�.ICKEY�.OUSING��EFFECT��5HERE�ARE�SOME�PARAMETERS�IN�THEpvscaleOPCODE
�AND�SOME
OTHER�PVS�OPCODES�WHICH�CAN�HELP�TO�AVOID�THIS
�BUT�THE�RESULT�ALWAYS�DEPENDS�ON�THE
INDIVIDUAL�SOUNDS�AND�ON�YOUR�IDEAS�

TIME STRETCH/COMPRESS

"S�THE�'OURIER�TRANSFORMATION�SEPERATES�THE�SPECTRAL�INFORMATION�FROM�THE�PROGRESSION�IN
TIME
�BOTH�ELEMENTS�CAN�BE�VARIED�INDEPENDENTLY��1ITCH�SHIFTING�VIA�THEpvscaleOPCODE
�AS
IN�THE�PREVIOUS�EXAMPLE
�IS�INDEPENDENT�FROM�THE�SPEED�OF�READING�THE�AUDIO�DATA��5HE
COMPLEMENT�IS�CHANGING�THE�TIME�WITHOUT�CHANGING�THE�PITCH��TIME�STRETCHING�OR�TIME
COMPRESSION�

5HE�SIMPLEST�WAY�TO�ALTER�THE�SPEED�OF�A�SAMPLED�SOUND�IS�USINGPVSTANAL	WHICH�IS�NEW�IN
$SOUND�����
��5HIS�OPCODE�TRANSFORMS�A�SOUND�WHICH�IS�STORED�IN�A�FUNCTION�TABLE
�IN�AN�F�
SIGNAL
�AND�TIME�MANIPULATIONS�ARE�SIMPLY�DONE�BY�ALTERING�THEktimescalPARAMETER�

Example 05I03_pvstanal.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;example by joachim heintz
sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

;store the sample "fox.wav" in a function table (buffer)
gifil     ftgen     0, 0, 0, 1, "fox.wav", 0, 0, 1

;general values for the pvstanal opcode
giamp     =         1 ;amplitude scaling
gipitch   =         1 ;pitch scaling
gidet     =         0 ;onset detection
giwrap    =         0 ;no loop reading
giskip    =         0 ;start at the beginning
gifftsiz  =         1024 ;fft size
giovlp    =         gifftsiz/8 ;overlap size
githresh  =         0 ;threshold

instr 1 ;simple time stretching / compressing
fsig      pvstanal  p4, giamp, gipitch, gifil, gidet, giwrap, giskip,

gifftsiz, giovlp, githresh
aout      pvsynth   fsig

out       aout

http://www.csounds.com/manual/html/pvstanal.html


endin

instr 2 ;automatic scratching
kspeed    randi     2, 2, 2 ;speed randomly between -2 and 2
kpitch    randi     p4, 2, 2 ;pitch between 2 octaves lower or higher
fsig      pvstanal  kspeed, 1, octave(kpitch), gifil
aout      pvsynth   fsig
aenv      linen     aout, .003, p3, .1

out       aout
endin

</CsInstruments>
<CsScore>
;         speed
i 1 0 3   1
i . + 10   .33
i . + 2   3
s
i 2 0 10 0;random scratching without ...
i . 11 10 2 ;... and with pitch changes
</CsScore>
</CsoundSynthesizer>



CROSS SYNTHESIS

8ORKING�IN�THE�FREQUENCY�DOMAIN�MAKES�IT�POSSIBLE�TO�COMBINE�OR��CROSS��THE�SPECTRA�OF
TWO�SOUNDS��"S�THE�'OURIER�TRANSFORM�OF�AN�ANALYSIS�FRAME�RESULTS�IN�A�FREQUENCY�AND�AN
AMPLITUDE�VALUE�FOR�EACH�FREQUENCY��BIN�
�THERE�ARE�MANY�DIFFERENT�WAYS�OF�PERFORMING
CROSS�SYNTHESIS��5HE�MOST�COMMON�METHODS�ARE�

d $OMBINE�THE�AMPLITUDES�OF�SOUND�"�WITH�THE�FREQUENCIES�OF�SOUND�#��5HIS�IS�THE
CLASSICAL�PHASE�VOCODER�APPROACH��*F�THE�FREQUENCIES�ARE�NOT�COMPLETELY�FROM
SOUND�#
�BUT�CAN�BE�SCALED�BETWEEN�"�AND�#
�THE�CROSSING�IS�MORE�FLEXIBLE�AND
ADJUSTABLE�TO�THE�SOUNDS�BEING�USED��5HIS�IS�WHATPVSVOCDOES�

d $OMBINE�THE�FREQUENCIES�OF�SOUND�"�WITH�THE�AMPLITUDES�OF�SOUND�#��(IVE�MORE
FLEXIBILITY�BY�SCALING�THE�AMPLITUDES�BETWEEN�"�AND�#�PVSCROSS�

d (ET�THE�FREQUENCIES�FROM�SOUND�"��.ULTIPLY�THE�AMPLITUDES�OF�"�AND�#��5HIS�CAN
BE�DESCRIBED�AS�SPECTRAL�FILTERING�PVSFILTERGIVES�A�FLEXIBLE�PORTION�OF�THIS�FILTERING
EFFECT�

5HIS�IS�AN�EXAMPLE�FOR�PHASE�VOCODING��*T�IS�NICE�TO�HAVE�SPEECH�AS�SOUND�"
�AND�A�RICH
SOUND
�LIKE�CLASSICAL�MUSIC
�AS�SOUND�#��)ERE�THE��FOX��SAMPLE�IS�BEING�PLAYED�AT�HALF
SPEED�AND��SINGS��THROUGH�THE�MUSIC�OF�SOUND�#�

EXAMPLE 05I04_phase_vocoder.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;example by joachim heintz
sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

;store the samples in function tables (buffers)
gifilA    ftgen     0, 0, 0, 1, "fox.wav", 0, 0, 1
gifilB    ftgen     0, 0, 0, 1, "ClassGuit.wav", 0, 0, 1

;general values for the pvstanal opcode
giamp     =         1 ;amplitude scaling
gipitch   =         1 ;pitch scaling
gidet     =         0 ;onset detection
giwrap    =         1 ;loop reading
giskip    =         0 ;start at the beginning
gifftsiz  =         1024 ;fft size
giovlp    =         gifftsiz/8 ;overlap size
githresh  =         0 ;threshold

instr 1

http://www.csounds.com/manual/html/pvsvoc.html
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;read "fox.wav" in half speed and cross with classical guitar sample
fsigA     pvstanal  .5, giamp, gipitch, gifilA, gidet, giwrap, giskip,\

gifftsiz, giovlp, githresh
fsigB     pvstanal  1, giamp, gipitch, gifilB, gidet, giwrap, giskip,\

gifftsiz, giovlp, githresh
fvoc      pvsvoc    fsigA, fsigB, 1, 1
aout      pvsynth   fvoc
aenv      linen     aout, .1, p3, .5

out       aout
endin

</CsInstruments>
<CsScore>
i 1 0 11
</CsScore>
</CsoundSynthesizer>



5HE�NEXT�EXAMPLE�INTRODUCESpvscross�

EXAMPLE 05I05_pvscross.csd

<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;example by joachim heintz
sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

;store the samples in function tables (buffers)
gifilA    ftgen     0, 0, 0, 1, "BratscheMono.wav", 0, 0, 1
gifilB    ftgen     0, 0, 0, 1, "fox.wav", 0, 0, 1

;general values for the pvstanal opcode
giamp     =         1 ;amplitude scaling
gipitch   =         1 ;pitch scaling
gidet     =         0 ;onset detection
giwrap    =         1 ;loop reading
giskip    =         0 ;start at the beginning
gifftsiz  =         1024 ;fft size
giovlp    =         gifftsiz/8 ;overlap size
githresh  =         0 ;threshold

instr 1
;cross viola with "fox.wav" in half speed
fsigA     pvstanal  1, giamp, gipitch, gifilA, gidet, giwrap, giskip,\

gifftsiz, giovlp, githresh
fsigB     pvstanal  .5, giamp, gipitch, gifilB, gidet, giwrap, giskip,\

gifftsiz, giovlp, githresh
fcross    pvscross  fsigA, fsigB, 0, 1
aout      pvsynth   fcross
aenv      linen     aout, .1, p3, .5

out       aout
endin

</CsInstruments>
<CsScore>
i 1 0 11
</CsScore>
</CsoundSynthesizer>

5HE�LAST�EXAMPLE�SHOWS�SPECTRAL�FILTERING�VIApvsfilter��5HE�WELL�KNOWN��FOX��	SOUND�"

IS�NOW�FILTERED�BY�THE�VIOLA�	SOUND�#
��*TS�RESULTING�INTENSITY�DEPENDS�ON�THE�AMPLITUDES�OF
SOUND�#
�AND�IF�THE�AMPLITUDES�ARE�STRONG�ENOUGH
�YOU�HEAR�A�RESONATING�EFFECT�

EXAMPLE 05I06_pvsfilter.csd



<CsoundSynthesizer>
<CsOptions>
-odac
</CsOptions>
<CsInstruments>
;example by joachim heintz
sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

;store the samples in function tables (buffers)
gifilA    ftgen     0, 0, 0, 1, "fox.wav", 0, 0, 1
gifilB    ftgen     0, 0, 0, 1, "BratscheMono.wav", 0, 0, 1

;general values for the pvstanal opcode
giamp     =         1 ;amplitude scaling
gipitch   =         1 ;pitch scaling
gidet     =         0 ;onset detection
giwrap    =         1 ;loop reading
giskip    =         0 ;start at the beginning
gifftsiz  =         1024 ;fft size
giovlp    =         gifftsiz/4 ;overlap size
githresh  =         0 ;threshold

instr 1
;filters "fox.wav" (half speed) by the spectrum of the viola (double speed)
fsigA     pvstanal  .5, giamp, gipitch, gifilA, gidet, giwrap, giskip,\

gifftsiz, giovlp, githresh
fsigB     pvstanal  2, 5, gipitch, gifilB, gidet, giwrap, giskip,\

gifftsiz, giovlp, githresh
ffilt     pvsfilter fsigA, fsigB, 1
aout      pvsynth   ffilt
aenv      linen     aout, .1, p3, .5

out       aout
endin

</CsInstruments>
<CsScore>
i 1 0 11
</CsScore>
</CsoundSynthesizer>

5HERE�ARE�MUCH�MORE�WAYS�OF�WORKING�WITH�THE�PVS�OPCODES��)AVE�A�LOOK�AT�THESignal
Processing IISECTION�OF�THEOpcodes OverviewTO�FIND�SOME�HINTS�

�� "LL�SOUNDFILES�USED�IN�THIS�MANUAL�ARE�FREE�AND�CAN�BE�DOWNLOADED�AT

WWW�CSOUND�TUTORIAL�NET?

�� 'OR�SOME�CASES�IT�IS�GOOD�TO�HAVE�PVSADSYN�AS�AN�ALTERNATIVE
�WHICH�IS�USING�A

BANK�OF�OSCILLATORS�FOR�RESYNTHESIS�?

i-fourier-analysis-spectral-processing#InsertNoteID_8_marker9
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RECORD AND PLAY SOUNDFILES

PLAYING SOUNDFILES FROM DISK - DISKIN2 1

5HE�SIMPLEST�WAY�OF�PLAYING�A�SOUND�FILE�FROM�$SOUND�IS�TO�USE�THEDISKIN�OPCODE��5HIS
OPCODE�READS�AUDIO�DIRECTLY�FROM�THE�HARD�DRIVE�LOCATION�WHERE�IT�IS�STORED
�I�E��IT�DOES�NOT
PRE�LOAD�THE�SOUND�FILE�AT�INITIALISATION�TIME��5HIS�METHOD�OF�SOUND�FILE�PLAYBACK�IS
THEREFORE�GOOD�FOR�PLAYING�BACK�VERY�LONG
�OR�PARTS�OF�VERY�LONG
�SOUND�FILES��*T�IS�PERHAPS
LESS�WELL�SUITED�TO�PLAYING�BACK�SOUND�FILES�WHERE�DENSE�POLYPHONY
�MULTIPLE�ITERATIONS
AND�RAPID�RANDOM�ACCESS�TO�THE�FILE�IS�REQUIRED��*N�THESE�SITUATIONS�READING�FROM�A�FUNCTION
TABLE�OR�BUFFER�IS�PREFERABLE�

DISKIN�HAS�ADDITIONAL�PARAMETERS�FOR�SPEED�OF�PLAYBACK
�AND�INTERPOLATION�

EXAMPLE 06A01_Play_soundfile.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activate real-time audio output
</CsOptions>

<CsInstruments>
; example written by Iain McCurdy

sr         =         44100
ksmps         =         32
nchnls         =         1

instr        1 ; play audio from disk
kSpeed  init     1           ; playback speed
iSkip   init     0           ; inskip into file (in seconds)
iLoop   init     0           ; looping switch (0=off 1=on)
; read audio from disk using diskin2 opcode
a1      diskin2  "loop.wav", kSpeed, iSkip, iLoop

out      a1          ; send audio to outputs
endin

</CsInstruments>

<CsScore>
i 1 0 6
e
</CsScore>

</CsoundSynthesizer>

WRITING AUDIO TO DISK

a-record-and-play-soundfiles#InsertNoteID_18
http://www.csounds.com/manual/html/diskin2.html
http://www.csounds.com/manual/html/diskin2.html


5HE�TRADITIONAL�METHOD�OF�RENDERING�$SOUND�S�AUDIO�TO�DISK�IS�TO�SPECIFY�A�SOUND�FILE�AS
THE�AUDIO�DESTINATION�IN�THE�$SOUND�COMMAND�OR�UNDER��$S0PTIONS�
�IN�FACT�BEFORE�REAL�
TIME�PERFORMANCE�BECAME�A�POSSIBILITY�THIS�WAS�THE�ONLY�WAY�IN�WHICH�$SOUND�WAS�USED�
8ITH�THIS�METHOD
�ALL�AUDIO�THAT�IS�PIPED�TO�THE�OUTPUT�USINGout, outsETC��WILL�BE�WRITTEN
TO�THIS�FILE��5HE�NUMBER�OF�CHANNELS�THAT�THE�FILE�WILL�CONATAIN�WILL�BE�DETERMINED�BY�THE
NUMBER�OF�CHANNELS�SPECIFIED�IN�THE�ORCHESTRA�HEADER�USING��NCHNLS���5HE�DISADVANTAGE�OF
THIS�METHOD�IS�THAT�WE�CANNOT�SIMULTANEOUSLY�LISTEN�TO�THE�AUDIO�IN�REAL�TIME�

EXAMPLE 06A02_Write_soundfile.csd

<CsoundSynthesizer>

<CsOptions>
; audio output destination is given as a sound file (wav format specified)
; this method is for deferred time performance,
; simultaneous real-time audio will not be possible
-oWriteToDisk1.wav -W
</CsOptions>

<CsInstruments>
; example written by Iain McCurdy

sr     =  44100
ksmps  =  32
nchnls =  1
0dbfs  =  1

giSine  ftgen  0, 0, 4096, 10, 1             ; a sine wave

instr        1 ; a simple tone generator
aEnv    expon    0.2, p3, 0.001              ; a percussive envelope
aSig    poscil   aEnv, cpsmidinn(p4), giSine ; audio oscillator

out      aSig                        ; send audio to output
endin

</CsInstruments>

<CsScore>
; two chords
i 1   0 5 60
i 1 0.1 5 65
i 1 0.2 5 67
i 1 0.3 5 71

i 1   3 5 65
i 1 3.1 5 67
i 1 3.2 5 73
i 1 3.3 5 78
e
</CsScore>

</CsoundSynthesizer>



WRITING AUDIO TO DISK WITH
SIMULTANEOUS REAL-TIME AUDIO OUTPUT -
FOUT AND MONITOR

3ECORDING�AUDIO�OUTPUT�TO�DISK�WHILST�SIMULTANEOUSLY�MONITORING�IN�REAL�TIME�IS�BEST
ACHIEVED�THROUGH�COMBINING�THE�OPCODESMONITORANDFOUT���MONITOR��CAN�BE�USED�TO
CREATE�AN�AUDIO�SIGNAL�THAT�CONSISTS�OF�A�MIX�OF�ALL�AUDIO�OUTPUT�FROM�ALL�INSTRUMENTS��5HIS
AUDIO�SIGNAL�CAN�THEN�BE�RENDERED�TO�A�SOUND�FILE�ON�DISK�USING��FOUT����MONITOR��CAN�READ
MULTI�CHANNEL�OUTPUTS�BUT�ITS�NUMBER�OF�OUTPUTS�SHOULD�CORRESPOND�TO�THE�NUMBER�OF
CHANNELS�DEFINED�IN�THE�HEADER�USING��NCHNLS���*N�THIS�EXAMPLE�IT�IS�READING�JUST�IN�MONO�
�FOUT��CAN�WRITE�AUDIO�IN�A�NUMBER�OF�FORMATS�AND�BIT�DEPTHS�AND�IT�CAN�ALSO�WRITE�MULTI�
CHANNEL�SOUND�FILES�

EXAMPLE 06A03_Write_RT.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activate real-time audio output
</CsOptions>

<CsInstruments>
;example written by Iain McCurdy

sr      =       44100
ksmps   =       32
nchnls  =       1
0dbfs   =       1

giSine  ftgen  0, 0, 4096, 10, 1 ; a sine wave
gaSig   init   0; set initial value for global audio variable (silence)

instr        1 ; a simple tone generator
aEnv    expon    0.2, p3, 0.001              ; percussive amplitude envelope
aSig    poscil   aEnv, cpsmidinn(p4), giSine ; audio oscillator

out      aSig
endin

instr 2 ; write to a file (always on in order to record everything)
aSig    monitor                              ; read audio from output bus

fout     "WriteToDisk2.wav",4,aSig   ; write audio to file (16bit mono)
endin

</CsInstruments>

<CsScore>
; activate recording instrument to encapsulate the entire performance
i 2 0 8.3

; two chords

http://www.csounds.com/manual/html/monitor.html
http://www.csounds.com/manual/html/fout.html


i 1   0 5 60
i 1 0.1 5 65
i 1 0.2 5 67
i 1 0.3 5 71

i 1   3 5 65
i 1 3.1 5 67
i 1 3.2 5 73
i 1 3.3 5 78
e
</CsScore>

</CsoundSynthesizer

�� DISKIN��IS�AN�IMPROVED�VERSION�OF�DISKIN��*N�$SOUND��
�BOTH�WILL�USE�THE�SAME

CODE
�SO�IT�SHOULD�MAKE�NO�DIFFERENCE�WHETHER�YOU�USE�DISKIN�OR�DISKIN��?

a-record-and-play-soundfiles#InsertNoteID_18_marker19


RECORD AND PLAY BUFFERS

PLAYING AUDIO FROM RAM - FLOOPER2

$SOUND�OFFERS�MANY�OPCODES�FOR�PLAYING�BACK�SOUND�FILES�THAT�HAVE�FIRST�BEEN�LOADED�INTO
A�FUNCTION�TABLE�	AND�THEREFORE�ARE�LOADED�INTO�3".
��4OME�OF�THESE�OFFER�HIGHER�QUALITY
AT�THE�EXPENSE�OF�COMPUTATION�SPEED�SOME�ARE�SIMPLER�AND�LESS�FULLY�FEATURED�

0NE�OF�THE�NEWER�AND�EASIER�TO�USE�OPCODES�FOR�THIS�TASK�ISFLOOPER���"S�ITS�NAME�MIGHT
SUGGEST�IT�IS�INTENDED�FOR�THE�PLAYBACK�OF�FILES�WITH�LOOPING��FLOOPER��CAN�ALSO�APPLY�A
CROSS�FADE�BETWEEN�THE�END�AND�THE�BEGINNING�OF�THE�LOOP�IN�ORDER�TO�SMOOTH�THE�TRANSITION
WHERE�LOOPING�TAKES�PLACE�

*N�THE�FOLLOWING�EXAMPLE�A�SOUND�FILE�THAT�HAS�BEEN�LOADED�INTO�A�(&/���FUNCTION�TABLE�IS
PLAYED�BACK�USING�FLOOPER��� �FLOOPER��ALSO�INCLUDES�A�PARAMETER�FOR�MODULATING�PLAYBACK
SPEED�PITCH. 5HERE�IS�ALSO�THE�OPTION�OF�MODULATING�THE�LOOP�POINTS�AT�K�RATE��*N�THIS
EXAMPLE�THE�ENTIRE�FILE�IS�SIMPLY�PLAYED�AND�LOOPED��:OU�CAN�REPLACE�THE�SOUND�FILE�WITH
ONE�OF�YOUR�OWN�OR�YOU�CAN�DOWNLOAD�THE�ONE�USED�IN�THE�EXAMPLE�FROMHERE�

Some notes about GEN01 and function table sizes:

8HEN�STORING�SOUND�FILES�IN�(&/���FUNCTION�TABLES�WE�MUST�ENSURE�THAT�WE�DEFINE�A�TABLE
OF�SUFFICIENT�SIZE�TO�STORE�OUR�SOUND�FILE��/ORMALLY�FUNCTION�TABLE�SIZES�SHOULD�BE�POWERS
OF���	�
��
��
���
����ETC�
��*F�WE�KNOW�THE�DURATION�OF�OUR�SOUND�FILE�WE�CAN�DERIVE�THE
REQUIRED�TABLE�SIZE�BY�MULTIPLYING�THIS�DURATION�BY�THE�SAMPLE�RATE�AND�THEN�CHOOSING�THE
NEXT�POWER�OF���LARGER�THAN�THIS��'OR�EXAMPLE�WHEN�THE�SAMPLING�RATE�IS������
�WE�WILL
REQUIRE�������TABLE�LOCATIONS�TO�STORE���SECOND�OF�AUDIO��BUT�������IS�NOT�A�POWER�OF���SO
WE�MUST�CHOOSE�THE�NEXT�POWER�OF���LARGER�THAN�THIS�WHICH�IS��������	)INT��YOU�CAN
DISCOVER�A�SOUND�FILE�S�DURATION�BY�USING�$SOUND�S��SNDINFO��UTILITY�


5HERE�ARE�SOME��LAZY��OPTIONS�HOWEVER��IF�WE�UNDERESTIMATE�THE�TABLE�SIZE
�WHEN�WE�THEN
RUN�$SOUND�IT�WILL�WARN�US�THAT�THIS�TABLE�SIZE�IS�TOO�SMALL�AND�CONVENIENTLY�INFORM�US�VIA
THE�TERMINAL�WHAT�THE�MINIMUM�SIZE�REQUIRED�TO�STORE�THE�ENTIRE�FILE�WOULD�BE���WE�CAN
THEN�SUBSTITUTE�THIS�VALUE�IN�OUR�(&/���TABLE��8E�CAN�ALSO�OVERESTIMATE�THE�TABLE�SIZE�IN
WHICH�CASE�$SOUND�WON�T�COMPLAIN�AT�ALL
�BUT�THIS�IS�A�RATHER�INEFFICIENT�APPROACH�

*F�WE�GIVE�TABLE�SIZE�A�VALUE�OF�ZERO�WE�HAVE�WHAT�IS�REFERRED�TO�AS��DEFERRED�TABLE�SIZE��
5HIS�MEANS�THAT�$SOUND�WILL�CALCULATE�THE�EXACT�TABLE�SIZE�NEEDED�TO�STORE�OUR�SOUND�FILE
AND�USE�THIS�AS�THE�TABLE�SIZE�BUT�THIS�WILL�PROBABLY�NOT�BE�A�POWER�OF����.ANY�OF�$SOUND�S
OPCODES�WILL�WORK�QUITE�HAPPILY�WITH�NON�POWER�OF���FUNCTION�TABLE�SIZES
�BUT�NOT�ALL��*T�IS
A�GOOD�IDEA�TO�KNOW�HOW�TO�DEAL�WITH�POWER�OF���TABLE�SIZES��8E�CAN�ALSO�EXPLICITLY
DEFINE�NON�POWER�OF���TABLE�SIZES�BY�PREFACING�THE�TABLE�SIZE�WITH�A�MINUS�SIGN�����

http://www.csounds.com/manual/html/flooper2.html
b-record-and-play-buffers/www.iainmccurdy.org/csoundrealtimeexamples/sourcematerials/loop.wav


"LL�OF�THE�ABOVE�DISCUSSION�ABOUT�REQUIRED�TABLE�SIZES�ASSUMED�THAT�THE�SOUND�FILE�WAS
MONO
�TO�STORE�A�STEREO�SOUND�FILE�WILL�NATURALLY�REQUIRE�TWICE�THE�STORAGE�SPACE
�FOR
EXAMPLE
���SECOND�OF�STEREO�AUDIO�WILL�REQUIRE�������STORAGE�LOCATIONS��(&/���WILL
INDEED�STORE�STEREO�SOUND�FILES�AND�MANY�OF�$SOUND�S�OPCODES�WILL�READ�FROM�STEREO
(&/���FUNCTION�TABLES
�BUT�AGAIN�NOT�ALL��8E�MUST�BE�PREPARED�TO�SPLIT�STEREO�SOUND�FILES

EITHER�TO�TWO�SOUND�FILES�ON�DISK�OR�INTO�TWO�FUNCTION�TABLES�USING�(&/���S��CHANNEL�
PARAMETER�	P�

�DEPENDING�ON�THE�OPCODES�WE�ARE�USING�

4TORING�AUDIO�IN�(&/���TABLES�AS�MONO�CHANNELS�WITH�NON�DEFERRED�AND�POWER�OF���TABLE
SIZES�WILL�ENSURE�MAXIMUM�COMPATIBILITY�

EXAMPLE 06B01_flooper2.csd

<CsoundSynthesizer>

<CsOptions>
-odac ; activate real-time audio
</CsOptions>

<CsInstruments>
; example written by Iain McCurdy

sr         =         44100
ksmps         =         32
nchnls         =         1
0dbfs   =       1

; STORE AUDIO IN RAM USING GEN01 FUNCTION TABLE
giSoundFile   ftgen   0, 0, 262144, 1, "loop.wav", 0, 0, 0

instr        1 ; play audio from function table using flooper2 opcode
kAmp         =         1   ; amplitude
kPitch       =         p4  ; pitch/speed
kLoopStart   =         0   ; point where looping begins (in seconds)
kLoopEnd     =         nsamp(giSoundFile)/sr; loop end (end of file)
kCrossFade   =         0   ; cross-fade time
; read audio from the function table using the flooper2 opcode
aSig         flooper2  kAmp,kPitch,kLoopStart,kLoopEnd,kCrossFade,giSoundFile

out       aSig ; send audio to output
endin

</CsInstruments>

<CsScore>
; p4 = pitch
; (sound file duration is 4.224)
i 1 0 [4.224*2] 1
i 1 + [4.224*2] 0.5
i 1 + [4.224*1] 2
e
</CsScore>

</CsoundSynthesizer>



CSOUND'S BUILT-IN RECORD-PLAY BUFFER -
SNDLOOP

$SOUND�HAS�AN�OPCODE�CALLEDSNDLOOPWHICH�PROVIDES�A�SIMPLE�METHOD�OF�RECORDING�SOME
AUDIO�INTO�A�BUFFER�AND�THEN�PLAYING�IT�BACK�IMMEDIATELY��5HE�DURATION�OF�AUDIO�STORAGE
REQUIRED�IS�DEFINED�WHEN�THE�OPCODE�IS�INITIALIZED��*N�THE�FOLLOWING�EXAMPLE�TWO�SECONDS
IS�PROVIDED��0NCE�ACTIVATED
�AS�SOON�AS�TWO�SECONDS�OF�LIVE�AUDIO�HAS�BEEN�RECORDED�BY
�SNDLOOP�
�ITIMMEDIATELY�BEGINS�PLAYING�IT�BACK�IN�A�LOOP���SNDLOOP�ALLOWS�US�TO�MODULATE
THE�SPEED�PITCH�OF�THE�PLAYED�BACK�AUDIO�AS�WELL�AS�PROVIDING�THE�OPTION�OF�DEFINING�A
CROSSFADE�TIME�BETWEEN�THE�END�AND�THE�BEGINNING�OF�THE�LOOP�*N�THE�EXAMPLE�PRESSING��R�
ON�THE�COMPUTER�KEYBOARD�ACTIVATES�RECORD�FOLLOWED�BY�LOOPED�PLAYBACK
�PRESSING��S�
STOPS�RECORD�OR�PLAYBACK
�PRESSING�����INCREASES�THE�SPEED�AND�THEREFORE�THE�PITCH�OF
PLAYBACK�AND�PRESSING�����DECREASES�THE�SPEED�PITCH�OF�PLAYBACK��*F�PLAYBACK�SPEED�IS
REDUCED�BELOW�ZERO�IT�ENTERS�THE�NEGATIVE�DOMAIN�IN�WHICH�CASE�PLAYBACK�WILL�BE
REVERSED�

:OU�WILL�NEED�TO�HAVE�A�MICROPHONE�CONNECTED�TO�YOUR�COMPUTER�IN�ORDER�TO�USE�THIS
EXAMPLE�

EXAMPLE 06B02_sndloop.csd

<CsoundSynthesizer>

<CsOptions>
; real-time audio in and out are both activated
-iadc -odac
</CsOptions>

<CsInstruments>
;example written by Iain McCurdy

sr         =         44100
ksmps         =         32
nchnls         =         1

instr        1
; PRINT INSTRUCTIONS

prints  "Press 'r' to record, 's' to stop playback, "
prints  "'+' to increase pitch, '-' to decrease pitch.\\n"

; SENSE KEYBOARD ACTIVITY
kKey sensekey; sense activity on the computer keyboard
aIn        inch    1             ; read audio from first input channel
kPitch     init    1             ; initialize pitch parameter
iDur       init    2             ; inititialize duration of loop parameter
iFade      init    0.05          ; initialize crossfade time parameter

if kKey = 114 then              ; if 'r' has been pressed...
kTrig      =       1             ; set trigger to begin record-playback

elseif kKey = 115 then          ; if 's' has been pressed...
kTrig      =       0             ; set trigger to turn off record-playback

http://www.csounds.com/manual/html/sndloop.html


elseif kKey = 43 then           ; if '+' has been pressed...
kPitch     =       kPitch + 0.02 ; increment pitch parameter

elseif kKey = 95 then           ; if '-' has been pressed
kPitch     =       kPitch - 0.02 ; decrement pitch parameter

endif                           ; end of conditional branches
; CREATE SNDLOOP INSTANCE
aOut, kRec sndloop aIn, kPitch, kTrig, iDur, iFade ; (kRec output is not used)

out     aOut          ; send audio to output
endin

</CsInstruments>

<CsScore>
i 1 0 3600 ; instr 1 plays for 1 hour
</CsScore>

</CsoundSynthesizer>

RECORDING TO AND PLAYBACK FROM A
FUNCTION TABLE

8RITING�TO�AND�READING�FROM�BUFFERS�CAN�ALSO�BE�ACHIEVED�THROUGH�THE�USE�OF�$SOUND�S
OPCODES�FOR�TABLE�READING�AND�WRITING�OPERATIONS��"LTHOUGH�THE�PROCEDURE�IS�A�LITTLE�MORE
COMPLICATED�THAN�THAT�REQUIRED�FOR��SNDLOOP�IT�IS�ULTIMATELY�MORE�FLEXIBLE��*N�THE�NEXT
EXAMPLE�SEPARATE�INSTRUMENTS�ARE�USED�FOR�RECORDING�TO�THE�TABLE�AND�FOR�PLAYING�BACK
FROM�THE�TABLE��"NOTHER�INSTRUMENT�WHICH�RUNS�CONSTANTLY�SCANS�FOR�ACTIVITY�ON�THE
COMPUTER�KEYBOARD�AND�ACTIVATES�THE�RECORD�OR�PLAYBACK�INSTRUMENTS�ACCORDINGLY��'OR
WRITING�TO�THE�TABLE�WE�WILL�USE�THETABLEWOPCODE�AND�FOR�READING�FROM�THE�TABLE�WE�WILL
USE�THETABLEOPCODE�	IF�WE�WERE�TO�MODULATE�THE�PLAYBACK�SPEED�IT�WOULD�BE�BETTER�TO�USE
ONE�OF�$SOUND�S�INTERPOLATING�VARIATIONS�OF��TABLE��SUCH�ASTABLEIORTABLE���$SOUND�WRITES
INDIVIDUAL�VALUES�TO�TABLE�LOCATIONS
�THE�EXACT�TABLE�LOCATIONS�BEING�DEFINED�BY�AN��INDEX��
'OR�WRITING�CONTINUOUS�AUDIO�TO�A�TABLE�THIS�INDEX�WILL�NEED�TO�BE�CONTINUOUSLY�MOVING��
LOCATION�FOR�EVERY�SAMPLE��5HIS�MOVING�INDEX�	OR��POINTER�
�CAN�BE�CREATED�WITH�AN�A�RATE
LINEOR�APHASOR��5HE�NEXT�EXAMPLE�USES��LINE���8HEN�USING�$SOUND�S�TABLE�OPERATION
OPCODES�WE�FIRST�NEED�TO�CREATE�THAT�TABLE
�EITHER�IN�THE�ORCHESTRA�HEADER�OR�IN�THE�SCORE�
5HE�DURATION�OF�THE�AUDIO�BUFFER�CAN�BE�CALCULATED�FROM�THE�SIZE�OF�THE�TABLE��*N�THIS
EXAMPLE�THE�TABLE�IS��?���POINTS�LONG
�THAT�IS��������POINTS��5HE�DURATION�IN�SECONDS�IS
THIS�NUMBER�DIVIDED�BY�THE�SAMPLE�RATE�WHICH�IN�OUR�EXAMPLE�IS������)Z��5HEREFORE
MAXIMUM�STORAGE�DURATION�FOR�THIS�EXAMPLE�IS��������������WHICH�IS�AROUND����
SECONDS�

EXAMPLE 06B03_RecPlayToTable.csd

<CsoundSynthesizer>

<CsOptions>
; real-time audio in and out are both activated
-iadc -odac -d -m0

http://www.csounds.com/manual/html/tablew.html
http://www.csounds.com/manual/html/table.html
http://www.csounds.com/manual/html/tablei.html
http://www.csounds.com/manual/html/table3.html
http://www.csounds.com/manual/html/line.html
http://www.csounds.com/manual/html/phasor.html


</CsOptions>

<CsInstruments>
; example written by Iain McCurdy

sr         =         44100
ksmps         =         32
nchnls         =         1

giBuffer ftgen  0, 0, 2^17, 7, 0; table for audio data storage
maxalloc 2,1 ; allow only one instance of the recording instrument at a time!

instr        1 ; Sense keyboard activity. Trigger record or playback accordingly.
prints  "Press 'r' to record, 'p' for playback.\\n"

iTableLen  =       ftlen(giBuffer)  ; derive buffer function table length
idur       =       iTableLen / sr   ; derive storage time in seconds
kKey sensekey                       ; sense activity on the computer keyboard

if kKey=114 then                  ; if ASCCI value of 114 ('r') is output
event        "i", 2, 0, idur, iTableLen  ; activate recording instrument (2)

endif
if kKey=112 then                   ; if ASCCI value of 112 ('p) is output

event        "i", 3, 0, idur, iTableLen  ; activate playback instrument
endif

endin

instr 2 ; record to buffer
iTableLen  =        p4              ; table/recording length in samples
; -- print progress information to terminal --

prints   "recording"
printks  ".", 0.25       ; print '.' every quarter of a second

krelease   release                  ; sense when note is in final k-rate pass...
if krelease=1 then                 ; then ..

printks  "\\ndone\\n", 0 ; ... print a message
endif

; -- write audio to table --
ain        inch     1               ; read audio from live input channel 1
andx       line     0,p3,iTableLen  ; create an index for writing to table

tablew   ain,andx,giBuffer ; write audio to function table
endin

instr 3 ; playback from buffer
iTableLen  =        p4              ; table/recording length in samples
; -- print progress information to terminal --

prints   "playback"
printks  ".", 0.25       ; print '.' every quarter of a second

krelease   release                  ; sense when note is in final k-rate pass
if krelease=1 then                 ; then ...

printks  "\\ndone\\n", 0 ; ... print a message
endif; end of conditional branch

; -- read audio from table --
aNdx       line     0, p3, iTableLen; create an index for reading from table
a1         table    aNdx, giBuffer  ; read audio to audio storage table

out      a1              ; send audio to output
endin

</CsInstruments>



<CsScore>
i 1 0 3600 ; Sense keyboard activity. Start recording - playback.
</CsScore>

</CsoundSynthesizer>

ENCAPSULATING RECORD AND PLAY BUFFER
FUNCTIONALITY TO A UDO

3ECORDING�AND�PLAYING�OF�BUFFERS�CAN�ALSO�BE�ENCAPSULATED�INTO�A�6SER�%EFINED�0PCODE�
'OR�BEING�FLEXIBLE�IN�THE�SIZE�OF�THE�BUFFER
�THEtabwOPCODE�WILL�BE�USED�FOR�WRITING�AUDIO
DATA�TO�A�BUFFER�tabwWRITES�TO�A�TABLE�OF�ANY�SIZE�AND�DOES�NOT�NEED�A�POWER�OF�TWO�TABLE
SIZE�LIKEtablew�
"N�EMPTY�TABLE�	BUFFER
�OF�ANY�SIZE�CAN�BE�CREATED�WITH�A�NEGATIVE�NUMBER�AS�SIZE��"
TABLE�FOR�RECORDING����SECONDS�OF�AUDIO�DATA�CAN�BE�CREATED�IN�THIS�WAY�

giBuf1 ftgen 0, 0, -(10*sr), 2, 0

5HE�USED�CAN�DECIDE�WHETHER�HE�WANTS�TO�ASSIGN�A�CERTAIN�NUMBER�TO�THE�TABLE
�OR�WHETHER
HE�LETS�$SOUND�DO�THIS�JOB
�CALLING�THE�TABLE�VIA�ITS�VARIABLE
�IN�THIS�CASE�GI#UF���5HIS�IS�A
6%0�FOR�CREATING�A�MONO�BUFFER
�AND�ANOTHER�6%0�FOR�CREATING�A�STEREO�BUFFER�

opcode BufCrt1, i, io
ilen, inum xin
ift ftgen inum, 0, -(ilen*sr), 2, 0

xout ift
endop

opcode BufCrt2, ii, io
ilen, inum xin
iftL ftgen inum, 0, -(ilen*sr), 2, 0
iftR ftgen inum, 0, -(ilen*sr), 2, 0

xout iftL, iftR
endop

5HIS�SIMPLIFIES�THE�PROCEDURE�OF�CREATING�A�RECORD�PLAY�BUFFER
�BECAUSE�THE�USER�IS�JUST
ASKED�FOR�THE�LENGTH�OF�THE�BUFFER��"�NUMBER�CAN�BE�GIVEN
�BUT�BY�DEFAULT�$SOUND�WILL
ASSIGN�THIS�NUMBER��5HIS�STATEMENT�WILL�CREATE�AN�EMPTY�STEREO�TABLE�FOR���SECONDS�OF
RECORDING�

iBufL,iBufR BufCrt2 5

"�FIRST
�SIMPLE�VERSION�OF�A�6%0�FOR�RECORDING�WILL�JUST�WRITE�THE�INCOMING�AUDIO�TO
SEQUENTIAL�LOCATIONS�OF�THE�TABLE��5HIS�CAN�BE�DONE�BY�SETTING�THEksmpsVALUE�TO���INSIDE
THIS�6%0�	SETKSMPS��

�SO�THAT�EACH�AUDIO�SAMPLE�HAS�ITS�OWN�DISCRETE�K�VALUE��*N�THIS
WAY�THE�WRITE�INDEX�FOR�THE�TABLE�CAN�BE�ASSIGNED�VIA�THE�STATEMENT�ANDX�KNDX
�AND
INCREASED�BY�ONE�FOR�THE�NEXT�K�CYCLE��"N�ADDITIONAL�K�INPUT�TURNS�RECORDING�ON�AND�OF�



opcode BufRec1, 0, aik
ain, ift, krec xin

setksmps 1
if krec == 1 then ;record as long as krec=1
kndx init 0
andx = kndx

tabw ain, andx, ift
kndx = kndx+1
endif

endop

5HE�READING�PROCEDURE�IS�SIMPLE
�TOO��"CTUALLY�THE�SAME�CODE�CAN�BE�USED��IT�IS�SUFFICIENT
JUST�TO�REPLACE�THE�OPCODE�FOR�WRITING�	tabw
�WITH�THE�OPCODE�FOR�READING�	tab
�

opcode BufPlay1, a, ik
ift, kplay xin

setksmps 1
if kplay == 1 then ;play as long as kplay=1
kndx init 0
andx = kndx
aout tab andx, ift
kndx = kndx+1
endif

endop

4O���LET�S�USE�THESE�FIRST�SIMPLE�6%0S�IN�A�$SOUND�INSTRUMENT��1RESS�THE��R��KEY�AS�LONG�AS
YOU�WANT�TO�RECORD
�AND�THE��P��KEY�FOR�PLAYING�BACK��/OTE�THAT�YOU�MUST�DISABLE�THE�KEY
REPEATS�ON�YOUR�COMPUTER�KEYBOARD�FOR�THIS�EXAMPLE�	IN�2UTE$SOUND
�DISABLE��"LLOW�KEY
REPEATS��IN�$ONFIGURATION����(ENERAL
�

EXAMPLE 06B04_BufRecPlay_UDO.csd

<CsoundSynthesizer>
<CsOptions>
-i adc -o dac -d -m0
</CsOptions>
<CsInstruments>
;example written by Joachim Heintz
sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

opcode BufCrt1, i, io
ilen, inum xin
ift       ftgen     inum, 0, -(ilen*sr), 2, 0

xout      ift
endop

opcode BufRec1, 0, aik
ain, ift, krec  xin

setksmps  1
imaxindx  =         ftlen(ift)-1 ;max index to write



knew      changed   krec
if krec == 1 then ;record as long as krec=1

if knew == 1 then ;reset index if restarted
kndx      =         0

endif
kndx      =         (kndx > imaxindx ? imaxindx : kndx)
andx      =         kndx

tabw      ain, andx, ift
kndx      =         kndx+1
endif

endop

opcode BufPlay1, a, ik
ift, kplay  xin

setksmps  1
imaxindx  =         ftlen(ift)-1 ;max index to read
knew      changed   kplay
if kplay == 1 then ;play as long as kplay=1

if knew == 1 then ;reset index if restarted
kndx      =         0

endif
kndx      =         (kndx > imaxindx ? imaxindx : kndx)
andx      =         kndx
aout      tab       andx, ift
kndx      =         kndx+1
endif

xout      aout
endop

opcode KeyStay, k, kkk
;returns 1 as long as a certain key is pressed
key, k0, kascii    xin ;ascii code of the key (e.g. 32 for space)
kprev     init      0 ;previous key value
kout      =         (key == kascii || (key == -1 && kprev == kascii) ? 1 : 0)
kprev     =         (key > 0 ? key : kprev)
kprev     =         (kprev == key && k0 == 0 ? 0 : kprev)

xout      kout
endop

opcode KeyStay2, kk, kk
;combines two KeyStay UDO's (this way is necessary
;because just one sensekey opcode is possible in an orchestra)
kasci1, kasci2 xin ;two ascii codes as input
key,k0    sensekey
kout1     KeyStay   key, k0, kasci1
kout2     KeyStay   key, k0, kasci2

xout      kout1, kout2
endop

instr 1
ain        inch      1 ;audio input on channel 1
iBuf       BufCrt1   3 ;buffer for 3 seconds of recording
kRec,kPlay KeyStay2  114, 112 ;define keys for record and play

BufRec1   ain, iBuf, kRec ;record if kRec=1
aout       BufPlay1  iBuf, kPlay ;play if kPlay=1



out       aout ;send out
endin

</CsInstruments>
<CsScore>
i 1 0 1000
</CsScore>
</CsoundSynthesizer>

-ET�S�REALIZE�NOW�A�MORE�EXTENDED�AND�EASY�TO�OPERATE�VERSION�OF�THESE�TWO�6%0�S�FOR
RECORDING�AND�PLAYING�A�BUFFER��5HE�WISHES�OF�A�USER�MIGHT�BE�THE�FOLLOWING�

Recording:

d ALLOW�RECORDING�NOT�JUST�FROM�THE�BEGINNING�OF�THE�BUFFER
�BUT�ALSO�FROM�ANY
ARBITRARY�STARTING�POINTkstart

d ALLOW�CIRCULAR�RECORDING�	WRAP�AROUND
�IF�THE�END�OF�THE�BUFFER�HAS�BEEN�REACHED�
kwrap=1

Playing:

d PLAY�BACK�WITH�DIFFERENT�SPEEDkspeed	NEGAITVE�SPEED�MEANS�PLAYING�BACKWARDS

d START�PLAYBACK�AT�ANY�POINT�OF�THE�BUFFERkstart
d END�PLAYBACK�AT�ANY�POINT�OF�THE�BUFFERkend
d ALLOW�CERTAIN�MODES�OF�WRAPAROUNDkwrapWHILE�PLAYING�

o KWRAP���STOPS�AT�THE�DEFINED�END�POINT�OF�THE�BUFFER
o KWRAP���REPEATS�PLAYBACK�BETWEEN�DEFINED�END�AND�START�POINTS
o KWRAP���STARTS�AT�A�THE�DEFINED�STARTING�POINT�BUT�WRAPS�BETWEEN�END

POINT�AND�BEGINNING�OF�THE�BUFFER
o KWRAP���WRAPS�BETWEENkstartAND�THE�END�OF�THE�TABLE

5HE�FOLLOWING�EXAMPLE�PROVIDES�VERSIONS�OFBufRecANDBufPlayWHICH�DO�THIS�JOB��8E
WILL�USE�THE�TABLE��OPCODE�INSTEAD�OF�THE�SIMPLE�TAB�OR�TABLE�OPCODES�IN�THIS�CASE
�BECAUSE
WE�WANT�TO�TRANSLATE�ANY�NUMBER�OF�SAMPLES�IN�THE�TABLE�TO�ANY�NUMBER�OF�OUTPUT�SAMPLES
BY�DIFFERENT�SPEED�VALUES�



'OR�HIGHER�OR�LOWER�SPEED�VALUES�THAN�THE�ORIGINAL�RECORD�SPEED
�INTERPOLATION�MUST�BE
USED�IN�BETWEEN�CERTAIN�SAMPLE�VALUES�IF�THE�ORIGINAL�SHAPE�OF�THE�WAVE�IS�TO�BE
REPRODUCED�AS�ACCURATELY�AS�POSSIBLE��5HIS�JOB�IS�PERFORMED�WITH�HIGH�QUALITY�BYTABLE�
WHICH�EMPLOYS�CUBIC�INTERPOLATION�

*N�A�TYPICAL�APPLICATION�OF�RECORDING�AND�PLAYING�BUFFER�BUFFERS
�THE�ABILITY�TO�INTERACT�WITH
THE�PROCESS�WILL�BE�PARAMOUNT��8E�CAN�BENEFIT�FROM�HAVING�INTERACTIVE�ACCESS�TO�THE
FOLLOWING�

http://www.csounds.com/manual/html/table3.html


d STARTING�AND�STOPPING�RECORD
d ADJUSTING�THE�START�AND�END�POINTS�OF�RECORDING
d USE�OR�PREVENT�WRAPAROUND�WHILE�RECORDING
d STARTING�AND�STOPPING�PLAYBACK
d ADJUSTING�THE�START�AND�END�POINTS�OF�PLAYBACK
d ADJUSTING�WRAPAROUND�IN�PLAYBACK�AT�ONE�OF�THE�SPECIFIED�MODES�	�����

d APPLYING�VOLUME�AT�PLAYBACK

5HESE�INTERACTIONS�COULD�BE�CARRIED�OUT�VIA�WIDGETS
�.*%*
�04$�OR�SOMETHING�ELSE��"S�WE
WANT�TO�PROVIDE�EXAMPLES�WHICH�CAN�BE�USED�WITH�ANY�$SOUND�FRONTEND�HERE
�WE�ARE
RESTRICTED�TO�TRIGGERING�THE�RECORD�AND�PLAY�EVENTS�BY�HITTING�THE�SPACE�BAR�OF�THE�COMPUTER
KEYBOARD��	4EE�THE�$SOUND2T�VERSION�OF�THIS�EXAMPLE�FOR�A�MORE�INTERACTIVE�VERSION�


EXAMPLE 06B05_BufRecPlay_complex.csd

<CsoundSynthesizer>
<CsOptions>
-i adc -o dac -d
</CsOptions>
<CsInstruments>
;example written by joachim heintz
sr = 44100
ksmps = 32
nchnls = 2
0dbfs = 1

opcode BufCrt2, ii, io ;creates a stereo buffer
ilen, inum xin ;ilen = length of the buffer (table) in seconds
iftL      ftgen     inum, 0, -(ilen*sr), 2, 0
iftR      ftgen     inum, 0, -(ilen*sr), 2, 0

xout      iftL, iftR
endop

opcode BufRec1, k, aikkkk ;records to a buffer
ain, ift, krec, kstart, kend, kwrap xin

setksmps        1
kendsmps        =                kend*sr ;end point in samples
kendsmps        =                (kendsmps == 0 || kendsmps > ftlen(ift) ? ftlen(ift) : kendsmps)
kfinished        =                0
knew                changed        krec ;1 if record just started

if krec == 1 then
if knew == 1 then

kndx                =                kstart * sr - 1 ;first index to write
endif
if kndx >= kendsmps-1 && kwrap == 1 then

kndx                =                -1
endif
if kndx < kendsmps-1 then

kndx                =                kndx + 1
andx                =                kndx

tabw                ain, andx, ift
else



kfinished        =                1
endif

endif
xout                kfinished

endop

opcode BufRec2, k, aaiikkkk ;records to a stereo buffer
ainL, ainR, iftL, iftR, krec, kstart, kend, kwrap xin
kfin      BufRec1     ainL, iftL, krec, kstart, kend, kwrap
kfin      BufRec1     ainR, iftR, krec, kstart, kend, kwrap

xout        kfin
endop

opcode BufPlay1, ak, ikkkkkk
ift, kplay, kspeed, kvol, kstart, kend, kwrap xin
;kstart = begin of playing the buffer in seconds
;kend = end of playing in seconds. 0 means the end of the table
;kwrap = 0: no wrapping. stops at kend (positive speed) or kstart
;  (negative speed).this makes just sense if the direction does not
;  change and you just want to play the table once
;kwrap = 1: wraps between kstart and kend
;kwrap = 2: wraps between 0 and kend
;kwrap = 3: wraps between kstart and end of table
;CALCULATE BASIC VALUES
kfin                init                0
iftlen                =                ftlen(ift)/sr ;ftlength in seconds
kend                =                (kend == 0 ? iftlen : kend) ;kend=0 means end of table
kstart01        =                kstart/iftlen ;start in 0-1 range
kend01                =                kend/iftlen ;end in 0-1 range
kfqbas                =                (1/iftlen) * kspeed ;basic phasor frequency
;DIFFERENT BEHAVIOUR DEPENDING ON WRAP:
if kplay == 1 && kfin == 0 then

;1. STOP AT START- OR ENDPOINT IF NO WRAPPING REQUIRED (kwrap=0)
if kwrap == 0 then

; -- phasor freq so that 0-1 values match distance start-end
kfqrel                =                kfqbas / (kend01-kstart01)
andxrel        phasor         kfqrel ;index 0-1 for distance start-end
; -- final index for reading the table (0-1)
andx                =                andxrel * (kend01-kstart01) + (kstart01)
kfirst                init                1 ;don't check condition below at the first k-cycle (always true)
kndx                downsamp        andx
kprevndx        init                0

;end of table check:
;for positive speed, check if this index is lower than the previous one
if kfirst == 0 && kspeed > 0 && kndx < kprevndx then

kfin                =                1
;for negative speed, check if this index is higher than the previous one

else
kprevndx        =                (kprevndx == kstart01 ? kend01 : kprevndx)

if kfirst == 0 && kspeed < 0 && kndx > kprevndx then
kfin                =                1

endif
kfirst                =                0 ;end of first cycle in wrap = 0

endif
;sound out if end of table has not yet reached

asig                table3                andx, ift, 1



kprevndx        =                kndx ;next previous is this index
;2. WRAP BETWEEN START AND END (kwrap=1)
elseif kwrap == 1 then

kfqrel                =                kfqbas / (kend01-kstart01) ;same as for kwarp=0
andxrel        phasor         kfqrel
andx                =                andxrel * (kend01-kstart01) + (kstart01)
asig                table3                andx, ift, 1        ;sound out

;3. START AT kstart BUT WRAP BETWEEN 0 AND END (kwrap=2)
elseif kwrap == 2 then

kw2first        init                1
if kw2first == 1 then ;at first k-cycle:

reinit                wrap3phs ;reinitialize for getting the correct start phase
kw2first        =                0

endif
kfqrel                =                kfqbas / kend01 ;phasor freq so that 0-1 values match distance start-end
wrap3phs:
andxrel        phasor         kfqrel, i(kstart01) ;index 0-1 for distance start-end

rireturn        ;end of reinitialization
andx                =                andxrel * kend01 ;final index for reading the table
asig                table3                andx, ift, 1        ;sound out

;4. WRAP BETWEEN kstart AND END OF TABLE(kwrap=3)
elseif kwrap == 3 then

kfqrel                =                kfqbas / (1-kstart01) ;phasor freq so that 0-1 values match distance start-end
andxrel        phasor         kfqrel ;index 0-1 for distance start-end
andx                =                andxrel * (1-kstart01) + kstart01 ;final index for reading the table
asig                table3                andx, ift, 1

endif
else ;if either not started or finished at wrap=0
asig                =                0 ;don't produce any sound
endif

xout                asig*kvol, kfin
endop

opcode BufPlay2, aak, iikkkkkk ;plays a stereo buffer
iftL, iftR, kplay, kspeed, kvol, kstart, kend, kwrap xin
aL,kfin   BufPlay1     iftL, kplay, kspeed, kvol, kstart, kend, kwrap
aR,kfin   BufPlay1     iftR, kplay, kspeed, kvol, kstart, kend, kwrap

xout         aL, aR, kfin
endop

opcode In2, aa, kk ;stereo audio input
kchn1, kchn2 xin
ain1      inch      kchn1
ain2      inch      kchn2

xout      ain1, ain2
endop

opcode Key, kk, k
;returns '1' just in the k-cycle a certain key has been pressed (kdown)
;  or released (kup)
kascii    xin ;ascii code of the key (e.g. 32 for space)
key,k0    sensekey
knew      changed   key
kdown     =         (key == kascii && knew == 1 && k0 == 1 ? 1 : 0)
kup       =         (key == kascii && knew == 1 && k0 == 0 ? 1 : 0)

xout      kdown, kup



endop

instr 1
giftL,giftR BufCrt2   3 ;creates a stereo buffer for 3 seconds
gainL,gainR In2     1,2 ;read input channels 1 and 2 and write as global audio

prints    "PLEASE PRESS THE SPACE BAR ONCE AND GIVE AUDIO INPUT
ON CHANNELS 1 AND 2.\n"

prints    "AUDIO WILL BE RECORDED AND THEN AUTOMATICALLY PLAYED
BACK IN SEVERAL MANNERS.\n"

krec,k0   Key       32
if krec == 1 then

event     "i", 2, 0, 10
endif

endin

instr 2
; -- records the whole buffer and returns 1 at the end
kfin      BufRec2   gainL, gainR, giftL, giftR, 1, 0, 0, 0

if kfin == 0 then
printks   "Recording!\n", 1

endif
if kfin == 1 then

ispeed    random    -2, 2
istart    random    0, 1
iend      random    2, 3
iwrap     random    0, 1.999
iwrap     =         int(iwrap)
printks "Playing back with speed = %.3f, start = %.3f, end = %.3f,

wrap = %d\n", p3, ispeed, istart, iend, iwrap
aL,aR,kf  BufPlay2  giftL, giftR, 1, ispeed, 1, istart, iend, iwrap

if kf == 0 then
printks   "Playing!\n", 1

endif
endif

krel      release
if kfin == 1 && kf == 1 || krel == 1 then

printks   "PRESS SPACE BAR AGAIN!\n", p3
turnoff

endif
outs      aL, aR

endin

</CsInstruments>
<CsScore>
i 1 0 1000
e
</CsScore>
</CsoundSynthesizer>



RECEIVING EVENTS BY MIDIIN
$SOUND�PROVIDES�A�VARIETY�OF�OPCODES
�SUCH�ASCPSMIDI
 AMPMIDIANDCTRL�WHICH�ALLOW
FOR�TRANSPARENT�INTERPRETATION�OF�INCOMING�MIDI�DATA��5HESE�OPCODES�ALLOW�US�TO�READ�IN
MIDI�INFORMATION�WITHOUT�US�HAVING�TO�WORRY�ABOUT�PARSING�STATUS�BYTES�AND�SO�ON�
0CCASIONALLY�WHEN�WE�ARE�INVOLVED�IN�MORE�COMPLEX�MIDI�INTERACTION
�IT�MIGHT�BE
ADVANTAGEOUS�FOR�US�TO�SCAN�ALL�RAW�MIDI�INFORMATION�THAT�IS�COMING�INTO�$SOUND��5HE
MIDIINOPCODE�ALLOWS�US�TO�DO�THIS�

*N�THE�NEXT�EXAMPLE�A�SIMPLE�MIDI�MONITOR�IS�CONSTRUCTED��*NCOMING�MIDI�EVENTS�ARE
PRINTED�TO�THE�TERMINAL�WITH�SOME�FORMATTING�TO�MAKE�THEM�READABLE��8E�CAN�DISABLE
$SOUND�S�DEFAULT�INSTRUMENT�TRIGGERING�MECHANISM�	WHICH�IN�THIS�EXAMPLE�WE�DON�T�WANT

BY�GIVING�THE�LINE�

massign 0,0

JUST�AFTER�THE�HEADER�STATEMENT�	SOMETIMES�REFERRED�TO�AS�INSTRUMENT��
�

'OR�THIS�EXAMPLE�TO�WORK�YOU�WILL�NEED�TO�ENSURE�THAT�YOU�HAVE�ACTIVATED�LIVE�MIDI�INPUT
WITHIN�$SOUND
�EITHER�BY�USING�THE�.�FLAGOR�FROM�WITHIN�THE�2UTE$SOUND�CONFIGURATION
MENU
�AND�THAT�YOU�HAVE�A�MIDI�KEYBOARD�OR�CONTROLLER�CONNECTED��:OU�MAY�ALSO�WANT�TO
INCLUDE�THE�M��FLAGWHICH�WILL�DISABLE�SOME�OF�$SOUND�S�ADDITIONAL�MESSAGING�OUTPUT
AND�THEREFORE�ALLOW�OUR�MIDI�PRINTOUT�TO�BE�PRESENTED�MORE�CLEARLY�

5HE�STATUS�BYTE�TELLS�US�WHAT�SORT�OF�MIDI�INFORMATION�HAS�BEEN�RECEIVED��'OR�EXAMPLE
�A
VALUE�OF�����TELLS�US�THAT�A�MIDI�NOTE�EVENT�HAS�BEEN�RECEIVED
�A�VALUE�OF�����TELLS�US�THAT
A�MIDI�CONTROLLER�EVENT�HAS�BEEN�RECEIVED
�A�VALUE�OF�����TELLS�US�THAT�PITCH�BEND�HAS�BEEN
RECEIVED�AND�SO�ON�

5HE�MEANING�OF�THE�TWO�DATA�BYTES�DEPENDS�ON�WHAT�SORT�OF�STATUS�BYTE�HAS�BEEN�RECEIVED�
'OR�EXAMPLE�IF�A�MIDI�NOTE�EVENT�HAS�BEEN�RECEIVED�THEN�DATA�BYTE���GIVES�US�THE�NOTE
VELOCITY�AND�DATA�BYTE���GIVES�US�THE�NOTE�NUMBER
�IF�A�MIDI�CONTROLLER�EVENT�HAS�BEEN
RECEIVED�THEN�DATA�BYTE���GIVES�US�THE�CONTROLLER�NUMBER�AND�DATA�BYTE���GIVES�US�THE
CONTROLLER�VALUE�

EXAMPLE 07A01_midiin_print.csd

<CsoundSynthesizer>

<CsOptions>
-Ma -m0
; activates all midi devices, suppress note printings
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

http://www.csounds.com/manual/html/cpsmidi.html
http://www.csounds.com/manual/html/ampmidi.html
http://www.csounds.com/manual/html/ctrl7.html
/C:/Program Files/Csound/doc/manual/midiin.html
http://www.csounds.com/manual/html/CommandFlagsCategory.html#FlagsCatMinusUpperM
http://www.csounds.com/manual/html/CommandFlags.html#FlagsMinusLowerM


; no audio so 'sr' or 'nchnls' aren't relevant
ksmps = 32

; using massign with these arguments disables default instrument triggering
massign        0,0

instr 1
kstatus, kchan, kdata1, kdata2  midiin            ;read in midi
ktrigger  changed  kstatus, kchan, kdata1, kdata2 ;trigger if midi data changes

if ktrigger=1 && kstatus!=0 then          ;if status byte is non-zero...
; -- print midi data to the terminal with formatting --

printks "status:%d%tchannel:%d%tdata1:%d%tdata2:%d%n"\
,0,kstatus,kchan,kdata1,kdata2

endif
endin

</CsInstruments>

<CsScore>
i 1 0 3600 ; instr 1 plays for 1 hour
</CsScore>

</CsoundSynthesizer>

5HE�PRINCIPLE�ADVANTAGE�OF�THEmidiin OPCODE�IS�THAT
�UNLIKE�OPCODES�SUCH�AScpsmidi

ampmidiANDctrl7 WHICH�ONLY�RECEIVE�SPECIFIC�MIDI�DATA�TYPES�ON�A�SPECIFIC�CHANNEL

midiin �LISTENS��TO�ALL�INCOMING�DATA�INCLUDING�SYSTEM�EXCLUSIVE��*N�SITUATIONS�WHERE
ELABORATE�$SOUND�INSTRUMENT�TRIGGERING�MAPPINGS�THAT�ARE�BEYOND�THE�DEFAULT�TRIGGERING
MECHANISM�S�CAPABILITIES
�ARE�REQUIRED�THEN�THE�USE�FORmidiin MIGHT�BE�BENEFICIAL�



TRIGGERING INSTRUMENT
INSTANCES

CSOUND'S DEFAULT SYSTEM OF INSTRUMENT
TRIGGERING VIA MIDI

$SOUND�HAS�A�DEFAULT�SYSTEM�FOR�INSTRUMENT�TRIGGERING�VIA�MIDI��1ROVIDED�A�MIDI�KEYBOARD
HAS�BEEN�CONNECTED�AND�THE�APPROPRIATE�COMMMAND�LINE�FLAGS�FOR�MIDI�INPUT�HAVE�BEEN
SET�	SEECONFIGURING�MIDIFOR�FURTHER�INFORMATION
�OR�THE�APPROPRIATESETTINGS�HAVE�BEEN
MADE�IN�2UTE$SOUND�S�CONFIGURATION�MENU
�THEN�MIDI�NOTES�RECEIVED�ON�MIDI�CHANNEL��
WILL�TRIGGER�INSTRUMENT��
�NOTES�ON�CHANNEL���WILL�TRIGGER�INSTRUMENT���AND�SO�ON�
*NSTRUMENTS�WILL�TURN�ON�AND�OFF�IN�SYMPATHY�WITH�NOTES�BEING�PRESSED�AND�RELEASED�ON�THE
MIDI�KEYBOARD�AND�$SOUND�WILL�CORRECTLY�UNRAVEL�POLYPHONIC�LAYERING�AND�TURN�ON�AND�OFF
ONLY�THE�CORRECT�LAYER�OF�THE�SAME�INSTRUMENT�BEGIN�PLAYED��.IDI�ACTIVATED�NOTES�CAN�BE
THOUGHT�OF�AS��HELD��NOTES
�SIMILAR�TO�NOTES�ACTIVATED�IN�THE�SCORE�WITH�A�NEGATIVE�DURATION
	P�
��.IDI�ACTIVATED�NOTES�WILL�SUSTAIN�INDEFINITELY�AS�LONG�AS�THE�PERFORMANCE�TIME�WILL
ALLOW�UNTIL�A�CORRESPONDING�NOTE�OFF�HAS�BEEN�RECEIVED���THIS�IS�UNLESS�THIS�INFINITE�P�
DURATION�IS�OVERWRITTEN�WITHIN�THE�INSTRUMENT�ITSELF�BY�P��BEGIN�EXPLICITLY�DEFINED�

5HE�FOLLOWING�EXAMPLE�CONFIRMS�THIS�DEFAULT�MAPPING�OF�MIDI�CHANNELS�TO�INSTRUMENTS�
:OU�WILL�NEED�A�MIDI�KEYBOARD�THAT�ALLOWS�YOU�TO�CHANGE�THE�MIDI�CHANNEL�ON�WHICH�IT�IS
TRANSMMITTING��#ESIDES�A�WRITTEN�CONFIRMATION�TO�THE�CONSOLE�OF�WHICH�INSTRUMENT�IS�BEGIN
TRIGGERED
�THERE�IS�AN�AUDIBLE�CONFIRMATION�IN�THAT�INSTRUMENT���PLAYS�SINGLE�PULSES

INSTRUMENT���PLAYS�SETS�OF�TWO�PULSES�AND�INSTRUMENT���PLAYS�SETS�OF�THREE�PULSES��5HE
EXAMPLE�DOES�NOT�GO�BEYOND�THREE�INSTRUMENTS��*F�NOTES�ARE�RECEIVED�ON�MIDI�CHANNEL��
AND�ABOVE
�BECAUSE�CORRESONDING�INSTRUMENTS�DO�NOT�EXIST
�NOTES�ON�ANY�OF�THESE�CHANNELS
WILL�BE�DIRECTED�TO�INSTRUMENT���

EXAMPLE 07B01_MidiInstrTrigger.csd

<CsoundSynthesizer>

<CsOptions>
-Ma -odac -m0
;activates all midi devices, real time sound output, and suppress note printings
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

http://en.flossmanuals.net/bin/view/Csound/CONFIGURINGMIDI


gisine ftgen 0,0,2^12,10,1

instr 1 ; 1 impulse (midi channel 1)
prints "instrument/midi channel: %d%n",p1 ; print instrument number to terminal
reset:                                    ; label 'reset'

timout 0, 1, impulse                 ; jump to 'impulse' for 1 second
reinit reset                         ; reninitialize pass from 'reset'

impulse:                                  ; label 'impulse'
aenv expon     1, 0.3, 0.0001             ; a short percussive envelope
aSig poscil    aenv, 500, gisine          ; audio oscillator

out       aSig                       ; audio to output
endin

instr 2 ; 2 impulses (midi channel 2)
prints "instrument/midi channel: %d%n",p1
reset:

timout 0, 1, impulse
reinit reset

impulse:
aenv expon     1, 0.3, 0.0001
aSig poscil    aenv, 500, gisine
a2   delay     aSig, 0.15                 ; short delay adds another impulse

out       aSig+a2                    ; mix two impulses at output
endin

instr 3 ; 3 impulses (midi channel 3)
prints "instrument/midi channel: %d%n",p1
reset:

timout 0, 1, impulse
reinit reset

impulse:
aenv expon     1, 0.3, 0.0001
aSig poscil    aenv, 500, gisine
a2   delay     aSig, 0.15                 ; delay adds a 2nd impulse
a3   delay     a2, 0.15                   ; delay adds a 3rd impulse

out       aSig+a2+a3                 ; mix the three impulses at output
endin

</CsInstruments>
<CsScore>
f 0 300
e
</CsScore>
<CsoundSynthesizer>

USING MASSIGN TO MAP MIDI CHANNELS TO
INSTRUMENTS

8E�CAN�USE�THEMASSIGNOPCODE
�WHICH�IS�USED�JUST�AFTER�THE�HEADER�STATEMENT
�TO
EXPLICITLY�MAP�MIDI�CHANNELS�TO�SPECIFIC�INSTRUMENTS�AND�THEREBY�OVERRULE�$SOUND�S
DEFAULT�MAPPINGS�massignTAKES�TWO�INPUT�ARGUMENTS
�THE�FIRST�DEFINES�THE�MIDI�CHANNEL
TO�BE�REDIRECTED�AND�THE�SECOND�STIPULATES�WHICH�INSTRUMENT�IT�SHOULD�BE�DIRECTED�TO��5HE

http://www.csounds.com/manual/html/massign.html


FOLLOWING�EXAMPLE�IS�IDENTICAL�TO�THE�PREVIOUS�ONE�EXCEPT�THAT�THEmassignSTATEMENTS
NEAR�THE�TOP�OF�THE�ORCHESTRA�JUMBLE�UP�THE�DEFAULT�MAPPINGS��.IDI�NOTES�ON�CHANNEL��
WILL�BE�MAPPED�TO�INSTRUMENT��
�NOTES�ON�CHANNEL���TO�INSTRUMENT���AND�NOTES�ON�CHANNEL
��TO�INSTRUMENT����6NDEFINED�CHANNEL�MAPPINGS�WILL�BE�MAPPED�ACCORDING�TO�THE�DEFAULT
ARRANGEMENT�AND�ONCE�AGAIN�MIDI�NOTES�ON�CHANNELS�FOR�WHICH�AN�INSTRUMENT�DOES�NOT
EXIST�WILL�BE�MAPPED�TO�INSTRUMENT���

EXAMPLE 07B02_massign.csd

<CsoundSynthesizer>

<CsOptions>
-Ma -odac -m0
; activate all midi devices, real time sound output, and suppress note printing
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

gisine ftgen 0,0,2^12,10,1

massign 1,3  ; channel 1 notes directed to instr 3
massign 2,1  ; channel 2 notes directed to instr 1
massign 3,2  ; channel 3 notes directed to instr 2

instr 1 ; 1 impulse (midi channel 1)
iChn midichn                                  ; discern what midi channel
prints "channel:%d%tinstrument: %d%n",iChn,p1 ; print instr num and midi channel
reset:                                        ; label 'reset'

timout 0, 1, impulse                     ; jump to 'impulse' for 1 second
reinit reset                             ; reninitialize pass from 'reset'

impulse:                                      ; label 'impulse'
aenv expon     1, 0.3, 0.0001                 ; a short percussive envelope
aSig poscil    aenv, 500, gisine              ; audio oscillator

out       aSig                           ; send audio to output
endin

instr 2 ; 2 impulses (midi channel 2)
iChn midichn
prints "channel:%d%tinstrument: %d%n",iChn,p1
reset:

timout 0, 1, impulse
reinit reset

impulse:
aenv expon     1, 0.3, 0.0001
aSig poscil    aenv, 500, gisine
a2   delay     aSig, 0.15                      ; delay generates a 2nd impulse

out       aSig+a2                         ; mix two impulses at the output
endin



instr 3 ; 3 impulses (midi channel 3)
iChn midichn
prints "channel:%d%tinstrument: %d%n",iChn,p1
reset:

timout 0, 1, impulse
reinit reset

impulse:
aenv expon     1, 0.3, 0.0001
aSig poscil    aenv, 500, gisine
a2   delay     aSig, 0.15                      ; delay generates a 2nd impulse
a3   delay     a2, 0.15                        ; delay generates a 3rd impulse

out       aSig+a2+a3                      ; mix three impulses at output
endin

</CsInstruments>

<CsScore>
f 0 300
e
</CsScore>

<CsoundSynthesizer>

massignALSOHAS�A�COUPLE�OF�ADDITIONAL�FUNCTIONS�THAT�MAY�COME�IN�USEFUL��"�CHANNEL
NUMBER�OF�ZERO�IS�INTERPRETED�AS�MEANING��ANY���5HE�FOLLOWING�INSTRUCTION�WILL�MAP�NOTES
ON�ANY�AND�ALL�CHANNELS�TO�INSTRUMENT���

massign 0,1

"N�INSTRUMENT�NUMBER�OF�ZERO�IS�INTERPRETED�AS�MEANING��NONE��SO�THE�FOLLOWING
INSTRUCTION�WILL�INSTRUCT�$SOUND�TO�IGNORE�TRIGGERING�FOR�NOTES�RECEIVED�ON�ANY�AND�ALL
CHANNELS�

massign 0,0

5HE�ABOVE�FEATURE�IS�USEFUL�WHEN�WE�WANT�TO�SCAN�MIDI�DATA�FROM�AN�ALREADY�ACTIVE
INSTRUMENT�USING�THEMIDIINOPCODE
�AS�WE�DID�IN�&9".1-&������CSD�

USING MULTIPLE TRIGGERING

$SOUND�SEVENT�EVENT@IOPCODE�	SEE�THE5RIGGERING�*NSTRUMENT�&VENTS�CHAPTER
�MAKES�IT
POSSIBLE�TO�TRIGGER�ANY�OTHER�INSTRUMENT�FROM�A�MIDI�TRIGGERED�ONE��"S�YOU�CAN�ASSIGN�A
FRACTIONAL�NUMBER�TO�AN�INSTRUMENT
�YOU�CAN�DISTINGUISH�THE�SINGLE�INSTANCES�FROM�EACH
OTHER��5HIS�IS�AN�EXAMPLE�FOR�USING�FRACTIONAL�INSTRUMENT�NUMBERS�

EXAMPLE 07B03_MidiTriggerChain.csd

<CsoundSynthesizer>
<CsOptions>

http://www.csounds.com/manual/html/midiin.html
http://www.csounds.com/manual/html/event.html
http://www.csounds.com/manual/html/event_i.html
http://en.flossmanuals.net/bin/view/Csound/TriggeringInstrumentEvents


-Ma
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz, using code of Victor Lazzarini
sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

massign   0, 1 ;assign all incoming midi to instr 1

instr 1 ;global midi instrument, calling instr 2.cc.nnn (c=channel, n=note number)
inote     notnum ;get midi note number
ichn      midichn ;get midi channel
instrnum  =         2 + ichn/100 + inote/100000 ;make fractional instr number

; -- call with indefinite duration
event_i   "i", instrnum, 0, -1, ichn, inote

kend      release ;get a "1" if instrument is turned off
if kend == 1 then

event     "i", -instrnum, 0, 1 ;then turn this instance off
endif

endin

instr 2
ichn      =         int(frac(p1)*100)
inote     =         round(frac(frac(p1)*100)*1000)

prints    "instr %f: ichn = %f, inote = %f%n", p1, ichn, inote
printks   "instr %f playing!%n", 1, p1

endin

</CsInstruments>
<CsScore>
f 0 36000
e
</CsScore>
</CsoundSynthesizer>

5HIS�EXAMPLE�MERELY�DEMONSTRATES�A�TECHNIQUE�FOR�PASSING�INFORMATION�ABOUT�.*%*
CHANNEL�AND�NOTE�NUMBER�FROM�THE�DIRECTLY�TRIGGERED�INSTRUMENT�TO�A�SUB�INSTRUMENT��"
PRACTICAL�APPLICATION�FOR�THIS�WOULD�BE�IN�CREATING�KEYGROUPS���TRIGGERING�DIFFERENT
INSTRUMENTS�BY�PLAYING�IN�DIFFERENT�REGIONS�OF�THE�KEYBOARD��*N�THIS�CASE�YOU�COULD�CHANGE
JUST�THE�LINE�

instrnum  =         2 + ichn/100 + inote/100000

TO�THIS�

if inote < 48 then
instrnum  =         2

elseif inote < 72 then
instrnum = 3

else
instrnum = 4



endif
instrnum = instrnum + ichn/100 + inote/100000

*N�THIS�CASE�YOU�WILL�CALL�FOR�ANY�KEY�BELOW�$��INSTRUMENT��
�FOR�ANY�KEY�BETWEEN�$��AND
#��INSTRUMENT��
�AND�FOR�ANY�HIGHER�KEY�INSTRUMENT���

#Y�THIS�MULTIPLE�TRIGGERING�YOU�ARE�ALSO�ABLE�TO�TRIGGER�MORE�THAN�ONE�INSTRUMENT�AT�THE
SAME�TIME�	WHICH�IS�NOT�POSSIBLE�BY�THEmassignOPCODE
��5HIS�IS�AN�EXAMPLE�USING�A
6SER�%EFINED�0PCODE�	SEE�THE6%0�CHAPTEROF�THIS�MANUAL
�

EXAMPLE 07B04_MidiMultiTrigg.csd

<CsoundSynthesizer>
<CsOptions>
-Ma
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz, using code of Victor Lazzarini
sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

massign   0, 1 ;assign all incoming midi to instr 1
giInstrs  ftgen     0, 0, -5, -2, 2, 3, 4, 10, 100 ;instruments to be triggered

opcode MidiTrig, 0, io
;triggers the first inum instruments in the function table ifn by a midi event,
; with fractional numbers containing channel and note number information

; -- if inum=0 or not given, all instrument numbers in ifn are triggered
ifn, inum  xin
inum      =         (inum == 0 ? ftlen(ifn) : inum)
inote     notnum
ichn      midichn
iturnon   =         0
turnon:
iinstrnum tab_i     iturnon, ifn
if iinstrnum > 0 then
ifracnum  =         iinstrnum + ichn/100 + inote/100000

event_i   "i", ifracnum, 0, -1
endif

loop_lt   iturnon, 1, inum, turnon
kend      release
if kend == 1 then
kturnoff  =         0
turnoff:
kinstrnum tab       kturnoff, ifn

if kinstrnum > 0 then
kfracnum  =         kinstrnum + ichn/100 + inote/100000

event     "i", -kfracnum, 0, 1
loop_lt   kturnoff, 1, inum, turnoff

endif
endif

http://en.flossmanuals.net/bin/view/Csound/Userdefinedopcodes


endop

instr 1 ;global midi instrument
; -- trigger the first two instruments in the giInstrs table

MidiTrig  giInstrs, 2
endin

instr 2
ichn      =         int(frac(p1)*100)
inote     =         round(frac(frac(p1)*100)*1000)

prints    "instr %f: ichn = %f, inote = %f%n", p1, ichn, inote
printks   "instr %f playing!%n", 1, p1

endin

instr 3
ichn      =         int(frac(p1)*100)
inote     =         round(frac(frac(p1)*100)*1000)

prints    "instr %f: ichn = %f, inote = %f%n", p1, ichn, inote
printks   "instr %f playing!%n", 1, p1

endin

</CsInstruments>
<CsScore>
f 0 36000
e
</CsScore>
</CsoundSynthesizer>



WORKING WITH CONTROLLERS

SCANNING MIDI CONTINUOUS CONTROLLERS

5HE�MOST�USEFUL�OPCODE�FOR�READING�IN�MIDI�CONTINUOUS�CONTROLLERS�ISCTRL�� �CTRL��S�INPUT
ARGUMENTS�ALLOW�US�TO�SPECIFY�MIDI�CHANNEL�AND�CONTROLLER�NUMBER�OF�THE�CONTROLLER�TO�BE
SCANNED�IN�ADDITION�TO�GIVING�US�THE�OPTION�TO�RESCALE�THE�RECEIVED�MIDI�VALUES�BETWEEN�A
NEW�MINIMUM�AND�MAXIMUM�VALUE�AS�DEFINED�BY�THE��RD�AND��TH�INPUT�ARGUMENTS�
'URTHER�POSSIBILITIES�FOR�MODIFYING�THE�DATA�OUTPUT�ARE�PROVIDED�BY�THE��TH�	OPTIONAL

ARGUMENT�WHICH�IS�USED�TO�POINT�TO�A�FUNCTION�TABLE�THAT�RESHAPES�THE�CONTROLLERS�OUTPUT
RESPONSE�TO�SOMETHING�OTHER�THAN�LINEAR��5HIS�CAN�BE�USEFUL�WHEN�WORKING�WITH
PARAMETERS�WHICH�ARE�NORMALLY�EXPRESSED�ON�ALOGARITHMIC�SCALE�SUCH�AS�FREQUENCY�

5HE�FOLLOWING�EXAMPLE�SCANS�MIDI�CONTROLLER���ON�CHANNEL���AND�PRINTS�VALUES�RECEIVED�TO
THE�CONSOLE��5HE�MINIMUM�AND�MAXIMUM�VALUES�ARE�GIVEN�AS���AND�����THEREFORE�THEY
ARE�NOT�RESCALED�AT�ALL��	$ONTROLLER���IS�ALSO�THE�MODULATION�WHEEL�ON�A�MIDI�KEYBOARD�


EXAMPLE 07C01_ctrl7_print.csd

<CsoundSynthesizer>

<CsOptions>
-Ma -odac
; activate all MIDI devices
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

; 'sr' and 'nchnls' are irrelevant so are omitted
ksmps = 32

instr 1
kCtrl    ctrl7    1,1,0,127    ; read in controller 1 on channel 1
kTrigger changed  kCtrl        ; if 'kCtrl' changes generate a trigger ('bang')

if kTrigger=1 then
; Print kCtrl to console with formatting, but only when its value changes.
printks "Controller Value: %d%n", 0, kCtrl

endif
endin

</CsInstruments>

<CsScore>
i 1 0 3600
e
</CsScore>

<CsoundSynthesizer>

http://www.csounds.com/manual/html/ctrl7.html


5HERE�ARE�ALSO����BIT�AND����BIT�VERSIONS�OFctrl7 	CTRL��ANDCTRL��
�WHICH�IMPROVE�UPON
THE���BIT�RESOLUTION�OF��CTRL���BUT�HARDWARE�THAT�OUTPUTS����OR����BIT�CONTROLLER�INFORMATION
IS�RARE�SO�THESE�OPCODES�ARE�SELDOM�USED�

SCANNING PITCH BEND AND AFTERTOUCH

8E�CAN�SCAN�PITCH�BEND�AND�AFTERTOUCH�IN�A�SIMILAR�WAY�USING�THE�OPCODESPCHBENDAND
AFTOUCH��0NCE�AGAIN�WE�CAN�SPECIFY�MINIMUM�AND�MAXIMUM�VALUES�WITH�WHICH�TO�RE�
RANGE�THE�OUTPUT��*N�THE�CASE�OF��PCHBEND��WE�SPECIFY�THE�VALUE�IT�OUTPUTS�WHEN�THE�PITCH
BEND�WHEEL�IS�AT�REST�FOLLOWED�BY�A�VALUE�WHICH�DEFINES�THE�ENTIRE�RANGE�FROM�WHEN�IT�IS
PULLED�TO�ITS�MINIMUM�TO�WHEN�IT�IS�PUSHED�TO�ITS�MAXIMUM��*N�THIS�EXAMPLE�PLAYING�A�KEY
ON�THE�KEYBOARD�WILL�PLAY�A�NOTE
�THE�PITCH�OF�WHICH�CAN�BE�BENT�UP�OR�DOWN�TWO
SEMITONES�USING�THE�PITCH�BEND�WHEEL��"FTERTOUCH�CAN�BE�USED�TO�MODIFY�THE�AMPLITUDE�OF
THE�NOTE�WHILE�IT�IS�PLAYING��1ITCH�BEND�AND�AFTERTOUCH�DATA�IS�ALSO�PRINTED�AT�THE�TERMINAL
WHENEVER�IT�CHANGES��0NE�THING�TO�BEAR�IN�MIND�IS�THAT�FOR��PCHBEND��TO�FUNCTION�THE
$SOUND�INSTRUMENT�THAT�CONTAINS�IT�NEEDS�TO�HAVE�BEEN�ACTIVATED�BY�A�.*%*�EVENT��YOU
WILL�NEED�TO�PLAY�A�MIDI�NOTE�ON�YOUR�KEYBOARD�AND�THEN�MOVE�THE�PITCH�BEND�WHEEL�

EXAMPLE 07C02_pchbend_aftouch.csd

<CsoundSynthesizer>

<CsOptions>
-odac -Ma
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine  ftgen  0,0,2^10,10,1  ; a sine wave

instr 1
; -- pitch bend --
kPchBnd  pchbend  0,4                ; read in pitch bend (range -2 to 2)
kTrig1   changed  kPchBnd            ; if 'kPchBnd' changes generate a trigger

if kTrig1=1 then
printks "Pitch Bend:%f%n",0,kPchBnd  ; print kPchBnd to console when it changes

endif

; -- aftertouch --
kAfttch  aftouch 0,0.9               ; read in aftertouch (range 0 to 0.9)
kTrig2   changed kAfttch             ; if 'kAfttch' changes generate a trigger

if kTrig2=1 then
printks "Aftertouch:%d%n",0,kAfttch  ; print kAfttch to console when it changes

endif

http://www.csounds.com/manual/html/ctrl14.html
http://www.csounds.com/manual/html/ctrl21.html
http://www.csounds.com/manual/html/pchbend.html
http://www.csounds.com/manual/html/aftouch.html


; -- create a sound --
iNum     notnum                      ; read in MIDI note number
; MIDI note number + pitch bend are converted to cycles per seconds
aSig     poscil   0.1,cpsmidinn(iNum+kPchBnd),giSine

out      aSig               ; audio to output
endin

</CsInstruments>

<CsScore>
f 0 300
e
</CsScore>

<CsoundSynthesizer>

INITIALIZING MIDI CONTROLLERS

*T�MAY�BE�USEFUL�TO�BE�ABLE�TO�DEFINE�THE�BEGINNING�VALUE�OF�A�MIDI�CONTROLLER�THAT�WILL�BE
USED�IN�AN�ORCHESTRA���THAT�IS
�THE�VALUE�IT�WILL�ADOPT�UNTIL�ITS�CORRESPONDING�HARDWARE
CONTROL�HAS�BEEN�MOVED��6NTIL�A�CONTROLLER�HAS�BEEN�MOVED�ITS�VALUE�IN�$SOUND�DEFAULTS�TO
ITS�MINIMUM�SETTING�UNLESS�ADDITIONAL�INITIALIZATION�HAS�BEEN�CARRIED�OUT��*T�IS�IMPORTANT�TO
BE�AWARE�THAT�MIDI�CONTROLLERS�ONLY�SEND�OUT�INFORMATION�WHEN�THEY�ARE�MOVED
�WHEN
LYING�IDLE�THEY�SEND�OUT�NO�INFORMATION��"S�AN�EXAMPLE
�IF�WE�IMAGINE�WE�HAVE�AN
$SOUND�INSTRUMENT�IN�WHICH�THE�OUTPUT�VOLUME�IS�CONTROLLED�BY�A�MIDI�CONTROLLER�IT�MIGHT
PROVE�TO�BE�SLIGHTLY�FRUSTRATING�THAT�EACH�TIME�THE�ORCHESTRA�IS�LAUNCHED
�THIS�INSTRUMENT
WILL�REMAIN�SILENT�UNTIL�THE�VOLUME�CONTROL�IS�MOVED��5HIS�FRUSTRATION�MIGHT�BECOME
GREATER�WHEN�MANY�MIDI�CONTROLLERS�ARE�BEGIN�UTILIZED��*T�WOULD�BE�MORE�USEFUL�TO�BE�ABLE
TO�DEFINE�THE�STARTING�VALUE�FOR�EACH�OF�THESE�CONTROLLERS��5HEINITC�OPCODE�ALLOWS�US�TO
DEFINE�THE�STARTING�VALUE�OF�A�MIDI�CONTROLLER�UNTIL�ITS�HARDWARE�CONTROL�HAS�BEEN�MOVED��*F
�INITC���IS�PLACED�WITHIN�THE�INSTRUMENT�ITSELF�IT�WILL�BE�RE�INITIALIZED�EACH�TIME�THE
INSTRUMENT�IS�CALLED
�IF�IT�IS�PLACED�IN�INSTRUMENT���	JUST�AFTER�THE�HEADER�STATEMENTS
�THEN�IT
WILL�ONLY�BE�INITIALIZED�WHEN�THE�ORCHESTRA�IS�FIRST�LAUNCHED��5HE�LATTER�CASE�IS�PROBABLY
MOST�USEFUL�

*N�THE�FOLLOWING�EXAMPLE�A�SIMPLE�SYNTHESIZER�IS�IMPLEMENTED��.IDI�CONTROLLER���CONTROLS
THE�OUTPUT�VOLUME�OF�THIS�INSTRUMENT�BUT�THE��INITC��STATEMENT�NEAR�THE�TOP�OF�THE�ORCHESTRA
ENSURES�THAT�THIS�CONTROL�DOES�NOT�DEFAULT�TO�ITS�MINIMUM�SETTING��5HE�ARGUMENTS�THAT
�INITC���TAKES�ARE�FOR�MIDI�CHANNEL
�CONTROLLER�NUMBER�AND�INITIAL�VALUE��*NITIAL�VALUE�IS
DEFINED�WITHIN�THE�RANGE����
�THEREFORE�A�VALUE�OF���SET�THIS�CONTROLLER�TO�ITS�MAXIMUM
VALUE�	MIDI�VALUE����

�AND�A�VALUE�OF�����SETS�IT�TO�ITS�HALFWAY�VALUE�	MIDI�VALUE���
�AND
SO�ON�

"DDITIONALLY�THIS�EXAMPLE�USES�THECPSMIDIOPCODE�TO�SCAN�IN�MIDI�PITCH�AND�THEAMPMIDI
OPCODE�TO�SCAN�IN�NOTE�VELOCITY�

http://www.csounds.com/manual/html/initc7.html
http://www.csounds.com/manual/html/cpsmidi.html
http://www.csounds.com/manual/html/ampmidi.html


EXAMPLE 07C03_cpsmidi_ampmidi.csd

<CsoundSynthesizer>

<CsOptions>
-Ma -odac
; activate all midi inputs and real-time audio output
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine ftgen 0,0,2^12,10,1 ; a sine wave
initc7 1,1,1               ; initialize CC 1 on chan. 1 to its max level

instr 1
iCps cpsmidi               ; read in midi pitch in cycles-per-second
iAmp ampmidi 1             ; read in note velocity - re-range to be from 0 to 1
kVol ctrl7   1,1,0,1       ; read in CC 1, chan. 1. Re-range to be from 0 to 1
aSig poscil  iAmp*kVol, iCps, giSine ; an audio oscillator

out     aSig          ; send audio to output
endin

</CsInstruments>

<CsScore>
f 0 3600
e
</CsScore>

<CsoundSynthesizer>

:OU�WILL�MAYBE�HEAR�THAT�THIS�INSTRUMENT�PRODUCES��CLICKS��AS�NOTES�BEGIN�AND�END��5O�FIND
OUT�HOW�TO�PREVENT�THIS�PLEASE�SEE�THE�SECTION�ON�ENVELOPES�WITH�RELEASE�SENSING�IN�THE
CHAPTER4OUND�.ODIFICATION��&NVELOPES�

SMOOTHING 7-BIT QUANTIZATION IN MIDI
CONTROLLERS

"�PROBLEM�WE�ENCOUNTER�WITH���BIT�MIDI�CONTROLLERS�IS�THE�POOR�RESOLUTION�THAT�THEY�OFFER
US����BIT�MEANS�THAT�WE�HAVE���TO�THE�POWER�OF���POSSIBLE�VALUES��THEREFORE�����POSSIBLE
VALUES
�WHICH�IS�RATHER�INADEQUATE�FOR�DEFINING�THE�FREQUENCY�OF�AN�OSCILLATOR�OVER�A
NUMBER�OF�OCTAVES
�THE�CUTOFF�FREQUENCY�OF�A�FILTER�OR�A�VOLUME�CONTROL��8E�QUICKLY
BECOME�AWARE�OF�THE�PARAMETER�THAT�IS�BEING�CONTROLLED�MOVING�UP�IN�STEPS���NOT�SO�MUCH
OF�A��CONTINUOUS��CONTROL��8E�MAY�ALSO�EXPERIENCE�CLICKING�ARTEFACTS
�SOMETIMES�CALLED

http://en.flossmanuals.net/csound/ch031_a-envelopes/


�ZIPPER�NOISE�
�AS�THE�VALUE�CHANGES��5HERE�ARE�SOME�THINGS�WE�CAN�DO�TO�ADDRESS�THIS
PROBLEM��8E�CAN�FILTER�THE�CONTROLLER�SIGNAL�WITHIN�$SOUND�SO�THAT�THE�SUDDEN�CHANGES
THAT�OCCUR�BETWEEN�STEPS�ALONG�THE�CONTROLLER�S�TRAVEL�ARE�SMOOTHED�USING�ADDITIONAL
INTERPOLATING�VALUES���WE�MUST�BE�CAREFUL�NOT�TO�SMOOTH�EXCESSIVELY�OTHERWISE�THE
RESPONSE�OF�THE�CONTROLLER�WILL�BECOME�SLUGGISH��"NY�K�RATE�COMPATIBLE�LOWPASS�FILTER�CAN
BE�USED�FOR�THIS�TASK�BUT�THEPORTKOPCODE�IS�PARTICULARLY�USEFUL�AS�IT�ALLOWS�US�TO�DEFINE
THE�AMOUNT�OF�SMOOTHING�AS�A�TIME�TAKEN�TO�GLIDE�TO�HALF�THE�REQUIRED�VALUE�RATHER�THAN
HAVING�TO�SPECIFY�A�CUTOFF�FREQUENCY��"DDITIONALLY�THIS��HALF�TIME��VALUE�CAN�BE�VARIED�AS�A
K�RATE�VALUE�WHICH�PROVIDES�AN�ADVANTAGE�AVAILED�OF�IN�THE�FOLLOWING�EXAMPLE�

5HIS�EXAMPLE�TAKES�THE�SIMPLE�SYNTHESIZER�OF�THE�PREVIOUS�EXAMPLE�AS�ITS�STARTING�POINT�
5HE�VOLUME�CONTROL�WHICH�IS�CONTROLLED�BY�MIDI�CONTROLLER���ON�CHANNEL���IS�PASSED
THROUGH�A��PORTK��FILTER��5HE��HALF�TIME��FOR��PORTK�RAMPS�QUICKLY�UP�TO�ITS�REQUIRED�VALUE�OF
�����THROUGH�THE�USE�OF�ALINSEGSTATEMENT�IN�THE�PREVIOUS�LINE��5HIS�IS�DONE�SO�THAT�WHEN�A
NEW�NOTE�BEGINS�THE�VOLUME�CONTROL�JUMPS�IMMEDIATELY�TO�ITS�REQUIRED�VALUE�RATHER�THAN
GLIDING�UP�FROM�ZERO�ON�ACCOUNT�OF�THE�EFFECT�OF�THE��PORTK�FILTER��5RY�THIS�EXAMPLE�WITH
THE��PORTK�HALF�TIME�DEFINED�AS�A�CONSTANT�TO�HEAR�THE�DIFFERENCE��5O�FURTHER�SMOOTH�THE
VOLUME�CONTROL
�IT�IS�CONVERTED�TO�AN�A�RATE�VARIABLE�THROUGH�THE�USE�OF�THEINTERPOPCODE
WHICH
�AS�WELL�AS�PERFORMING�THIS�CONVERSION
�INTERPOLATES�VALUES�IN�THE�GAPS�BETWEEN�K�
CYCLES�

EXAMPLE 07C04_smoothing.csd

<CsoundSynthesizer>
<CsOptions>
-Ma -odac
</CsOptions>
<CsInstruments>
;Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giSine   ftgen    0,0,2^12,10,1
initc7   1,1,1          ; initialize CC 1 to its max. level

instr 1
iCps      cpsmidi                ; read in midi pitch in cycles-per-second
iAmp      ampmidi 1              ; read in note velocity - re-range 0 to 1
kVol      ctrl7   1,1,0,1        ; read in CC 1, chan. 1. Re-range from 0 to 1
kPortTime linseg  0,0.001,0.01   ; create a value that quickly ramps up to 0.01
kVol      portk   kVol,kPortTime ; create a filtered version of kVol
aVol      interp  kVol           ; create an a-rate version of kVol
aSig      poscil  iAmp*aVol,iCps,giSine

out     aSig
endin

</CsInstruments>

http://www.csounds.com/manual/html/portk.html
http://www.csounds.com/manual/html/linseg.html
http://www.csounds.com/manual/html/interp.html


<CsScore>
f 0 300
e
</CsScore>
<CsoundSynthesizer>

"LL�OF�THE�TECHNIQUES�INTRODUCED�IN�THIS�SECTION�ARE�COMBINED�IN�THE�FINAL�EXAMPLE�WHICH
INCLUDES�A���SEMITONE�PITCH�BEND�AND�TONE�CONTROL�WHICH�IS�CONTROLLED�BY�AFTERTOUCH��'OR
TONE�GENERATION�THIS�EXAMPLE�USES�THEGBUZZOPCODE�

EXAMPLE 07C05_MidiControlComplex.csd

<CsoundSynthesizer>

<CsOptions>
-Ma -odac
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

giCos   ftgen    0,0,2^12,11,1 ; a cosine wave
initc7   1,1,1        ; initialize controller to its maximum level

instr 1
iNum      notnum                   ; read in midi note number
iAmp      ampmidi 0.1              ; read in note velocity - range 0 to 0.2
kVol      ctrl7   1,1,0,1          ; read in CC 1, chan. 1. Re-range from 0 to 1
kPortTime linseg  0,0.001,0.01     ; create a value that quickly ramps up to 0.01
kVol      portk   kVol, kPortTime  ; create filtered version of kVol
aVol      interp  kVol             ; create an a-rate version of kVol.
iRange    =       2                ; pitch bend range in semitones
iMin      =       0                ; equilibrium position
kPchBnd          pchbend iMin, 2*iRange   ; pitch bend in semitones (range -2 to 2)
kPchBnd   portk   kPchBnd,kPortTime; create a filtered version of kPchBnd
aEnv      linsegr 0,0.005,1,0.1,0  ; amplitude envelope with release stage
kMul      aftouch 0.4,0.85         ; read in aftertouch
kMul      portk   kMul,kPortTime   ; create a filtered version of kMul
; create an audio signal using the 'gbuzz' additive synthesis opcode
aSig      gbuzz   iAmp*aVol*aEnv,cpsmidinn(iNum+kPchBnd),70,0,kMul,giCos

out     aSig             ; audio to output
endin

</CsInstruments>

<CsScore>
f 0 300
e
</CsScore>

http://www.csounds.com/manual/html/gbuzz.html


<CsoundSynthesizer>



READING MIDI FILES
*NSTEAD�OF�USING�EITHER�THE�STANDARD�$SOUND�SCORE�OR�LIVE�MIDI�EVENTS�AS�INPUT�FOR�A
ORCHESTRA�$SOUND�CAN�READ�A�MIDI�FILE�AND�USE�THE�DATA�CONTAINED�WITHIN�IT�AS�IF�IT�WERE�A
LIVE�MIDI�INPUT�

5HE�COMMAND�LINE�FLAG�TO�INSTIGATE�READING�FROM�A�MIDI�FILE�IS���' ��FOLLOWED�BY�THE�NAME
OF�THE�FILE�OR�THE�COMPLETE�PATH�TO�THE�FILE�IF�IT�IS�NOT�IN�THE�SAME�DIRECTORY�AS�THE��CSD�FILE�
.IDI�CHANNELS�WILL�BE�MAPPED�TO�INSTRUMENT�ACCORDING�TO�THE�RULES�AND�OPTIONS�DISCUSSED
IN5RIGGERING�*NSTRUMENT�*NSTANCESAND�ALL�CONTROLLERS�CAN�BE�INTERPRETTED�AS�DESIRED�USING
THE�TECHNIQUES�DISCUSSED�IN8ORKING�WITH�$ONTROLLERS��0NE�THING�WE�NEED�TO�BE
CONCERNED�WITH�IS�THAT�WITHOUT�ANY�EVENTS�IN�OUR�STANDARD�$SOUND�SCORE�OUR�PERFORMANCE
WILL�TERMINATE�IMMEDATELY��5O�CIRCUMVENT�THIS�PROBLEM�WE�NEED�SOME�SORT�OF�DUMMY
EVENT�IN�OUR�SCORE�TO�FOOL�$SOUND�INTO�KEEPING�GOING�UNTIL�OUR�MIDI�FILE�HAS�COMPLETED�
4OMETHING�LIKE�THE�FOLLOWING
�PLACED�IN�THE�SCORE
�IS�OFTEN�USED�

f 0 3600

5HIS�DUMMY��F��EVENT�WILL�FORCE�$SOUND�TO�WAIT�FOR������SECOND�	��HOUR
�BEFORE
TERMINATING�PERFORMANCE��*T�DOESN�T�REALLY�MATTER�WHAT�NUMBER�OF�SECONDS�WE�PUT�IN�HERE

AS�LONG�AS�IT�IS�MORE�THAN�THE�NUMBER�OF�SECONDS�DURATION�OF�THE�MIDI�FILE��"LTERNATIVELY�A
CONVENTIONAL��I��SCORE�EVENT�CAN�ALSO�KEEP�PERFORMANCE�GOING��SOMETIMES�WE�WILL�HAVE

FOR�EXAMPLE
�A�REVERB�EFFECT�RUNNING�THROUGHOUT�THE�PERFORMANCE�WHICH�CAN�ALSO�PREVENT
$SOUND�FROM�TERMINATING��1ERFORMANCE�CAN�BE�INTERRUPTED�AT�ANY�TIME�BY�TYPING�CTRL�C�IN
THE�TERMINAL�WINDOW�

5HE�FOLLOWING�EXAMPLE�PLAYS�BACK�A�MIDI�FILE�USING�$SOUND�S��FLUIDSYNTH��FAMILY�OF
OPCODES�TO�FACILITATE�PLAYING�SOUNDFONTS�	SAMPLE�LIBRARIES
��'OR�MORE�INFORMATION�ON�THESE
OPCODES�PLEASE�CONSULT�THE$SOUND�3EFERENCE�.ANUAL��*N�ORDER�TO�RUN�THE�EXAMPLE�YOU
WILL�NEED�TO�DOWNLOAD�A�MIDI�FILE�AND�TWO�	IDEALLY�CONTRASTING
�SOUNDFONTS��"DJUST�THE
REFERENCES�TO�THESE�FILES�IN�THE�EXAMPLE�ACCORDINGLY��'REE�MIDI�FILES�AND�SOUNDFONTS�ARE
READILY�AVAILABLE�ON�THE�INTERNET��*�AM�SUGGESTING�THAT�YOU�USE�CONTRASTING�SOUNDFONTS

SUCH�AS�A�MARIMBA�AND�A�TRUMPET
�SO�THAT�YOU�CAN�EASILY�HEAR�THE�PARSING�OF�MIDI�CHANNELS
IN�THE�MIDI�FILE�TO�DIFFERENT�$SOUND�INSTRUMENTS��*N�THE�EXAMPLE�CHANNELS��
�
�
�
�
��
��
AND����PLAY�BACK�USING�SOUNDFONT���AND�CHANNELS��
�
�
�
��
��
���AND����PLAY�BACK�USING
SOUNDFONT����8HEN�USING�FLUIDSYNTH�IN�$SOUND�WE�NORMALLY�USE�AN��ALWAYS�ON��INSTRUMENT
TO�GATHER�ALL�THE�AUDIO�FROM�THE�VARIOUS�SOUNDFONTS�	IN�THIS�EXAMPLE�INSTRUMENT���
�WHICH
ALSO�CONVENIENTLY�KEEPS�PERFORMANCE�GOING�WHILE�OUR�MIDI�FILE�PLAYS�BACK�

EXAMPLE 07D01_ReadMidiFile.csd

<CsoundSynthesizer>

<CsOptions>
;'-F' flag reads in a midi file

http://www.csounds.com/manual/html/CommandFlags.html#FlagsMinusUpperF
http://en.flossmanuals.net/bin/view/Csound/Triggering%20Instrument%20Instances
http://en.flossmanuals.net/bin/view/Csound/WORKINGWITHCONTROLLERS
http://www.csounds.com/manual/html/index.html


-F AnyMIDIfile.mid
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

sr = 44100
ksmps = 32
nchnls = 1
0dbfs = 1

sr = 44100
ksmps = 32
nchnls = 2

giEngine     fluidEngine; start fluidsynth engine
; load a soundfont
iSfNum1      fluidLoad          "ASoundfont.sf2", giEngine, 1
; load a different soundfont
iSfNum2      fluidLoad          "ADifferentSoundfont.sf2", giEngine, 1
; direct each midi channels to a particular soundfonts

fluidProgramSelect giEngine, 1, iSfNum1, 0, 0
fluidProgramSelect giEngine, 3, iSfNum1, 0, 0
fluidProgramSelect giEngine, 5, iSfNum1, 0, 0
fluidProgramSelect giEngine, 7, iSfNum1, 0, 0
fluidProgramSelect giEngine, 9, iSfNum1, 0, 0
fluidProgramSelect giEngine, 11, iSfNum1, 0, 0
fluidProgramSelect giEngine, 13, iSfNum1, 0, 0
fluidProgramSelect giEngine, 15, iSfNum1, 0, 0
fluidProgramSelect giEngine, 2, iSfNum2, 0, 0
fluidProgramSelect giEngine, 4, iSfNum2, 0, 0
fluidProgramSelect giEngine, 6, iSfNum2, 0, 0
fluidProgramSelect giEngine, 8, iSfNum2, 0, 0
fluidProgramSelect giEngine, 10, iSfNum2, 0, 0
fluidProgramSelect giEngine, 12, iSfNum2, 0, 0
fluidProgramSelect giEngine, 14, iSfNum2, 0, 0
fluidProgramSelect giEngine, 16, iSfNum2, 0, 0

instr 1,2,3,4,5,6,7,8,9,10,11,12,13,14,15,16 ; fluid synths for channels 1-16
iKey         notnum                 ; read in midi note number
iVel         ampmidi            127 ; read in key velocity
; create a note played by the soundfont for this instrument

fluidNote          giEngine, p1, iKey, iVel
endin

instr 99 ; gathering of fluidsynth audio and audio output
aSigL, aSigR fluidOut           giEngine      ; read all audio from soundfont

outs               aSigL, aSigR  ; send audio to outputs
endin

</CsInstruments>

<CsScore>
i 99 0 3600 ; audio output instrument also keeps performance going
e
</CsScore>



<CsoundSynthesizer>

.IDI�FILE�INPUT�CAN�BE�COMBINED�WITH�OTHER�$SOUND�INPUTS�FROM�THE�SCORE�OR�FROM�LIVE
MIDI�AND�ALSO�BEAR�IN�MIND�THAT�A�MIDI�FILE�DOESN�T�NEED�TO�CONTAIN�MIDI�NOTE�EVENTS
�IT
COULD�INSTEAD�CONTAIN
�FOR�EXAMPLE
�A�SEQUENCE�OF�CONTROLLER�DATA�USED�TO�AUTOMATE
PARAMETERS�OF�EFFECTS�DURING�A�LIVE�PERFORMANCE�

3ATHER�THAN�TO�DIRECTLY�PLAY�BACK�A�MIDI�FILE�USING�$SOUND�INSTRUMENTS�IT�MIGHT�BE�USEFUL
TO�IMPORT�MIDI�NOTE�EVENTS�AS�A�STANDARD�$SOUND�SCORE��5HIS�WAY�EVENTS�COULD�BE�EDITED
WITHIN�THE�$SOUND�EDITOR�OR�SEVERAL�SCORES�COULD�BE�COMBINED��5HE�FOLLOWING�EXAMPLE
TAKES�A�MIDI�FILE�AS�INPUT�AND�OUTPUTS�STANDARD�$SOUND��SCO�FILES�OF�THE�EVENTS�CONTAINED
THEREIN��'OR�CONVENIENCE�EACH�MIDI�CHANNEL�IS�OUTPUT�TO�A�SEPARATE��SCO�FILE
�THEREFORE�UP
TO�����SCO�FILES�WILL�BE�CREATED��.ULTIPLE��SCO�FILES�CAN�BE�LATER�RECOMBINED�BY�USING
�INCLUDE����STATEMENTS�OR�SIMPLY�BY�USING�COPY�AND�PASTE�

5HE�ONLY�TRICKY�ASPECT�OF�THIS�EXAMPLE�IS�THAT�NOTE�ONS�FOLLOWED�BY�NOTE�OFFS�NEED�TO�BE
SENSED�AND�CALCULATED�AS�P��DURATION�VALUES��5HIS�IS�IMPLEMENTED�BY�SENSING�THE�NOTE�OFF
BY�USING�THERELEASEOPCODE�AND�AT�THAT�MOMENT�TRIGGERING�A�NOTE�IN�ANOTHER�INSTRUMENT
WITH�THE�REQUIRED�SCORE�DATA��*T�IS�THIS�SECOND�INSTRUMENT�THAT�IS�RESPONSIBLE�FOR�WRITING
THIS�DATA�TO�A�SCORE�FILE��.IDI�CHANNELS�ARE�RENDERED�AS�P��VALUES
�MIDI�NOTE�NUMBERS�AS�P�
AND�VELOCITY�VALUES�AS�P��

EXAMPLE 07D02_MidiToScore.csd

<CsoundSynthesizer>

<CsOptions>
; enter name of input midi file
-F InputMidiFile.mid
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

;ksmps needs to be 10 to ensure accurate rendering of timings
ksmps = 10

massign 0,1

instr 1
iChan       midichn
iCps        cpsmidi            ; read pitch in frequency from midi notes
iVel        veloc        0, 127 ; read in velocity from midi notes
kDur        timeinsts          ; running total of duration of this note
kRelease    release            ; sense when note is ending

if kRelease=1 then            ; if note is about to end
;           p1  p2  p3    p4     p5    p6
event "i",  2,  0, kDur, iChan, iCps, iVel ; send full note data to instr 2

endif

http://www.csounds.com/manual/html/include.html
http://www.csounds.com/manual/html/release.html


endin

instr 2
iDur        =        p3
iChan       =        p4
iCps        =        p5
iVel        =        p6
iStartTime  times        ; read current time since the start of performance
; form file name for this channel (1-16) as a string variable
SFileName   sprintf  "Channel%d.sco",iChan
; write a line to the score for this channel's .sco file

fprints  SFileName, "i%d\\t%f\\t%f\\t%f\\t%d\\n",\
iChan,iStartTime-iDur,iDur,iCps,iVel

endin

</CsInstruments>

<CsScore>
f 0 480 ; ensure this duration is as long or longer that duration of midi file
e
</CsScore>

</CsoundSynthesizer>

5HE�EXAMPLE�ABOVE�IGNORES�CONTINUOUS�CONTROLLER�DATA
�PITCH�BEND�AND�AFTERTOUCH��5HE
SECOND�EXAMPLE�ON�THE�PAGE�IN�THE$SOUND�.ANUALFOR�THE�OPCODEFPRINTKSRENDERS�ALL
MIDI�DATA�TO�A�SCORE�FILE�

http://www.csounds.com/manual/html/index.html
http://www.csounds.com/manual/html/fprintks.html


MIDI OUTPUT
$SOUND�S�ABILITY�TO�OUTPUT�MIDI�DATA�IN�REAL�TIME�CAN�OPEN�UP�MANY�POSSIBILITIES��8E�CAN
RELAY�THE�$SOUND�SCORE�TO�A�HARDWARE�SYNTHESIZER�SO�THAT�IT�PLAYS�THE�NOTES�IN�OUR�SCORE
INSTEAD�OF�A�$SOUND�INSTRUMENT��8E�CAN�ALGORITHMICALLY�GENERATE�STREAMS�OF�NOTES�WITHIN
THE�ORCHESTRA�AND�HAVE�THESE�PLAYED�BY�THE�EXTERNAL�DEVICE��8E�COULD�EVEN�ROUTE�MIDI
DATA�INTERNALLY�TO�ANOTHER�PIECE�OF�SOFTWARE��$SOUND�COULD�BE�USED�AS�A�DEVICE�TO
TRANSFORM�INCOMING�MIDI�DATA
�TRANSFORMING
�TRANSPOSING�OR�ARPEGGIATING�INCOMING�NOTES
BEFORE�THEY�ARE�OUTPUT�AGAIN��.IDI�OUTPUT�COULD�ALSO�BE�USED�TO�PRESET�FADERS�ON�A
MOTORIZED�FADER�BOX�	SUCH�AS�THE�#EHRINGER�#$'�����
�TO�THEIR�CORRECT�INITIAL�LOCATIONS�



INITIATING REALTIME MIDI OUTPUT

5HE�COMMAND�LINE�FLAG�FOR�REALTIME�MIDI�OUTPUT�IS��2��+UST�AS�WHEN�SETTING�UP�AN�AUDIO
INPUT�OR�OUTPUT�DEVICE�OR�A�MIDI�INPUT�DEVICE�WE�MUST�DEFINE�THE�DESIRED�DEVICE�NUMBER
AFTER�THE�FLAG��8HEN�IN�DOUBT�WHAT�MIDI�OUTPUT�DEVICES�WE�HAVE�ON�OUR�SYSTEM�WE�CAN
ALWAYS�SPECIFY�AN��OUT�OF�RANGE��DEVICE�NUMBER�	E�G���2���
�IN�WHICH�CASE�$SOUND�WILL
NOT�RUN�BUT�WILL�INSTEAD�GIVE�AN�ERROR�AND�PROVIDE�US�WITH�A�LIST�OF�AVAILABLE�DEVICES�AND
THEIR�CORRESPONDING�NUMBERS��8E�CAN�THEN�INSERT�AN�APPROPRIATE�DEVICE�NUMBER�

MIDIOUT - OUTPUTTING RAW MIDI DATA

5HE�ANALOG�OF�THE�OPCODE�FOR�THE�INPUT�OF�RAW�MIDI�DATA
MIDIIN
�ISMIDIOUT��MIDIOUT�WILL
OUTPUT�A�MIDI�MESSAGE�WITH�ITS�GIVEN�INPUT�ARGUMENTS�ONCE�EVERY�K�PERIOD���THIS�COULD
VERY�QUICKLY�LEAD�TO�CLOGGING�OF�INCOMING�MIDI�DATA�IN�THE�DEVICE�TO�WHICH�MIDI�IS�BEGIN
SENT�UNLESS�MEASURES�ARE�TAKEN�TO�PREVENT�THEmidioutCODE�FROM�BEGIN�EXECUTED�ON�EVERY
K�PASS��*N�THE�FOLLOWING�EXAMPLE�THIS�IS�DEALT�WITH�BY�TURNING�OFF�THE�INSTRUMENT�AS�SOON�AS
THEmidioutLINE�HAS�BEEN�EXECUTED�JUST�ONCE�BY�USING�THETURNOFFOPCODE��"LTERNATIVE
APPROACHES�WOULD�BE�TO�SET�THE�STATUS�BYTE�TO�ZERO�AFTER�THE�FIRST�K�PASS�OR�TO�EMBED�THE
midioutWITHIN�A�CONDITIONAL�	if��� then���
�SO�THAT�ITS�RATE�OF�EXECUTION�CAN�BE�CONTROLLED�IN
SOME�WAY�

"NOTHER�THING�WE�NEED�TO�BE�AWARE�OF�IS�THAT�MIDI�NOTES�DO�NOT�CONTAIN�ANY�INFORMATION
ABOUT�NOTE�DURATION��INSTEAD�THE�DEVICE�PLAYING�THE�NOTE�WAITS�UNTIL�IT�RECEIVES�A
CORRESPONDING�NOTE�OFF�INSTRUCTION�ON�THE�SAME�MIDI�CHANNEL�AND�WITH�THE�SAME�NOTE
NUMBER�BEFORE�STOPPING�THE�NOTE��8HEN�WORKING�WITHmidioutWE�MUST�ALSO�BE�AWARE�OF
THIS��5HE�STATUS�BYTE�FOR�A�MIDI�NOTE�OFF�IS�����BUT�IT�IS�MORE�COMMON�FOR�NOTE�OFFS�TO�BE
EXPRESSED�AS�A�NOTE�ON�	STATUS�BYTE����
�WITH�ZERO�VELOCITY��*N�THE�FOLLOWING�EXAMPLE�TWO
NOTES�	AND�CORRESPONDING�NOTE�OFFS
�ARE�SEND�TO�THE�MIDI�OUTPUT���THE�FIRST�NOTE�OFF�MAKES
USE�OF�THE�ZERO�VELOCITY�CONVENTION�WHEREAS�THE�SECOND�MAKES�USE�OF�THE�NOTE�OFF�STATUS
BYTE��)ARDWARE�AND�SOFTWARE�SYNTHS�SHOULD�RESPOND�SIMILARLY�TO�BOTH��0NE�ADVANTAGE�OF
THE�NOTE�OFF�MESSAGE�USING�STATUS�BYTE�����IS�THAT�WE�CAN�ALSO�SEND�A�NOTE�OFF�VELOCITY

I�E��HOW�FORCEFULLY�WE�RELEASE�THE�KEY��0NLY�MORE�EXPENSIVE�MIDI�KEYBOARDS�ACTUALLY
SENSE�AND�SEND�NOTE�OFF�VELOCITY�AND�IT�IS�EVEN�RARER�FOR�HARDWARE�TO�RESPOND�TO�RECEIVED
NOTE�OFF�VELOCITIES�IN�A�MEANINGFUL�WAY��6SING�$SOUND�AS�A�SOUND�ENGINE�WE�COULD
RESPOND�TO�THIS�DATA�IN�A�CREATIVE�WAY�HOWEVER�

*N�ORDER�FOR�THE�FOLLOWING�EXAMPLE�TO�WORK�YOU�MUST�CONNECT�A�MIDI�SOUND�MODULE�OR
KEYBOARD�RECEIVING�ON�CHANNEL���TO�THE�MIDI�OUTPUT�OF�YOUR�COMPUTER��:OU�WILL�ALSO�NEED
TO�SET�THE�APPROPRIATE�DEVICE�NUMBER�AFTER�THE���2��FLAG�

/O�USE�IS�MADE�OF�AUDIO�SO�SAMPLE�RATE�	SR

�AND�NUMBER�OF�CHANNELS�	NCHNLS
�ARE�LEFT
UNDEFINED���NONETHELESS�THEY�WILL�ASSUME�DEFAULT�VALUES�

EXAMPLE 07E01_midiout.csd

http://www.csounds.com/manual/html/midiin.html
http://www.csounds.com/manual/html/midiout.html
http://www.csounds.com/manual/html/turnoff.html


<CsoundSynthesizer>

<CsOptions>
; amend device number accordingly
-Q999
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

ksmps = 32 ;no audio so sr and nchnls irrelevant

instr 1
; arguments for midiout are read from p-fields
istatus   init      p4
ichan     init      p5
idata1    init      p6
idata2    init      p7

midiout   istatus, ichan, idata1, idata2; send raw midi data
turnoff   ; turn instrument off to prevent reiterations of midiout

endin

</CsInstruments>

<CsScore>
;p1 p2 p3   p4 p5 p6 p7
i 1 0 0.01 144 1  60 100 ; note on
i 1 2 0.01 144 1  60   0 ; note off (using velocity zero)

i 1 3 0.01 144 1  60 100 ; note on
i 1 5 0.01 128 1  60 100 ; note off (using 'note off' status byte)
</CsScore>

</CsoundSynthesizer>

5HE�USE�OF�SEPARATE�SCORE�EVENTS�FOR�NOTE�ONS�AND�NOTE�OFFS�IS�RATHER�CUMBERSOME��*T
WOULD�BE�MORE�SENSIBLE�TO�USE�THE�$SOUND�NOTE�DURATION�	P�
�TO�DEFINE�WHEN�THE�MIDI
NOTE�OFF�IS�SENT��5HE�NEXT�EXAMPLE�DOES�THIS�BY�UTILIZING�A�RELEASE�FLAG�GENERATED�BY�THE
RELEASEOPCODE�WHENEVER�A�NOTE�ENDS�AND�SENDING�THE�NOTE�OFF�THEN�

EXAMPLE 07E02_score_to_midiout.csd

<CsoundSynthesizer>

<CsOptions>
; amend device number accordingly
-Q999
</CsOptions>

<CsInstruments>
;Example by Iain McCurdy

ksmps = 32 ;no audio so sr and nchnls omitted

http://www.csounds.com/manual/html/release.html


instr 1
;arguments for midiout are read from p-fields
istatus init p4
ichan init p5
idata1 init p6
idata2 init p7
kskip init 0

if kskip=0 then
midiout istatus, ichan, idata1, idata2; send raw midi data (note on)

kskip = 1; ensure that the note on will only be executed once
endif

krelease release; normally output is zero, on final k pass output is 1
if krelease=1 then; i.e. if we are on the final k pass...

midiout istatus, ichan, idata1, 0; send raw midi data (note off)
endif

endin

</CsInstruments>

<CsScore>
;p1 p2 p3 p4 p5 p6 p7
i 1 0 4 144 1 60 100
i 1 1 3 144 1 64 100
i 1 2 2 144 1 67 100
f 0 5; extending performance time prevents note-offs from being lost
</CsScore>

</CsoundSynthesizer>

0BVIOUSLYmidioutIS�NOT�LIMITED�TO�ONLY�SENDING�ONLY�MIDI�NOTE�INFORMATION�BUT�INSTEAD
THIS�INFORMATION�COULD�INCLUDE�CONTINUOUS�CONTROLLER�INFORMATION
�PITCH�BEND
�SYSTEM
EXCLUSIVE�DATA�AND�SO�ON��5HE�NEXT�EXAMPLE
�AS�WELL�AS�PLAYING�A�NOTE
�SENDS�CONTROLLER��
	MODULATION
�DATA�WHICH�RISES�FROM�ZERO�TO�MAXIMUM�	���
�ACROSS�THE�DURATION�OF�THE
NOTE��5O�ENSURE�THAT�UNNESSESSARY�MIDI�DATA�IS�NOT�SENT�OUT
�THE�OUTPUT�OF�THEline FUNCTION
IS�FIRST�CONVERTED�INTO�INTEGERS
�ANDmidioutFOR�THE�CONTINUOUS�CONTROLLER�DATA�IS�ONLY
EXECUTED�WHENEVER�THIS�INTEGER�VALUE�CHANGES��5HE�FUNCTION�THAT�CREATES�THIS�STREAM�OF
DATA�GOES�SLIGHTLY�ABOVE�THIS�MAXIMUM�VALUE�	IT�FINISHES�AT�A�VALUE�OF������
�TO�ENSURE
THAT�A�ROUNDED�VALUE�OF�����IS�ACTUALLY�ACHIEVED�

*N�PRACTICE�IT�MAY�BE�NECESSARY�TO�START�SENDING�THE�CONTINUOUS�CONTROLLER�DATA�SLIGHTLY
BEFORE�THE�NOTE�ON�TO�ALLOW�THE�HARDWARE�TIME�TO�RESPOND�

EXAMPLE 07E03_midiout_cc.csd

<CsoundSynthesizer>

<CsOptions>
; amend device number accordingly
-Q999
</CsOptions>

<CsInstruments>



; Example by Iain McCurdy

ksmps = 32 ; no audio so sr and nchnls irrelevant

instr 1
; play a midi note
; read in values from p-fields
ichan     init      p4
inote     init      p5
iveloc    init      p6
kskip     init      0 ; 'skip' flag ensures that note-on is executed just once

if kskip=0 then
midiout   144, ichan, inote, iveloc; send raw midi data (note on)

kskip     =         1   ; flip flag to prevent repeating the above line
endif

krelease  release       ; normally zero, on final k pass this will output 1
if krelease=1 then     ; if we are on the final k pass...

midiout   144, ichan, inote, 0  ; send a note off
endif

; send continuous controller data
iCCnum    =         p7
kCCval    line      0, p3, 127.1  ; continuous controller data function
kCCval    =         int(kCCval)   ; convert data function to integers
ktrig     changed   kCCval        ; generate a trigger each time kCCval changes

if ktrig=1 then                  ; if kCCval has changed...
midiout   176, ichan, iCCnum, kCCval  ; ...send a controller message

endif
endin

</CsInstruments>

<CsScore>
;p1 p2 p3   p4 p5 p6  p7
i 1 0  5    1  60 100 1
f 0 7 ; extending performance time prevents note-offs from being lost
</CsScore>

</CsoundSynthesizer>

MIDION - OUTPUTTING MIDI NOTES MADE
EASIER

midioutIS�THE�MOST�POWERFUL�OPCODE�FOR�MIDI�OUTPUT�BUT�IF�WE�ARE�ONLY�INTERESTED�IN
SENDING�OUT�MIDI�NOTES�FROM�AN�INSTRUMENT�THEN�THEMIDIONOPCODE�SIMPLIFIES�THE
PROCEDURE�AS�THE�FOLLOWING�EXAMPLE�DEMONSTRATES�BY�PLAYING�A�SIMPLE�MAJOR�ARPEGGIO�

EXAMPLE 07E04_midion.csd

<CsoundSynthesizer>

<CsOptions>

http://www.csounds.com/manual/html/midion.html


; amend device number accordingly
-Q999
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

ksmps = 32 ;no audio so sr and nchnls irrelevant

instr 1
; read values in from p-fields
kchn    =       p4
knum    =       p5
kvel    =       p6

midion  kchn, knum, kvel ; send a midi note
endin

</CsInstruments>

<CsScore>
;p1 p2  p3  p4 p5 p6
i 1 0   2.5 1 60  100
i 1 0.5 2   1 64  100
i 1 1   1.5 1 67  100
i 1 1.5 1   1 72  100
f 0 30 ; extending performance time prevents note-offs from being missed
</CsScore>

</CsoundSynthesizer>

$HANGING�ANY�OF��MIDION�S�K�RATE�INPUT�ARGUMENTS�IN�REALTIME�WILL�FORCE�IT�TO�STOP�THE
CURRENT�MIDI�NOTE�AND�SEND�OUT�A�NEW�ONE�WITH�THE�NEW�PARAMETERS�

MIDION�ALLOWS�US�TO�CONTROL�WHEN�NEW�NOTES�ARE�SENT�	AND�THE�CURRENT�NOTE�IS�STOPPED

THROUGH�THE�USE�OF�A�TRIGGER�INPUT��5HE�NEXT�EXAMPLE�USES��MIDION���TO�ALGORITHMICALLY
GENERATE�A�MELODIC�LINE��/EW�NOTE�GENERATION�IS�CONTROLLED�BY�AMETRO
�THE�RATE�OF�WHICH
UNDULATES�SLOWLY�THROUGH�THE�USE�OF�ARANDOMIFUNCTION�

EXAMPLE 07E05_midion2.csd

<CsoundSynthesizer>

<CsOptions>
; amend device number accordingly
-Q999
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

ksmps = 32 ; no audio so sr and nchnls irrelevant

instr 1

http://www.csounds.com/manual/html/midion2.html
http://www.csounds.com/manual/html/metro.html
http://www.csounds.com/manual/html/randomi.html


; read values in from p-fields
kchn    =        p4
knum    random   48,72.99  ; note numbers chosen randomly across a 2 octaves
kvel    random   40, 115   ; velocities are chosen randomly
krate   randomi  1,2,1     ; rate at which new notes will be output
ktrig   metro    krate^2   ; 'new note' trigger

midion2  kchn, int(knum), int(kvel), ktrig ; send midi note if ktrig=1
endin

</CsInstruments>

<CsScore>
i 1 0 20 1
f 0 21 ; extending performance time prevents the final note-off being lost
</CsScore>

</CsoundSynthesizer>

�MIDION��AND��MIDION���GENERATE�MONOPHONIC�MELODY�LINES�WITH�NO�GAPS�BETWEEN�NOTES�

MOSCILWORKS�IN�A�SLIGHTLY�DIFFERENT�WAY�AND�ALLOWS�US�TO�EXPLICITLY�DEFINE�NOTE�DURATIONS
AS�WELL�AS�THE�PAUSES�BETWEEN�NOTES�THEREBY�PERMITTING�THE�GENERATION�OF�MORE�STACCATO
MELODIC�LINES��-IKE�MIDION��AND�MIDION��
�MOSCIL��WILL�NOT�GENERATE�OVERLAPPING�NOTES
	UNLESS�TWO�OR�MORE�INSTANCES�OF�IT�ARE�CONCURRENT
��5HE�NEXT�EXAMPLE�ALGORITHMICALLY
GENERATES�A�MELODIC�LINE�USING��MOSCIL��

EXAMPLE 07E06_moscil.csd

<CsoundSynthesizer>

<CsOptions>
; amend device number accordingly
-Q999
</CsOptions>

<CsInstruments>
; Example by Iain McCurdy

ksmps = 32 ;no audio so sr and nchnls omitted

seed 0; random number generators seeded by system clock

instr 1
; read value in from p-field
kchn    =         p4
knum    random    48,72.99  ; note numbers chosen randomly across a 2 octaves
kvel    random    40, 115   ; velocities are chosen randomly
kdur    random    0.2, 1    ; note durations chosen randomly from 0.2 to 1
kpause  random    0, 0.4    ; pauses betw. notes chosen randomly from 0 to 0.4

moscil    kchn, knum, kvel, kdur, kpause ; send a stream of midi notes
endin

</CsInstruments>

http://www.csounds.com/manual/html/moscil.html


<CsScore>
;p1 p2 p3 p4
i 1 0  20 1
f 0 21 ; extending performance time prevents final note-off from being lost
</CsScore>

</CsoundSynthesizer>

MIDI FILE OUTPUT

"S�WELL�AS�	OR�INSTEAD�OF
�OUTPUTTING�MIDI�IN�REALTIME
�$SOUND�CAN�RENDER�DATA�FROM�ALL�OF
ITS�MIDI�OUTPUT�OPCODES�TO�A�MIDI�FILE��5O�DO�THIS�WE�USE�THE����MIDIOUTFILE���FLAG�FOLLOWED
BY�THE�DESIRED�NAME�FOR�OUR�FILE��'OR�EXAMPLE�

<CsOptions>
-Q2 --midioutfile=midiout.mid
</CsOptions>

WILL�SIMULTANEOUSLY�STREAM�REALTIME�MIDI�TO�MIDI�OUTPUT�DEVICE�NUMBER���AND�RENDER�TO�A
FILE�NAMED��MIDIOUT�MID��WHICH�WILL�BE�SAVED�IN�OUR�HOME�DIRECTORY�



OPEN SOUND CONTROL -
NETWORK COMMUNICATION
0PEN�4OUND�$ONTROL�	04$
�IS�A�NETWORK�PROTOCOL�FORMAT�FOR�MUSICAL�CONTROL�DATA
COMMUNICATION��"�FEW�OF�ITS�ADVANTAGES�COMPARED�TO�.*%*�ARE
�THAT�IT�S�MORE�ACCURATE

QUICKER�AND�MUCH�MORE�FLEXIBLE��8ITH�04$�YOU�CAN�EASILY�SEND�MESSAGES�TO�OTHER
SOFTWARE�INDEPENDENT�IF�IT�S�RUNNING�ON�THE�SAME�MACHINE�OR�OVER�NETWORK��5HERE�IS�04$
SUPPORT�IN�SOFTWARE�LIKE�1%
�.AX�.SP
�$HUCK�OR�4UPER$OLLIDER��"�NICESCREENCASTOF

"NDRaS�$ABRERA�SHOWS�COMMUNICATION�BETWEEN�1%�AND�$SOUND�VIA�04$��

04$�MESSAGES�CONTAIN�AN�*1�ADRESS�WITH�PORT�INFORMATION�AND�THE�DATA�PACKAGE�WHICH
WILL�BE�SEND�OVER�NETWORK��*N�$SOUND
�THERE�ARE�TWO�OPCODES
�WHICH�PROVIDE�ACCESS�TO
NETWORK�COMMUNICATION�CALLED�04$SEND
�04$LISTEN�

Example 08A01_osc.csd

<CsoundSynthesizer>
<CsOptions>
-o dac
</CsOptions>
<CsInstruments>
sr = 48000
ksmps = 32
nchnls = 2
0dbfs = 1

; localhost means communication on the same machine, otherwise you need
; an IP adress
#define IPADDRESS        # "localhost" #
#define S_PORT                 # 47120 #
#define R_PORT                 # 47120 #

turnon 1000  ; starts instrument 1000 immediately
turnon 1001  ; starts instrument 1001 immediately

instr 1000  ; this instrument sends OSC-values
kValue1 randomh 0, 0.8, 4
kNum randomh 0, 8, 8
kMidiKey tab (int(kNum)), 2
kOctave randomh 0, 7, 4
kValue2 = cpsmidinn (kMidiKey*kOctave+33)
kValue3 randomh 0.4, 1, 4
Stext sprintf "%i", $S_PORT
OSCsend   kValue1+kValue2, $IPADDRESS, $S_PORT, "/QuteCsound",

"fff", kValue1, kValue2, kValue3
endin

http://www.youtube.com/watch?v=JX1C3TqP_9Y
osc-and-wii#InsertNoteID_6


instr 1001  ; this instrument receives OSC-values
kValue1Received init 0.0
kValue2Received init 0.0
kValue3Received init 0.0
Stext sprintf "%i", $R_PORT
ihandle OSCinit $R_PORT
kAction  OSClisten        ihandle, "/QuteCsound", "fff",

kValue1Received, kValue2Received, kValue3Received
if (kAction == 1) then

printk2 kValue2Received
printk2 kValue1Received

endif
aSine poscil3 kValue1Received, kValue2Received, 1
; a bit reverbration
aInVerb = aSine*kValue3Received
aWetL, aWetR freeverb aInVerb, aInVerb, 0.4, 0.8

outs aWetL+aSine, aWetR+aSine
endin

</CsInstruments>
<CsScore>
f 1 0 1024 10 1
f 2 0 8 -2      0 2 4 7 9 11 0 2
e 3600
</CsScore>
</CsoundSynthesizer>
; example by Alex Hofmann (Mar. 2011)

�� "S�ANOTHER�EXAMPLE�YOU�CAN�COMMUNICATE�VIA�04$�BETWEEN�$SOUND�AND
(RAME�S�*NSCORE��'IND�THE�CODE�ATHTTPS���GITHUB�COM�JOACHIMHEINTZ�CS@INSCORE
AND�VIDEO�TUTORIALS�AT
HTTP���VIMEO�COM���������	INSTALLATION


HTTP���VIMEO�COM���������	EXAMPLES
?

https://github.com/joachimheintz/cs_inscore
http://vimeo.com/54160283
http://vimeo.com/54160405
osc-and-wii#InsertNoteID_6_marker7


CSOUND AND ARDUINO
*T�IS�THE�INTENTION�OF�THIS�CHAPTER�TO�SUGGESTS�A�NUMBER�OF�WAYS�IN�WHICH�$SOUND�CAN�BE
PAIRED�WITH�AN�"RDUINO�PROTOTYPING�CIRCUIT�BOARD��*T�IS�NOT�THE�INTENTION�OF�THIS�CHAPTER�TO
GO�INTO�ANY�DETAIL�ABOUT�HOW�TO�USE�AN�"RDUINO
�THERE�IS�ALREADY�A�WEALTH�OF�INFORMATION
AVAILABLE�ELSEWHERE�ONLINE�ABOUT�THIS��*T�IS�COMMON�TO�USE�AN�"RDUINO�AND�$SOUND�WITH
ANOTHER�PROGRAM�FUNCTIONING�AS�AN�INTERPRETER�SO�THEREFORE�SOME�TIME�IS�SPENT�DISCUSSING
THESE�OTHER�PROGRAMS�

"N�"RDUINO�IS�A�SIMPLE�MICROCONTROLLER�CIRCUIT�BOARD�THAT�HAS�BECOME�ENORMOUSLY
POPULAR�AS�A�COMPONENT�IN�MULTIDISCIPLINARY�AND�INTERACTIVE�PROJECTS�FOR�MUSICIANS�AND
ARTISTS�SINCE�ITS�INTRODUCTION�IN�������"N�"RDUINO�BOARD�CAN�BE�PROGRAMMED�TO�DO�MANY
THINGS�AND�TO�SEND�AND�RECEIVE�DATA�TO�AND�FROM�A�WIDE�VARIETY�OF�OTHER�COMPONENTS�AND
DEVICES��"S�SUCH�IT�IS�IMPOSSIBLE�TO�SPECIFICALLY�DEFINE�ITS�FUNCTION�HERE��"N�"RDUINO�IS
NORMALLY�PROGRAMMED�USING�ITS�OWN�DEVELOPMENT�ENVIRONMENT�	*%&
��"�PROGRAM�IS
WRITTEN�ON�A�COMPUTER�WHICH�IS�THEN�UPLOADED�TO�THE�"RDUINO��THE�"RDUINO�THEN�RUNS�THIS
PROGRAM
�INDEPENDENT�OF�THE�COMPUTER�IF�NECESSARY��"RDUINO�S�*%&�IS�BASED�ON�THAT�USED
BY�1ROCESSING�AND�8IRING��"RDUINO�PROGRAMS�ARE�OFTEN�REFERRED�TO�AS��SKETCHES���5HERE
NOW�EXISTS�A�PLETHORA�OF�"RDUINO�VARIANTS�AND�EVEN�A�NUMBER�OF�DERIVATIVES�AND�CLONES
BUT�ALL�FUNCTION�IN�MORE�OR�LESS�THE�SAME�WAY�

*NTERACTION�BETWEEN�AN�"RDUINO�AND�$SOUND�IS�ESSENTIALLY�A�QUESTION�OF�COMMUNICATION
AND�AS�SUCH�A�NUMBER�OF�POSSIBLE�SOLUTIONS�EXIST��5HIS�CHAPTER�WILL�SUGGEST�SEVERAL
POSSIBILITIES�AND�IT�WILL�THEN�BE�UP�TO�THE�USER�TO�CHOOSE�THE�ONE�MOST�SUITABLE�FOR�THEIR
REQUIREMENTS��.OST�"RDUINO�BOARDS�COMMUNICATE�USING�SERIAL�COMMUNICATION�	NORMALLY
VIA�A�64#�CABLE
��"�NUMBER�OF�"RDUINO�PROGRAMS
�CALLED��'IRMATA�
�EXIST�THAT�ARE
INTENDED�TO�SIMPLIFY�AND�STANDARDISE�COMMUNICATION�BETWEEN�"RDUINOS�AND�SOFTWARE�
5HROUGH�THE�USE�OF�A�'IRMATA�THE�COMPLEXITY�OF�"RDUINO�S�SERIAL�COMMUNICATION�IS
SHIELDED�FROM�THE�USER�AND�A�NUMBER�OF�SIMPLER�OBJECTS
�UGENS�OR�OPCODES�	DEPENDING�ON
WHAT�THE�SECONDARY�SOFTWARE�IS
�CAN�INSTEAD�BE�USED�TO�ESTABLISH�COMMUNICATION�
6NFORTUNATELY�$SOUND�IS�RATHER�POORLY�SERVED�WITH�FACILITIES�TO�COMMUNICATE�USING�THE
'IRMATA�	ALTHOUGH�THIS�WILL�HOPEFULLY�IMPROVE�IN�THE�FUTURE
�SO�IT�MIGHT�PROVE�EASIEST�TO
USE�ANOTHER�PROGRAM�	SUCH�AS�1D�OR�1ROCESSING
�AS�AN�INTERMEDIARY�BETWEEN�THE�"RDUINO
AND�$SOUND�

ARDUINO - PD - CSOUND

'IRST�WE�WILL�CONSIDER�COMMUNICATION�BETWEEN�AN�"RDUINO�	RUNNING�A�4TANDARD�'IRMATA

AND�1D��-ATER�WE�CAN�CONSIDER�THE�OPTIONS�FOR�FURTHER�COMMUNICATION�FROM�1D�TO�$SOUND�

"SSUMING�THAT�THE"RDUINO�*%&	INTEGRATED�DEVELOPMENT�ENVIRONMENT
�HAS�BEEN�INSTALLED
AND�THAT�THE�"RDUINO�HAS�BEEN�CONNECTED
�WE�SHOULD�THEN�OPEN�AND�UPLOAD�A�'IRMATA
SKETCH��0NE�CAN�NORMALLY�BE�FOUND�BY�GOING�TO�'ILE����&XAMPLES����'IRMATA��������5HERE

http://arduino.cc/en/main/software


WILL�BE�A�VARIETY�OF�FLAVOURS�FROM�WHICH�TO�CHOOSE�BUT��4TANDARD'IRMATA��SHOULD�BE�A
GOOD�PLACE�TO�START��$HOOSE�THE�APPROPRIATE�"RDUINO�BOARD�TYPE�UNDER�5OOLS����#OARD���
����AND�THEN�CHOOSE�THE�RELEVANT�SERIAL�PORT�UNDER�5OOLS����4ERIAL�1ORT��������$HOOSING�THE
APPROPRIATE�SERIAL�PORT�MAY�REQUIRE�SOME�TRIAL�AND�ERROR�BUT�IF�YOU�HAVE�CHOSEN�THE�WRONG
ONE�THIS�WILL�BECOME�APPARENT�WHEN�YOU�ATTEMPT�TO�UPLOAD�THE�SKETCH��0NCE�YOU�HAVE
ESTABLISHED�THE�CORRECT�SERIAL�PORT�TO�USE
�IT�IS�WORTH�TAKING�A�NOTE�OF�WHICH�NUMBER�ON�THE
LIST�	COUNTING�FROM�ZERO
�THIS�CORRESPONDS�TO�AS�THIS�NUMBER�WILL�BE�USED�BY�1D�TO
COMMUNICATE�WITH�THE�"RDUINO��'INALLY�UPLOAD�THE�SKETCH�BY�CLICKING�ON�THE�RIGHT�
POINTING�ARROW�BUTTON�

"SSUMING�THAT1DIS�ALREADY�INSTALLED
�IT�WILL�ALSO�BE�NECESSARY�TO�INSTALL�AN�ADD�ON�LIBRARY
FOR�1D�CALLED1DUINO��'OLLOW�ITS�INCLUDED�INSTRUCTIONS�ABOUT�WHERE�TO�PLACE�THIS�LIBRARY�ON

http://puredata.info/downloads
http://puredata.info/downloads/pduino


YOUR�PLATFORM�AND�THEN�REOPEN�1D��:OU�WILL�NOW�HAVE�ACCESS�TO�A�SET�OF�1D�OBJECTS�FOR
COMMUNICATING�WITH�YOUR�"RDUINO��5HE�1DUINO�DOWNLOAD�WILL�ALSO�HAVE�INCLUDED�A
NUMBER�OF�EXAMPLES�1D���ARDUINO�TEST�PD��WILL�PROBABLY�BE�THE�BEST�PATCH�TO�START��'IRST
SET�THE�APPROPRIATE�SERIAL�PORT�NUMBER�TO�ESTABLISH�COMMUNICATION�AND�THEN�SET�"RDUINO
PINS�AS��INPUT�
��OUTPUT��ETC��AS�YOU�DESIRE��*T�IS�BEYOND�THE�SCOPE�OF�THIS�CHAPTER�TO�GO
INTO�FURTHER�DETAIL�REGARDING�SETTING�UP�AN�"RDUINO�WITH�SENSORS�AND�AUXILIARY
COMPONENTS
�SUFFICE�TO�SAY�THAT�COMMUNICATION�TO�AN�"RDUINO�IS�NORMALLY�TESTED�BY
�BLINKING��DIGITAL�PIN����AND�COMMUNICATION�FROM�AN�"RDUINO�IS�NORMALLY�TESTED�BY
CONNECTING�A����KILO�OHM�	��K
�POTENTIOMETER�TO�ANALOG�PIN�ZERO��'OR�THE�SAKE�OF
ARGUMENT
�WE�SHALL�ASSUME�IN�THIS�TUTORIAL�THAT�WE�ARE�SETTING�THE�"RDUINO�AS�A�HARDWARE
CONTROLLER�AND�HAVE�A�POTENTIOMETER�CONNECTED�TO�PIN���

5HIS�PICTURE�BELOW�DEMONSTRATES�A�SIMPLE�1D�PATCH�THAT�USES�1DUINO�S�OBJECTS�TO�RECEIVE
COMMUNICATION�FROM�"RDUINO�S�ANALOG�AND�DIGITAL�INPUTS��	/OTE�THAT�DIGITAL�PINS���AND��
ARE�NORMALLY�RESERVED�FOR�SERIAL�COMMUNICATION�IF�THE�64#�SERIAL�COMMUNICATION�IS
UNAVAILABLE�
�*N�THIS�EXAMPLE�SERIAL�PORT�����HAS�BEEN�CHOSEN��0NCE�THE�ANALOG*NS�ENABLE
BOX�FOR�PIN���IS�CHECKED
�MOVING�THE�POTENTIOMETER�WILL�CHANGE�THE�VALUES�IN�THE�LEFT�MOST
NUMBER�BOX�	AND�MOVE�THE�SLIDER�CONNECTED�TO�IT
��"RDUINO�S�ANALOG�INPUTS�OUTPUT�INTEGERS
WITH����BIT�RESOLUTION�	��������
�BUT�THESE�VALUES�WILL�OFTEN�BE�RESCALED�AS�FLOATS�WITHIN
THE�RANGE�������IN�THE�HOST�PROGRAM�FOR�CONVENIENCE�





)AVING�ESTABLISHED�COMMUNICATION�BETWEEN�THE�"RDUINO�AND�1D�WE�CAN�NOW�CONSIDER�THE
OPTIONS�AVAILABLE�TO�US�FOR�COMMUNICATING�BETWEEN�1D�AND�$SOUND��5HE�MOST�OBVIOUS
	BUT�NOT�NECESSARILY�THE�BEST�OR�MOST�FLEXIBLE
�METHOD�IS�TO�USE�1D�S�CSOUNDAPI^�OBJECT�
5HE�ABOVE�EXAMPLE�COULD�BE�MODIFIED�TO�EMPLOY�CSOUNDAPI^�AS�SHOWN�BELOW�

5HE�OUTPUTS�FROM�THE�FIRST�TWO�"RDUINO�ANALOG�CONTROLS�ARE�PASSED�INTO�$SOUND�USING�ITS
"1*��/OTE�THAT�WE�SHOULD�USE�THE�UNPEGGED�	NOT�QUANTISED�IN�TIME
�VALUES�DIRECTLY�FROM
THE��ROUTE��OBJECT��5HE�$SOUND��CSD�FILE��CONTROL�CSD��IS�CALLED�UPON�BY�1D�AND�IT�SHOULD
RESIDE�IN�THE�SAME�DIRECTORY�AS�THE�1D�PATCH��&STABLISHING�COMMUNICATION�TO�AND�FROM�1D
COULD�EMPLOY�CODE�SUCH�AS�THAT�SHOWN�BELOW��%ATA�FROM�CONTROLLER�ONE�	"RDUINO�ANALOG
�
�IS�USED�TO�MODULATE�THE�AMPLITUDE�OF�AN�OSCILLATOR�AND�DATA�FROM�CONTROLLER�TWO
	"RDUINO�ANALOG��
�VARIES�ITS�PITCH�ACROSS�A�FOUR�OCTAVE�RANGE�

EXAMPLE 08B01_Pd_to_Csound.csd



<CsoundSynthesizer>

<CsOptions>
</CsOptions>

<CsInstruments>

sr = 44100
nchnls = 2
0dbfs = 1
ksmps = 32

instr 1
; read in controller data from Pd via the API using 'invalue'
kctrl1  invalue  "ctrl1"
kctrl2  invalue  "ctrl2"
; re-range controller values from 0 - 1 to 7 - 11
koct    =        (kctrl2*4)+7
; create an oscillator
a1      vco2     kctrl1,cpsoct(koct),4,0.1

outs     a1,a1
endin

</CsInstruments>

<CsScore>
i 1 0 10000
e
</CsScore>

</CsoundSynthesizer>

$OMMUNICATION�FROM�1D�INTO�$SOUND�IS�ESTABLISHED�USING�THEINVALUEOPCODES�AND�AUDIO
IS�PASSED�BACK�TO�1D�FROM�$SOUND�USINGOUTS��/OTE�THAT�$SOUND�DOES�NOT�ADDRESS�THE
COMPUTER�S�AUDIO�HARDWARE�ITSELF�BUT�MERELY�PASSES�AUDIO�SIGNALS�BACK�TO�1D��(REATER
DETAIL�ABOUT�USING�$SOUND�WITHIN�1D�CAN�BE�FOUND�IN�THE�CHAPTER$SOUND�IN�1D�

"�DISADVANTAGE�TO�USING�THE�METHOD�OUTLINED�ABOVE�IS�THAT�IN�ORDER�TO�MODIFY�THE�$SOUND
PATCH�IT�WILL�NEED�TO�BE�EDITED�IN�AN�EXTERNAL�EDITOR
�RE�SAVED�AND�THEN�THE�1D�PATCH�WILL
NEED�TO�BE�RELOADED�TO�REFLECT�THE�CHANGES��5HIS�WORKFLOW�MIGHT�BE�CONSIDERED�RATHER
INEFFICIENT�

"NOTHER�METHOD�OF�DATA�COMMUNICATION�BETWEEN�1%�AND�$SOUND�COULD�BE�TO�USE�.*%*�
*N�THIS�CASE�SOME�SORT�OF�.*%*�CONNECTION�NODE�OR�VIRTUAL�PATCHBAY�WILL�NEED�TO�BE
EMPLOYED��0N�.AC�THIS�COULD�BE�THE�*"$�DRIVER
�ON�8INDOWS�THIS�COULD�BE.*%*�:OKE
AND�ON�-INUX�THIS�COULD�BE�+ACK��5HIS�METHOD�WILL�HAVE�THE�DISADVANTAGE�THAT�THE
"RDUINO�S�SIGNAL�MIGHT�HAVE�TO�BE�QUANTISED�IN�ORDER�TO�MATCH�THE���BIT�.*%*�CONTROLLER
FORMAT�BUT�THE�ADVANTAGE�IS�THAT�$SOUND�S�AUDIO�ENGINE�WILL�BE�USED�	NOT�1D�S��IN�FACT
AUDIO�CAN�BE�DISABLED�IN�1D
�SO�THAT�MAKING�MODIFICATIONS�TO�THE�$SOUND��CSD�AND�HEARING
THE�CHANGES�SHOULD�REQUIRE�FEWER�STEPS�

http://www.csounds.com/manual/html/invalue.html
http://www.csounds.com/manual/html/outs.html
http://en.flossmanuals.net/csound/csound-in-pd/
http://www.midiox.com/


"�FINAL�METHOD�FOR�COMMUNICATION�BETWEEN�1D�AND�$SOUND�IS�TO�USE�04$��5HIS�METHOD
WOULD�HAVE�THE�ADVANTAGE�THAT�ANALOG����BIT�SIGNAL�WOULD�NOT�HAVE�TO�BE�QUANTISED��"GAIN
WORKFLOW�SHOULD�BE�GOOD�WITH�THIS�METHOD�AS�1D�S�INTERACTION�WILL�EFFECTIVELY�BE
TRANSPARENT�TO�THE�USER�AND�ONCE�STARTED�IT�CAN�RESIDE�IN�THE�BACKGROUND�DURING�WORKING�
$OMMUNICATION�USING�04$�IS�ALSO�USED�BETWEEN�1ROCESSING�AND�$SOUND�SO�IS�DESCRIBED
IN�GREATER�DETAIL�BELOW�

ARDUINO - PROCESSING - CSOUND

*T�IS�EASY�TO�COMMUNICATE�WITH�AN�"RDUINO�USING�A�1ROCESSING�SKETCH�AND�ANY�DATA�WITHIN
1ROCESSING�CAN�BE�PASSED�TO�$SOUND�USING�04$�

5HE�FOLLOWING�METHOD�MAKES�USE�OF�THE"RDUINOAND1� 	GLOVE
�LIBRARIES�FOR�PROCESSING�
"GAIN�THESE�NEED�TO�BE�COPIED�INTO�THE�APPROPRIATE�DIRECTORY�FOR�YOUR�CHOSEN�PLATFORM�IN
ORDER�FOR�1ROCESSING�TO�BE�ABLE�TO�USE�THEM��0NCE�AGAIN�THERE�IS�NO�REQUIREMENT�TO
ACTUALLY�KNOW�VERY�MUCH�ABOUT�1ROCESSING�BEYOND�INSTALLING�IT�AND�RUNNING�A�PATCH
	SKETCH
��5HE�FOLLOWINGSKETCHWILL�READ�ALL�"RDUINO�INPUTS�AND�OUTPUT�THEM�AS�04$�

http://playground.arduino.cc/interfacing/processing
http://www.sojamo.de/libraries/controlP5/
http://iainmccurdy.org/CsoundRealtimeExamples/ArduinoProcessingOSC/AllArduinoInputsToOSC.pde


4TART�THE�1ROCESSING�SKETCH�BY�SIMPLY�CLICKING�THE�TRIANGLE�BUTTON�AT�THE�TOP�LEFT�OF�THE
(6*��1ROCESSING�IS�NOW�READING�SERIAL�DATA�FROM�THE�"RDUINO�AND�TRANSMITTING�THIS�AS
04$�DATA�WITHIN�THE�COMPUTER�

5HE�04$�DATA�SENT�BY�1ROCESSING�CAN�BE�READ�BY�$SOUND�USING�ITS�OWN�04$�OPCODES�
5HE�FOLLOWING�EXAMPLE�SIMPLY�READS�IN�DATA�TRANSMITTED�BY�"RDUINO�S�ANALOG�PIN���AND
PRINTS�CHANGED�VALUES�TO�THE�TERMINAL��5O�READ�IN�DATA�FROM�ALL�ANALOG�AND�DIGITAL�INPUTS
YOU�CAN�USETHIS�EXAMPLE��CSD�

EXAMPLE 08B02_Processing_to_Csound.csd

<CsoundSynthesizer>

http://www.iainmccurdy.org/CsoundRealtimeExamples/ArduinoProcessingOSC/Arduino_Processing_OSC_Csound.csd


<CsOptions>
-o dac
</CsOptions>

<CsInstruments>

sr = 44100
ksmps = 8
nchnls = 1
0dbfs = 1

; handle used to reference osc stream
gihandle OSCinit 12001

instr 1
; initialise variable used for analog values
gkana0      init       0
; read in OSC channel '/analog/0'
gktrigana0  OSClisten  gihandle, "/analog/0", "i", gkana0
; print changed values to terminal

printk2    gkana0
endin

</CsInstruments>

<CsScore>
i 1 0 3600
e
</CsScore>

</CsoundSynthesizer>

"LSO�WORTH�IN�INVESTIGATING�IS�+ACOB�+OAQUIN�S$SOUNDO��A�$SOUND�LIBRARY�FOR�1ROCESSING�
5HIS�LIBRARY�WILL�ALLOW�CLOSER�INTERACTION�BETWEEN�1ROCESSING�AND�$SOUND�IN�THE�MANNER
OF�THE�CSOUNDAPI^�OBJECT�IN�1D��5HIS�PROJECT�HAS�MORE�RECENTLY�BEEN�DEVELOPED�BY�3ORY
8ALSH�

ARDUINO AS A MIDI DEVICE

4OME�USERS�MIGHT�FIND�IT�MOST�USEFUL�TO�SIMPLY�SET�THE�"RDUINO�UP�AS�A�.*%*�DEVICE�AND
TO�USE�THAT�PROTOCOL�FOR�COMMUNICATION��*N�ORDER�TO�DO�THIS�ALL�THAT�IS�REQUIRED�IS�TO
CONNECT�.*%*�PIN���TO�THE�"RDUINO�S��V�VIA�A����K�RESISTOR
�TO�CONNECT�.*%*�PIN���TO�THE
"RDUINO�S�59�	SERIAL�TRANSMIT
�PIN�PIN���AND�TO�CONNECT�.*%*�PIN���TO�GROUND
�AS�SHOWN
BELOW��*N�ORDER�TO�PROGRAM�THE�"RDUINO�IT�WILL�BE�NECESSARY�TO�INSTALL�"RDUINO�S.*%*
LIBRARY�

https://github.com/jacobjoaquin/Csoundo
http://playground.arduino.cc/Main/MIDILibrary
http://playground.arduino.cc/Main/MIDILibrary


1ROGRAMMING�AN�"RDUINO�TO�GENERATE�A�.*%*�CONTROLLER�SIGNALFROM�ANALOG�PIN���COULD
BE�DONE�USING�THE�FOLLOWING�CODE�

// example written by Iain McCurdy
// import midi library
#include <MIDI.h>

const int analogInPin = A0; // choose analog input pin
int sensorValue = 0;        // sensor value variable
int oldSensorValue = 0;     // sensor value from previous pass
int midiChannel = 1;        // set MIDI channel

void setup()
{

MIDI.begin(1);
}

void loop()
{

sensorValue = analogRead(analogInPin);

// only send out a MIDI message if controller has changed
if (sensorValue!=oldSensorValue)

{
// controller 1, rescale value from 0-1023 (Arduino) to 0-127 (MIDI)
MIDI.sendControlChange(1,sensorValue/8,midiChannel);
oldSensorValue = sensorValue; // set old sensor value to current



}
}

delay(10);
}

%ATA�FROM�THE�"RDUINO�CAN�NOW�BE�READ�USING�$SOUND�SCTRL�OPCODES�FOR�READING�.*%*
CONTROLLER�DATA�

THE SERIAL OPCODES

4ERIAL�DATA�CAN�ALSO�BE�READ�DIRECTLY�FROM�THE�"RDUINO�BY�$SOUND�BY�USING�.ATT�*NGALLS�
OPCODES�FOR�SERIAL�COMMUNICATION�SERIAL#EGINANDSERIAL3EAD�

"N�EXAMPLE�"RDUINO�SKETCH�FOR�SERIAL�COMMUNICATION�COULD�BE�AS�SIMPLE�AS�THIS�

// Example written by Matt Ingalls
// ARDUINO CODE:

void setup() {
// enable serial communication
Serial.begin(9600);

// declare pin 9 to be an output:
pinMode(9, OUTPUT);

}

void loop()
{

// only do something if we received something (this should be at csound's k-rate)
if (Serial.available())
{

// set the brightness of LED (connected to pin 9) to our input value
int brightness = Serial.read();
analogWrite(9, brightness);

// while we are here, get our knob value and send it to csound
int sensorValue = analogRead(A0);
Serial.write(sensorValue/4); // scale to 1-byte range (0-255)

}
}

*T�WILL�BE�NECESSARY�TO�PROVIDE�THE�CORRECT�ADDRESS�OF�THE�SERIAL�PORT�TO�WHICH�THE�"RDUINO
IS�CONNECTED�	IN�THE�GIVEN�EXAMPLE�THE�8INDOWS�PLATFORM�WAS�BEING�USED�AND�THE�PORT
ADDRESS�WAS��$0.�
�

*T�WILL�BE�NECESSARY�TO�SCALE�THE�VALUE�TO�CORRESPOND�TO�THE�RANGE�PROVIDED�BY�A�SINGLE�BYTE
	�����
�SO�THEREFORE�THE�"RDUINO�S����BIT�ANALOG�INPUT�RANGE�	������
�WILL�HAVE�TO�BE
DIVIDED�BY�FOUR�

http://www.csounds.com/manual/html/ctrl7.html
http://www.csounds.com/manual/html/serialBegin.html
http://www.csounds.com/manual/html/serialRead.html


EXAMPLE 08B03_Serial_Read.csd

; Example written by Matt Ingalls
; CSOUND CODE:
; run with a commandline something like:
; csound --opcode-lib=serialOpcodes.dylib serialdemo.csd -odac -iadc

<CsoundSynthesizer>

<CsOptions>

</CsOptions>
;--opcode-lib=serialOpcodes.dylib -odac
<CsInstruments>

ksmps = 500 ; the default krate can be too fast for the arduino to handle
0dbfs = 1

instr 1
iPort        serialBegin        "/COM4", 9600
kVal        serialRead         iPort

printk2                kVal
endin

</CsInstruments>
<CsScore>
i 1 0 3600
e
</CsScore>
</CsoundSynthesizer>

5HIS�EXAMPLE�WILL�READ�SERIAL�DATA�FROM�THE�"RDUINO�AND�PRINT�IT�TO�THE�TERMINAL��3EADING
OUTPUT�STREAMS�FROM�SEVERAL�OF�"RDUINO�S�SENSOR�INPUTS�SIMULTANEOUSLY�WILL�REQUIRE�MORE
COMPLEX�PARSING�OF�DATA�WITHIN�$SOUND�AS�WELL�AS�MORE�COMPLEX�PACKAGING�OF�DATA�FROM
THE�"RDUINO��&XAMPLES�FOR�THIS�WILL�FOLLOW�IN�THE�NEXT�UPDATE�OF�THIS�CHAPTER�

HID

"�FINAL�OPTION�FOR�COMMUNICATION�HAS�BEEN�MADE�AVAILABLE�BY�A�NEW�"RDUINO�BOARD
CALLED��-EONARDO���*T�PAIRS�WITH�A�COMPUTER�AS�IF�IT�WERE�AN�)*%�	)UMAN�*NTERFACE
%EVICE
�SUCH�AS�A�MOUSE
�KEYBOARD�OR�A�GAMEPAD��4ENSOR�DATA�CAN�THEREFORE�BE�USED�TO
IMITATE�THE�ACTIONS�OF�A�MOUSE�CONNECTED�TO�THE�COMPUTER�OR�KEYSTROKES�ON�A�KEYBOARD�
$SOUND�IS�ALREADY�EQUIPPED�WITH�OPCODES�TO�MAKE�USE�OF�THIS�DATA��(AMEPAD�LIKE�DATA�IS
PERHAPS�THE�MOST�USEFUL�OPTION�THOUGH�AND�THERE�EXIST�OPCODES�	A�LEAST�IN�THE�-INUX
VERSION
�FOR�READING�GAMEPAD�DATA��*T�IS�ALSO�POSSIBLE�TO�READ�IN�DATA�FROM�A�GAMEPAD
USINGPYGAMEAND�$SOUND�S�PYTHON�OPCODES�

http://www.pygame.org/news.html


CSOUND IN PD

INSTALLING

:OU�CAN�EMBED�$SOUND�IN�1%�VIA�THE�EXTERNALcsoundapi~
� WHICH�HAS�BEEN�WRITTEN�BY
7ICTOR�-AZZARINI��5HIS�EXTERNAL�IS�PART�OF�THE�$SOUND�DISTRIBUTION�

0N Ubuntu Linux 
�YOU�CAN�INSTALL�THE�CSOUNDAPI^�VIA�THE�4YNAPTIC�PACKAGE�MANAGER�
+UST�LOOK�FOR��CSOUNDAPI^��OR��PD�CSOUND�
�CHECK��INSTALL�
�AND�YOUR�SYSTEM�WILL�INSTALL
THE�LIBRARY�AT�THE�APPROPRIATE�LOCATION��*F�YOU�BUILD�$SOUND�FROM�SOURCES
�YOU�SHOULD�ALSO
BE�ABLE�TO�GET�THE�CSOUNDAPI^�VIA�THE�SCONS�OPTION�BUILD1%$LASS����*T�WILL�BE�PUT�AS
CSOUNDAPI^�PD@LINUX�IN��USR�LIB�PD�EXTRA
�SO�THAT�1%�SHOULD�BE�ABLE�TO�FIND�IT��*F�NOT
�ADD�IT
TO�1%�S�SEARCH�PATH�	'ILE��1ATH���
�

0N Mac OSX
�YOU�FIND�THE�CSOUNDAPI^�IN�THE�FOLLOWING�PATH�

�-IBRARY�'RAMEWORKS�$SOUND-IB�FRAMEWORK�7ERSIONS�����3ESOURCES�1%�
CSOUNDAPI^�PD@DARWIN

1UT�THIS�FILE�IN�A�FOLDER�WHICH�IS�IN�1%�S�SEARCH�PATH��'OR�1%�EXTENDED
�IT�S�BY�DEFAULT
^�-IBRARY�1D��#UT�YOU�CAN�PUT�IT�ANYWHERE��+UST�MAKE�SURE�THAT�THE�LOCATION�IS�SPECIFIED�IN
1%�S�1REFERENCES���1ATH����MENU�

0N Windows
�WHILE�INSTALLING�$SOUND
�OPEN�UP�THE��'RONT�ENDS��COMPONENT�IN�THE
*NSTALLER�BOX�AND�MAKE�SURE�THE�ITEM��CSOUNDAPI^��IS�CHECKED�

csound-in-pd#InsertNoteID_20


"FTER�HAVING�FINISHED�THE�INSTALLATION
�YOU�WILL�FIND�CSOUNDAPI^�DLL�IN�THE�CSOUND�BIN
FOLDER��$OPY�THIS�FILE�INTO�THE�PD�EXTRA�FOLDER
�OR�IN�ANY�OTHER�LOCATION�IN�1%�S�SEARCH�PATH�

8HEN�YOU�HAVE�INSTALLED�THE��CSOUNDAPI^��EXTENSION�ON�ANY�PLATFORM
�AND�INCLUDED�THE
FILE�IN�1%�S�SEARCH�PATH�IF�NECESSARY
�YOU�SHOULD�BE�ABLE�TO�CALL�THE�CSOUNDAPI^�OBJECT�IN
1%��+UST�OPEN�A�1%�WINDOW
�PUT�A�NEW�OBJECT
�AND�TYPE�IN��CSOUNDAPI^��



CONTROL DATA

:OU�CAN�SEND�CONTROL�DATA�FROM�1%�TO�YOUR�$SOUND�INSTRUMENT�VIA�THE�KEYWORD��CONTROL�
IN�A�MESSAGE�BOX��*N�YOUR�$SOUND�CODE
�YOU�MUST�RECEIVE�THE�DATA�VIAINVALUEORCHNGET�
5HIS�IS�A�SIMPLE�EXAMPLE�

EXAMPLE 09A01_pdcs_control_in.csd

<CsoundSynthesizer>
<CsOptions>
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz

sr = 44100
nchnls = 2
0dbfs = 1
ksmps = 8

giSine    ftgen     0, 0, 2^10, 10, 1

instr 1
kFreq     invalue   "freq"
kAmp      invalue   "amp"
aSin      oscili    kAmp, kFreq, giSine

outs      aSin, aSin
endin

csound-in-pd/www.csounds.com/manual/html/invalue.html
csound-in-pd/www.csounds.com/manual/html/chnget.html


</CsInstruments>
<CsScore>
i 1 0 10000
</CsScore>
</CsoundSynthesizer>

4AVE�THIS�FILE�UNDER�THE�NAME��CONTROL�CSD���4AVE�A�1%�WINDOW�IN�THE�SAME�FOLDER�AND
CREATE�THE�FOLLOWING�PATCH�

/OTE�THAT�FOR�INVALUE�CHANNELS
�YOU�FIRST�MUST�REGISTER�THESE�CHANNELS�BY�A��SET��MESSAGE�

"S�YOU�SEE
�THE�FIRST�TWO�OUTLETS�OF�THE�CSOUNDAPI^�OBJECT�ARE�THE�SIGNAL�OUTLETS�FOR�THE
AUDIO�CHANNELS���AND����5HE�THIRD�OUTLET�IS�AN�OUTLET�FOR�CONTROL�DATA�	NOT�USED�HERE
�SEE
BELOW
��5HE�RIGHTMOST�OUTLET�SENDS�A�BANG�WHEN�THE�SCORE�HAS�BEEN�FINISHED�

LIVE INPUT

"UDIO�STREAMS�FROM�1%�CAN�BE�RECEIVED�IN�$SOUND�VIA�THEINCHOPCODE��"S�MANY�INPUT
CHANNELS�THERE�ARE
�AS�MANY�AUDIO�INLETS�ARE�CREATED�IN�THE�CSOUNDAPI^�OBJECT��5HE
FOLLOWING�$4%�USES�TWO�AUDIO�INPUTS�

EXAMPLE 09A02_pdcs_live_in.csd

csound-in-pd/www.csounds.com/manual/html/inch.html


<CsoundSynthesizer>
<CsOptions>
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
0dbfs = 1
ksmps = 8
nchnls = 2

instr 1
aL        inch      1
aR        inch      2
kcfL      randomi   100, 1000, 1; center frequency
kcfR      randomi   100, 1000, 1; for band pass filter
aFiltL    butterbp  aL, kcfL, kcfL/10
aoutL     balance   aFiltL, aL
aFiltR    butterbp  aR, kcfR, kcfR/10
aoutR     balance   aFiltR, aR

outch     1, aoutL
outch     2, aoutR

endin

</CsInstruments>
<CsScore>
i 1 0 10000
</CsScore>
</CsoundSynthesizer>

5HE�CORRESPONDING�1%�PATCH�IS�EXTREMELY�SIMPLE�



MIDI

5HE�CSOUNDAPI^�OBJECT�RECEIVES�.*%*�DATA�VIA�THE�KEYWORD��MIDI���$SOUND�IS�ABLE�TO
TRIGGER�INSTRUMENT�INSTANCES�IN�RECEIVING�A��NOTE�ON��MESSAGE
�AND�TURNING�THEM�OFF�IN
RECEIVING�A��NOTE�OFF��MESSAGE�	OR�A�NOTE�ON�MESSAGE�WITH�VELOCITY��
��4O�THIS�IS�A�VERY
SIMPLE�WAY�TO�BUILD�A�SYNTHESIZER�WITH�ARBITRARY�POLYPHONIC�OUTPUT�



5HIS�IS�THE�CORRESPONDING�MIDI�CSD��*T�MUST�CONTAIN�THE�OPTIONS���RTMIDI�NULL��.��IN�THE
�$S0PTIONS��TAG��*T�S�AN�'.�SYNTH�WHICH�CHANGES�THE�MODULATION�INDEX�ACCORDING�TO�THE
VERLOCITY��THE�MORE�YOU�PRESS�A�KEY
�THE�HIGHER�THE�INDEX
�AND�THE�MORE�PARTIALS�YOU�GET�
5HE�RATIO�IS�CALCULATED�RANDOMLY�BETWEEN�TWO�LIMITS�WHICH�CAN�BE�ADJUSTED�

EXAMPLE 09A03_pdcs_midi.csd

<CsOptions>
-+rtmidi=null -M0
</CsOptions>
<CsoundSynthesizer>
<CsInstruments>
;Example by Joachim Heintz
sr      =  44100
ksmps   =  8
nchnls  =  2
0dbfs = 1

giSine    ftgen     0, 0, 2^10, 10, 1

instr 1
iFreq     cpsmidi   ;gets frequency of a pressed key
iAmp      ampmidi   8;gets amplitude and scales 0-8
iRatio    random    .9, 1.1; ratio randomly between 0.9 and 1.1
aTone     foscili   .1, iFreq, 1, iRatio/5, iAmp+1, giSine; fm
aEnv      linenr    aTone, 0, .01, .01; avoiding clicks at the end of a note

outs      aEnv, aEnv
endin

</CsInstruments>
<CsScore>



f 0 36000; play for 10 hours
e
</CsScore>
</CsoundSynthesizer>

SCORE EVENTS

4CORE�EVENTS�CAN�BE�SENT�FROM�1%�TO�$SOUND�BY�A�MESSAGE�WITH�THE�KEYWORDevent��:OU
CAN�SEND�ANY�KIND�OF�SCORE�EVENTS
�LIKE�INSTRUMENT�CALLS�OR�FUNCTION�TABLE�STATEMENTS��5HE
FOLLOWING�EXAMPLE�TRIGGERS�$SOUND�S�INSTRUMENT���WHENEVER�YOU�PRESS�THE�MESSAGE�BOX
ON�THE�TOP��%IFFERENT�SOUNDS�CAN�BE�SELECTED�BY�SENDING�F�EVENTS�	BUILDING�REPLACING�A
FUNCTION�TABLE
�TO�$SOUND�

EXAMPLE 09A04_pdcs_events.csd

<CsoundSynthesizer>
<CsOptions>
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz
sr = 44100
ksmps = 8
nchnls = 2
0dbfs = 1



seed      0; each time different seed
giSine    ftgen     1, 0, 2^10, 10, 1; function table 1

instr 1
iDur      random    0.5, 3
p3        =         iDur
iFreq1    random    400, 1200
iFreq2    random    400, 1200
idB       random    -18, -6
kFreq     linseg    iFreq1, iDur, iFreq2
kEnv      transeg   ampdb(idB), p3, -10, 0
aTone     oscili    kEnv, kFreq, 1

outs      aTone, aTone
endin

</CsInstruments>
<CsScore>
f 0 36000; play for 10 hours
e
</CsScore>
</CsoundSynthesizer>

CONTROL OUTPUT

*F�YOU�WANT�$SOUND�TO�GIVE�ANY�SORT�OF�CONTROL�DATA�TO�1%
�YOU�CAN�USE�THE�OPCODES
OUTVALUEORCHNSET��:OU�WILL�RECEIVE�THIS�DATA�AT�THE�SECOND�OUTLET�FROM�THE�RIGHT�OF�THE
CSOUNDAPI^�OBJECT��5HE�DATA�ARE�SENT�AS�A�LIST�WITH�TWO�ELEMENTS��5HE�NAME�OF�THE�CONTROL
CHANNEL�IS�THE�FIRST�ELEMENT
�AND�THE�VALUE�IS�THE�SECOND�ELEMENT��:OU�CAN�GET�THE�VALUES
BY�ArouteOBJECT�OR�BY�Asend/receiveCHAIN��5HIS�IS�A�SIMPLE�EXAMPLE�

csound-in-pd/www.csounds.com/manual/html/outvalue.html
csound-in-pd/www.csounds.com/manual/html/chnset.html


EXAMPLE 09A05_pdcs_control_out.csd

<CsoundSynthesizer>
<CsOptions>
</CsOptions>
<CsInstruments>
;Example by Joachim Heintz

sr = 44100
nchnls = 2
0dbfs = 1
ksmps = 8

instr 1
ktim      times
kphas     phasor    1

outvalue  "time", ktim
outvalue  "phas", kphas*127

endin

</CsInstruments>
<CsScore>
i 1 0 30
</CsScore>
</CsoundSynthesizer>



SEND/RECEIVE BUFFERS FROM PD TO CSOUND
AND BACK

"�1%�ARRAY�CAN�BE�SENT�DIRECTLY�TO�$SOUND
�AND�A�$SOUND�FUNCTION�TABLE�TO�1%��5HE
MESSAGEtabset<TABSET�ARRAY�NAME�FTABLE�NUMBER>�COPIES�A�1%�ARRAY�INTO�A�$SOUND
FUNCTION�TABLE��5HE�MESSAGEtabget<TABGET�ARRAY�NAME�FTABLE�NUMBER>�COPIES�A�$SOUND
FUNCTION�TABLE�INTO�A�1%�ARRAY��5HE�EXAMPLE�BELOW�SHOULD�EXPLAIN�EVERYTHING��+UST�CHOOSE
ANOTHER�SOUNDFILE�INSTEAD�OF��STIMME�WAV��

EXAMPLE 06A06_pdcs_tabset_tabget.csd

<CsoundSynthesizer>
<CsOptions>
-odac



</CsOptions>
<CsInstruments>
sr = 44100
ksmps = 8
nchnls = 1
0dbfs = 1

giCopy ftgen 1, 0, -88200, 2, 0 ;"empty" table
giFox  ftgen 2, 0, 0, 1, "fox.wav", 0, 0, 1

opcode BufPlay1, a, ipop
ifn, ispeed, iskip, ivol xin
icps      =         ispeed / (ftlen(ifn) / sr)
iphs      =         iskip / (ftlen(ifn) / sr)
asig      poscil3   ivol, icps, ifn, iphs

xout      asig
endop

instr 1
itable    =         p4
aout      BufPlay1  itable

out       aout
endin

</CsInstruments>
<CsScore>
f 0 99999
</CsScore>
</CsoundSynthesizer>
;example by joachim heintz

SETTINGS

.AKE�SURE�THAT�THE�$SOUND�VECTOR�SIZE�GIVEN�BY�THEKSMPSVALUE
�IS�NOT�LARGER�THAN�THE
INTERNAL�1%�VECTOR�SIZE��*T�SHOULD�BE�A�POWER�OF����*�D�RECOMMEND�TO�START�WITH�KSMPS���
*F�THERE�ARE�PERFORMANCE�PROBLEMS
�TRY�TO�INCREASE�THIS�VALUE�TO���
���
�OR����

5HE�CSOUNDAPI^�OBJECT�RUNS�BY�DEFAULT�IF�YOU�TURN�ON�AUDIO�IN�1%��:OU�CAN�STOP�IT�BY
SENDING�A��RUN����MESSAGE
�AND�START�IT�AGAIN�WITH�A��RUN����MESSAGE�

:OU�CAN�RECOMPILE�THE��CSD�FILE�OF�A�CSOUNDAPI^�OBJECT�BY�SENDING�A��RESET��MESSAGE�

#Y�DEFAULT
�YOU�SEE�ALL�THE�MESSAGES�OF�$SOUND�IN�THE�1%�WINDOW��*F�YOU�DON�T�WANT�TO
SEE�THEM
�SEND�A��MESSAGE����MESSAGE���MESSAGE����PRINTS�THE�OUTPUT�AGAIN�

*F�YOU�WANT�TO�OPEN�A�NEW��CSD�FILE�IN�THE�CSOUNDAPI^�OBJECT
�SEND�THE�MESSAGE��OPEN�

FOLLOWED�BY�THE�PATH�OF�THE��CSD�FILE�YOU�WANT�TO�LOAD�

"��REWIND��MESSAGE�REWINDS�THE�SCORE�WITHOUT�RECOMPILATION��5HE�MESSAGE��OFFSET�

FOLLOWED�BY�A�NUMBER
�OFFSETS�THE�SCORE�PLAYBACK�BY�AN�AMOUNT�OF�SECONDS�

http://www.csounds.com/manual/html/ksmps.html


�� 5HE�NEW�NAME�FOR�$SOUND���WILL�BE�CSOUND�^�?

csound-in-pd#InsertNoteID_20_marker21


CSOUND IN MAXMSP
The information contained within this document pertains to csound~ v1.0.7.

INTRODUCTION

$SOUND�CAN�BE�EMBEDDED�IN�A�.AX�PATCH�USING�THE�CSOUND^�OBJECT��5HIS�ALLOWS�YOU�TO
SYNTHESIZE�AND�PROCESS�AUDIO
�.*%*
�OR�CONTROL�DATA�WITH�$SOUND�

INSTALLING

#EFORE�INSTALLING�CSOUND^
INSTALL�$SOUND���CSOUND^�NEEDS�A�NORMAL�$SOUND��INSTALLATION
IN�ORDER�TO�WORK��:OU�CAN�DOWNLOAD�$SOUND��FROMHERE�

0NCE�$SOUND��IS�INSTALLED
�DOWNLOAD�THE�CSOUND^�ZIP�FILE�FROMHERE�

INSTALLING ON MAC OS X

�� &XPAND�THE�ZIP�FILE�AND�NAVIGATE�TO�BINARIES�.AC049��
�� $HOOSE�AN�MXO�FILE�BASED�ON�WHAT�KIND�OF�$16�YOU�HAVE�	INTEL�OR�PPC
�AND

WHICH�TYPE�OF�FLOATING�POINT�NUMBERS�ARE�USED�IN�YOUR�$SOUND��VERSION�	DOUBLE
OR�FLOAT
��5HE�NAME�OF�THE�$SOUND��INSTALLER�MAY�GIVE�A�HINT�WITH�THE�LETTERS��F�
OR��D��OR�EXPLICITLY�WITH�THE�WORDS��DOUBLE��OR��FLOAT���)OWEVER
�IF�YOU�DO�NOT
SEE�A�HINT
�THEN�THAT�MEANS�THE�INSTALLER�CONTAINS�BOTH
�IN�WHICH�CASE�YOU�ONLY
HAVE�TO�MATCH�YOUR�$16�TYPE�

�� $OPY�THE�MXO�FILE�TO�
o Max 4.5���-IBRARY�"PPLICATION�4UPPORT�$YCLING�����EXTERNALS�
o Max 4.6���"PPLICATIONS�.AX.41�����$YCLING����EXTERNALS�
o Max 5���"PPLICATIONS�.AX��$YCLING�����MSP�EXTERNALS�

�� 3ENAME�THE�MXO�FILE�TO��CSOUND^�MXO��
�� *F�YOU�WOULD�LIKE�TO�INSTALL�THE�HELP�PATCHES
�NAVIGATE�TO�THE�HELP@FILES�FOLDER�AND

COPY�ALL�FILES�TO�
o Max 4.5���"PPLICATIONS�.AX.41�����MAX�HELP�
o Max 4.6���"PPLICATIONS�.AX.41�����MAX�HELP�
o Max 5���"PPLICATIONS�.AX��$YCLING�����MSP�HELP�

INSTALLING ON WINDOWS

�� &XPAND�THE�ZIP�FILE�AND�NAVIGATE�TO�BINARIES=8INDOWS=�
�� $HOOSE�AN�MXE�FILE�BASED�ON�THE�TYPE�OF�FLOATING�POINT�NUMBERS�USED�IN�YOUR

$SOUND��VERSION�	DOUBLE�OR�FLOAT
��5HE�NAME�OF�THE�$SOUND��INSTALLER�MAY�GIVE�A
HINT�WITH�THE�LETTERS��F��OR��D��OR�EXPLICITLY�WITH�THE�WORDS��DOUBLE��OR��FLOAT��

http://en.flossmanuals.net/bin/view/Csound/MakeCsoundRun
http://sourceforge.net/projects/csound/files/csound5/
http://www.davixology.com/csound~.html


�� $OPY�THE�MXE�FILE�TO�
o Max 4.5��$�=1ROGRAM�'ILES=$OMMON�'ILES=$YCLING����=EXTERNALS=
o Max 4.6��$�=1ROGRAM�'ILES=$YCLING����=.AX.41����=$YCLING����=

EXTERNALS=
o Max 5��$�=1ROGRAM�'ILES=$YCLING����=.AX����=$YCLING����=MSP�

EXTERNALS=
�� 3ENAME�THE�MXE�FILE�TO��CSOUND^�MXE��
�� *F�YOU�WOULD�LIKE�TO�INSTALL�THE�HELP�PATCHES
�NAVIGATE�TO�THE�HELP@FILES�FOLDER�AND

COPY�ALL�FILES�TO�
o Max 4.5��$�=1ROGRAM�'ILES=$YCLING����=.AX.41����=MAX�HELP=
o Max 4.6��$�=1ROGRAM�'ILES=$YCLING����=.AX.41����=MAX�HELP=
o Max 5��$�=1ROGRAM�'ILES=$YCLING����=.AX����=$YCLING����=MSP�HELP=

KNOWN ISSUES

0N�8INDOWS�	ONLY

�VARIOUS�VERSIONS�OF�$SOUND��HAVE�A�KNOWN�INCOMPATIBILITY�WITH
CSOUND^�THAT�HAS�TO�DO�WITH�THE�FLUID�OPCODES��)OW�CAN�YOU�TELL�IF�YOU�RE�AFFECTED �)ERE�S
HOW��IF�YOU�STOP�A�$SOUND�PERFORMANCE�	OR�IT�STOPS�BY�ITSELF
�AND�YOU�CLICK�ON�A�NON�
.AX.41�OR�NON�-IVE�WINDOW�AND�IT�CRASHES
�THEN�YOU�ARE�AFFECTED��6NTIL�THIS�IS�FIXED
�AN
EASY�SOLUTION�IS�TO�REMOVE�DELETE�FLUID0PCODES�DLL�FROM�YOUR�PLUGINS�OR�PLUGINS���FOLDER�
)ERE�ARE�SOME�COMMON�LOCATIONS�FOR�THAT�FOLDER�

d $�=1ROGRAM�'ILES=$SOUND=PLUGINS
d $�=1ROGRAM�'ILES=$SOUND=PLUGINS��

CREATING A CSOUND~ PATCH

�� $REATE�THE�FOLLOWING�PATCH�

�� 4AVE�AS��HELLOWORLD�MAXPAT��AND�CLOSE�IT�
�� $REATE�A�TEXT�FILE�CALLED��HELLOWORLD�CSD��WITHIN�THE�SAME�FOLDER�AS�YOUR�PATCH�
�� "DD�THE�FOLLOWING�TO�THE�TEXT�FILE�



EXAMPLE 09B01_maxcs_helloworld.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Davis Pyon
sr     = 44100
ksmps  = 32
nchnls = 2
0dbfs  = 1

instr 1
aNoise noise .1, 0

outch 1, aNoise, 2, aNoise
endin

</CsInstruments>
<CsScore>
f0 86400
i1 0 86400
e
</CsScore>
</CsoundSynthesizer>

�� 0PEN�THE�PATCH
�PRESS�THE�BANG�BUTTON
�THEN�PRESS�THE�SPEAKER�ICON�

"T�THIS�POINT
�YOU�SHOULD�HEAR�SOME�NOISE��$ONGRATULATIONS��:OU�CREATED�YOUR�FIRST
CSOUND^�PATCH�

:OU�MAY�BE�WONDERING�WHY�WE�HAD�TO�SAVE
�CLOSE
�AND�REOPEN�THE�PATCH��5HIS�IS�NEEDED
IN�ORDER�FOR�CSOUND^�TO�FIND�THE�CSD�FILE��*N�EFFECT
�SAVING�AND�OPENING�THE�PATCH�ALLOWS
CSOUND^�TO��KNOW��WHERE�THE�PATCH�IS��6SING�THIS�INFORMATION
�CSOUND^�CAN�THEN�FIND�CSD
FILES�SPECIFIED�USING�A�RELATIVE�PATHNAME�	E�G���HELLOWORLD�CSD�
��,EEP�IN�MIND�THAT�THIS�IS
ONLY�NECESSARY�FOR�NEWLY�CREATED�PATCHES�THAT�HAVE�NOT�BEEN�SAVED�YET��#Y�THE�WAY
�HAD
WE�SPECIFIED�AN�ABSOLUTE�PATHNAME�	E�G���$��.YSTUFF�HELLOWORLD�CSD�

�THE�PROCESS�OF
SAVING�AND�REOPENING�WOULD�HAVE�BEEN�UNNECESSARY�

5HE��!SCALE����ARGUMENT�TELLS�CSOUND^�NOT�TO�SCALE�AUDIO�DATA�BETWEEN�.AX�AND�$SOUND�
#Y�DEFAULT
�CSOUND^�WILL�SCALE�AUDIO�TO�MATCH��D#�LEVELS��.AX�USES�A��D#�LEVEL�EQUAL�TO
ONE
�WHILE�$SOUND�USES�A��D#�LEVEL�EQUAL�TO��������6SING��!SCALE����AND�ADDING�THE
STATEMENT��0dbfs �����WITHIN�THE�CSD�FILE�ALLOWS�YOU�TO�WORK�WITH�A��D#�LEVEL�EQUAL�TO
ONE�EVERYWHERE��5HIS�IS�HIGHLY�RECOMMENDED�

AUDIO I/O

"LL�CSOUND^�INLETS�ACCEPT�AN�AUDIO�SIGNAL�AND�SOME�OUTLETS�SEND�AN�AUDIO�SIGNAL��5HE
NUMBER�OF�AUDIO�OUTLETS�IS�DETERMINED�BY�THE�ARGUMENTS�TO�THE�CSOUND^�OBJECT��)ERE�ARE
FOUR�WAYS�TO�SPECIFY�THE�NUMBER�OF�INLETS�AND�OUTLETS�

http://www.csounds.com/manual/html/Zerodbfs.html


d <CSOUND^�!IO��>
d <CSOUND^�!I���!O��>
d <CSOUND^��>
d <CSOUND^����>

�!IO����CREATES���AUDIO�INLETS�AND���AUDIO�OUTLETS���!I���!O����CREATES���AUDIO�INLETS�AND
��AUDIO�OUTLETS��5HE�THIRD�AND�FOURTH�LINES�ACCOMPLISH�THE�SAME�THING�AS�THE�FIRST�TWO��*F
YOU�DON�T�SPECIFY�THE�NUMBER�OF�AUDIO�INLETS�OR�OUTLETS
�THEN�CSOUND^�WILL�HAVE�TWO�AUDIO
INLETS�AND�TWO�AUDIO�OULETS��#Y�THE�WAY
�AUDIO�OUTLETS�ALWAYS�APPEAR�TO�THE�LEFT�OF�NON�
AUDIO�OUTLETS��-ET�S�CREATE�A�PATCH�CALLED�AUDIO@IO�MAXPAT�THAT�DEMONSTRATES�AUDIO�I�O�

)ERE�IS�THE�CORRESPONDING�TEXT�FILE�	LET�S�CALL�IT�AUDIO@IO�CSD
�

EXAMPLE 09B02_maxcs_audio_io.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Davis Pyon
sr     = 44100
ksmps  = 32
nchnls = 3
0dbfs  = 1

instr 1
aTri1 inch 1
aTri2 inch 2
aTri3 inch 3
aMix  = (aTri1 + aTri2 + aTri3) * .2

outch 1, aMix, 2, aMix
endin

</CsInstruments>
<CsScore>
f0 86400
i1 0 86400
e



</CsScore>
</CsoundSynthesizer>

*N�AUDIO@IO�MAXPAT
�WE�ARE�MIXING�THREE�TRIANGLE�WAVES�INTO�A�STEREO�PAIR�OF�OUTLETS��*N
AUDIO@IO�CSD
�WE�USEinch ANDoutch TO�RECEIVE�AND�SEND�AUDIO�FROM�AND�TO�CSOUND^�
inch ANDoutch BOTH�USE�A�NUMBERING�SYSTEM�THAT�STARTS�WITH�ONE�	THE�LEFT�MOST�INLET�OR
OUTLET
�

/OTICE�THE�STATEMENT��nchnls �����IN�THE�ORCHESTRA�HEADER��5HIS�TELLS�THE�$SOUND�COMPILER
TO�CREATE�THREE�AUDIO�INPUT�CHANNELS�AND�THREE�AUDIO�OUTPUT�CHANNELS��/ATURALLY
�THIS
MEANS�THAT�OUR�CSOUND^�OBJECT�SHOULD�HAVE�NO�MORE�THAN�THREE�AUDIO�INLETS�OR�OUTLETS�

CONTROL MESSAGES

$ONTROL�MESSAGES�ALLOW�YOU�TO�SEND�NUMBERS�TO�$SOUND��*T�IS�THE�PRIMARY�WAY�TO�CONTROL
$SOUND�PARAMETERS�AT�I�RATE�OR�K�RATE��5O�CONTROL�A�RATE�	AUDIO
�PARAMETERS
�YOU�MUST�USE
AND�AUDIO�INLET��)ERE�ARE�TWO�EXAMPLES�

d CONTROL�FREQUENCY�����
d C�RESONANCE���

/OTICE�THAT�YOU�CAN�USE�EITHER��CONTROL��OR��C��TO�INDICATE�A�CONTROL�MESSAGE��5HE�SECOND
ARGUMENT�SPECIFIES�THE�NAME�OF�THE�CHANNEL�YOU�WANT�TO�CONTROL�AND�THE�THIRD�ARGUMENT
SPECIFIES�THE�VALUE�

5HE�FOLLOWING�PATCH�AND�TEXT�FILE�DEMONSTRATES�CONTROL�MESSAGES�

EXAMPLE 09B03_maxcs_control_in.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Davis Pyon

http://www.csounds.com/manual/html/inch.html
http://www.csounds.com/manual/html/outch.html
http://www.csounds.com/manual/html/inch.html
http://www.csounds.com/manual/html/outch.html
http://www.csounds.com/manual/html/nchnls.html


sr     = 44100
ksmps  = 32
nchnls = 2
0dbfs  = 1

giSine ftgen 1, 0, 16384, 10, 1 ; Generate a sine wave table.

instr 1
kPitch chnget "pitch"
kMod   invalue "mod"
aFM    foscil .2, cpsmidinn(kPitch), 2, kMod, 1.5, giSine

outch 1, aFM, 2, aFM
endin
</CsInstruments>
<CsScore>
f0 86400
i1 0 86400
e
</CsScore>
</CsoundSynthesizer>

*N�THE�PATCH
�NOTICE�THAT�WE�USE�TWO�DIFFERENT�METHODS�TO�CONSTRUCT�CONTROL�MESSAGES��5HE
�PAK��METHOD�IS�A�LITTLE�FASTER�THAN�THE�MESSAGE�BOX�METHOD
�BUT�DO�WHATEVER�LOOKS�BEST
TO�YOU��:OU�MAY�BE�WONDERING�HOW�WE�CAN�SEND�MESSAGES�TO�AN�AUDIO�INLET�	REMEMBER

ALL�INLETS�ARE�AUDIO�INLETS
��%ON�T�WORRY�ABOUT�IT��*N�FACT
�WE�CAN�SEND�A�MESSAGE�TO�ANY
INLET�AND�IT�WILL�WORK�

*N�THE�TEXT�FILE
�NOTICE�THAT�WE�USE�TWO�DIFFERENT�OPCODES�TO�RECEIVE�THE�VALUES�SENT�IN�THE
CONTROL�MESSAGES�chngetANDinvalue� chngetIS�MORE�VERSATILE�	IT�WORKS�AT�I�RATE�AND�K�
RATE
�AND�IT�ACCEPTS�STRINGS
�AND�IS�A�TINY�BIT�FASTER�THANinvalue��0N�THE�OTHER�HAND
�THE
LIMITED�NATURE�OFinvalue 	ONLY�WORKS�AT�K�RATE
�NEVER�REQUIRES�ANY�DECLARATIONS�IN�THE
HEADER�SECTION�OF�THE�ORCHESTRA
�MAY�BE�EASIER�FOR�NEWCOMERS�TO�$SOUND�

MIDI

CSOUND^�ACCEPTS�RAW�.*%*�NUMBERS�IN�IT�S�FIRST�INLET��5HIS�ALLOWS�YOU�TO�CREATE�$SOUND
INSTRUMENT�INSTANCES�WITH�.*%*�NOTES�AND�ALSO�CONTROL�PARAMETERS�USING�.*%*�$ONTROL
$HANGE��CSOUND^�ACCEPTS�ALL�TYPES�OF�.*%*�MESSAGES
�EXCEPT�FOR��SYSEX
�TIME�CODE
�AND
SYNC��-ET�S�LOOK�AT�A�PATCH�AND�TEXT�FILE�THAT�USES�.*%*�

http://www.csounds.com/manual/html/chnget.html
http://www.csounds.com/manual/html/invalue.html
http://www.csounds.com/manual/html/chnget.html
http://www.csounds.com/manual/html/invalue.html
http://www.csounds.com/manual/html/invalue.html


EXAMPLE 09B04_maxcs_midi.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Davis Pyon
sr     = 44100
ksmps  = 32
nchnls = 2
0dbfs  = 1

massign 0, 0 ; Disable default MIDI assignments.
massign 1, 1 ; Assign MIDI channel 1 to instr 1.

giSine ftgen 1, 0, 16384, 10, 1 ; Generate a sine wave table.

instr 1
iPitch cpsmidi
kMod   midic7 1, 0, 10
aFM    foscil .2, iPitch, 2, kMod, 1.5, giSine

outch 1, aFM, 2, aFM
endin
</CsInstruments>
<CsScore>
f0 86400
e
</CsScore>
</CsoundSynthesizer>



*N�THE�PATCH
�NOTICE�HOW�WE�RE�USING�MIDIFORMAT�TO�FORMAT�NOTE�AND�CONTROL�CHANGE�LISTS
INTO�RAW�.*%*�BYTES��5HE�����ARGUMENT�FOR�MIDIFORMAT�SPECIFIES�THAT�ALL�.*%*�MESSAGES
WILL�BE�ON�CHANNEL�ONE�

*N�THE�TEXT�FILE
�NOTICE�THEmassignSTATEMENTS�IN�THE�HEADER�OF�THE�ORCHESTRA���massign
�
���TELLS�$SOUND�TO�CLEAR�ALL�MAPPINGS�BETWEEN�.*%*�CHANNELS�AND�$SOUND�INSTRUMENT
NUMBERS��5HIS�IS�HIGHLY�RECOMMENDED�BECAUSE�FORGETTING�TO�ADD�THIS�STATEMENT�MAY�CAUSE
CONFUSION�SOMEWHERE�DOWN�THE�ROAD��5HE�NEXT�STATEMENT��massign�
���TELLS�$SOUND�TO
MAP�.*%*�CHANNEL�ONE�TO�INSTRUMENT�ONE�

5O�GET�THE�.*%*�PITCH
�WE�USE�THE�OPCODEcpsmidi��5O�GET�THE�'.�MODULATION�FACTOR
�WE
USEmidic7 IN�ORDER�TO�READ�THE�LAST�KNOWN�VALUE�OF�.*%*�$$�NUMBER�ONE�	MAPPED�TO�THE
RANGE�<�
��>
�

/OTICE�THAT�IN�THE�SCORE�SECTION�OF�THE�TEXT�FILE
�WE�NO�LONGER�HAVE�THE�STATEMENT��I���
�������AS�WE�HAD�IN�EARLIER�EXAMPLES��5HIS�IS�A�GOOD�THING�AS�YOU�SHOULD�NEVER�INSTANTIATE
AN�INSTRUMENT�VIA�BOTH�.*%*�AND�SCORE�EVENTS�	AT�LEAST�THAT�HAS�BEEN�THIS�WRITER�S
EXPERIENCE
�

EVENTS

5O�SEND�$SOUND�EVENTS�	I�E��SCORE�STATEMENTS

�USE�THE��EVENT��OR��E��MESSAGE��:OU�CAN
SEND�ANY�TYPE�OF�EVENT�THAT�$SOUND�UNDERSTANDS��5HE�FOLLOWING�PATCH�AND�TEXT�FILE
DEMONSTRATES�HOW�TO�SEND�EVENTS�

http://www.csounds.com/manual/html/massign.html
http://www.csounds.com/manual/html/massign.html
http://www.csounds.com/manual/html/massign.html
http://www.csounds.com/manual/html/cpsmidi.html
http://www.csounds.com/manual/html/midic7.html


EXAMPLE 09B05_maxcs_events.csd

<CsoundSynthesizer>
<CsInstruments>
;Example by Davis Pyon
sr     = 44100
ksmps  = 32
nchnls = 2
0dbfs  = 1

instr 1
iDur = p3
iCps = cpsmidinn(p4)

iMeth = 1
print iDur, iCps, iMeth

aPluck pluck .2, iCps, iCps, 0, iMeth
outch 1, aPluck, 2, aPluck

endin
</CsInstruments>
<CsScore>
f0 86400
e
</CsScore>
</CsoundSynthesizer>

*N�THE�PATCH
�NOTICE�HOW�THE�ARGUMENTS�TO�THE�PACK�OBJECT�ARE�DECLARED��5HE��I���STATEMENT
TELLS�$SOUND�THAT�WE�WANT�TO�CREATE�AN�INSTANCE�OF�INSTRUMENT�ONE��5HERE�IS�NO�SPACE
BETWEEN��I��AND�����BECAUSE�PACK�CONSIDERS��I��AS�A�SPECIAL�SYMBOL�SIGNIFYING�AN�INTEGER�



5HE�NEXT�NUMBER�SPECIFIES�THE�START�TIME��)ERE
�WE�USE�����BECAUSE�WE�WANT�THE�EVENT�TO
START�RIGHT�NOW��5HE�DURATION������IS�SPECIFIED�AS�A�FLOATING�POINT�NUMBER�SO�THAT�WE�CAN
HAVE�NON�INTEGER�DURATIONS��'INALLY
�THE�NUMBER������DETERMINES�THE�.*%*�PITCH��:OU
MIGHT�BE�WONDERING�WHY�THE�PACK�OBJECT�OUTPUT�IS�BEING�SENT�TO�A�MESSAGE�BOX��5HIS�IS
GOOD�PRACTICE�AS�IT�WILL�REVEAL�ANY�MISTAKES�YOU�MADE�IN�CONSTRUCTING�AN�EVENT�MESSAGE�

*N�THE�TEXT�FILE
�WE�ACCESS�THE�EVENT�PARAMETERS�USING�P�STATEMENTS��8E�NEVER�ACCESSp1
	INSTRUMENT�NUMBER
�ORp2 	START�TIME
�BECAUSE�THEY�ARE�NOT�IMPORTANT�WITHIN�THE�CONTEXT
OF�OUR�INSTRUMENT��"LTHOUGHp3 	DURATION
�IS�NOT�USED�FOR�ANYTHING�HERE
�IT�IS�OFTEN�USED�TO
CREATE�AUDIO�ENVELOPES��'INALLY
p4 	.*%*�PITCH
�IS�CONVERTED�TO�CYCLES�PER�SECOND��5HE
print STATEMENT�IS�THERE�SO�THAT�WE�CAN�VERIFY�THE�PARAMETER�VALUES�

http://www.csounds.com/manual/html/print.html


CSOUND IN ABLETON LIVE
$SOUND�CAN�BE�USED�IN�"BLETON�-IVE�THROUGH�.AX�-IVE��.AX�-IVE�IS�A�TOOLKIT�WHICH
ALLOWS�USERS�TO�BUILD�DEVICES�FOR�-IVE�USING�.AX�.41�1LEASE�SEE�THE�PREVIOUS�SECTION
ON�USING�$SOUND�IN�.AX�.41�FOR�MORE�DETAILS�ON�HOW�TO�USE�$SOUND�IN�-IVE�

$ABBAGE�CAN�ALSO�BE�USED�TO�RUN�$SOUND�IN�-IVE
�OR�ANY�OTHER�AUDIO�PLUGIN�HOST��1LEASE
REFER�TO�THE�SECTION�TITLED��$ABBAGE��IN�CHAPTER����



D. CSOUND AS A VST PLUGIN
$SOUND�CAN�BE�BUILT�INTO�A�745�OR�"6�PLUGIN�THROUGH�THE�USE�OF�THE�$SOUND�HOST�"1*�
3EFER�TO�THE�SECTION�ON�USING�THE�$SOUND�"1*�FOR�MORE�DETAILS�

*F�YOU�ARE�NOT�WELL�VERSED�IN�LOW�LEVEL�COMPUTER�PROGRAMMING�YOU�CAN�JUST�USE�$ABBAGE
TO�CREATE�$SOUND�BASED�PLUGINS�4EE�THE�SECTION�TITLED��$ABBAGE��IN�$HAPTER����



CsoundQt
$SOUND2T�IS�A�FREE
�CROSS�PLATFORM�GRAPHICAL�FRONTEND�TO�$SOUND��*T�FEATURES�SYNTAX
HIGHLIGHTING
�CODE�COMPLETION�AND�A�GRAPHICAL�WIDGET�EDITOR�FOR�REALTIME�CONTROL�OF
$SOUND��*T�COMES�WITH�MANY�USEFUL�CODE�EXAMPLES
�FROM�BASIC�TUTORIALS�TO�COMPLEX
SYNTHESIZERS�AND�PIECES�WRITTEN�IN�$SOUND��*T�ALSO�FEATURES�AN�INTEGRATED�$SOUND�LANGUAGE
HELP�DISPLAY�

$SOUND2T�	NAMED�2UTE$SOUND�UNTIL�AUTOMN�����
�CAN�BE�USED�AS�A�CODE�EDITOR�TAILORED
FOR�$SOUND
�AS�IT�FACILITATES�RUNNING�AND�RENDERING�$SOUND�FILES�WITHOUT�THE�NEED�OF�TYPING
ON�THE�COMMAND�LINE�USING�THE�3UN�AND�3ENDER�BUTTONS�

*N�THE�WIDGET�EDITOR�PANEL
�YOU�CAN�CREATE�A�VARIETY�OF�WIDGETS�TO�CONTROL�$SOUND��5O�LINK
THE�VALUE�FROM�A�WIDGET
�YOU�FIRST�NEED�TO�SET�ITS�CHANNEL
�AND�THEN�USE�THE�$SOUND
OPCODES�INVALUE�OR�CHNGET��5O�SEND�VALUES�TO�WIDGETS
�E�G��FOR�DATA�DISPLAY
�YOU�NEED�TO
USE�THE�OUTVALUE�OR�CHNSET�OPCODE�



$SOUND2T�ALSO�OFFERS�CONVENIENT�FACILITIES�FOR�SCORE�EDITING�IN�A�SPREADSHEET�LIKE
ENVIRONMENT�WHICH�CAN�BE�TRANSFORMED�USING�1YTHON�SCRIPTING�	SEE�ALSO�CHAPTER���$
�



:OU�WILL�FIND�MORE�DETAILED�INFORMATION�AND�VIDEO�TUTORIALS�IN�THE�$SOUND2T�HOME�PAGE
ATHTTP���QUTECSOUND�SOURCEFORGE�NET�

CONFIGURING CSOUNDQT

$SOUND2T�GIVES�EASY�ACCESS�TO�THE�MOST�IMPORTANT$SOUND�OPTIONSAND�TO�MANY�SPECIFIC
$SOUND2T�SETTINGS�VIA�ITS�$ONFIGURATION�1ANEL��*N�PARTICULAR�THE��3UN��TAB�OFFERS�MANY
CHOICES�WHICH�HAVE�TO�BE�UNDERSTOOD�AND�SET�CAREFULLY�

http://qutecsound.sourceforge.net
http://www.csounds.com/manual/html/CommandFlags.html


5O�OPEN�THE�CONFIGURATION�PANEL�SIMPLY�PUSH�THE��$ONFIGURE��BUTTON��5HE�CONFIGURATION
PANEL�COMPRISES���TABS��5HE�AVAILABLE�CONFIGURABLE�PARAMETERS�IN�EACH�TAB�ARE�DESCRIBED
BELOW�FOR�EACH�TAB�

Run

5HE�SETTINGS�AT�THE�TOP�OF�THE�j3UNk�TAB�ALLOW�THE�USER�TO�DEFINE�THE�COMMAND�LINE�FLAGS
WITH�WHICH�$SOUND�IS�INVOKED�

Buffer Size (-b)

5HIS�DEFINES�THE�SOFTWARE�BUFFER�SIZE�	CORRESPONDING�WITH�THE��B�FLAG
�

*F�YOU�DO�NOT�TICK
�$SOUND2T�WILL�USE�THE�DEFAULTS��

*F�YOU�TICK�TO�ENTER�AN�OWN�VALUE
�THESE�ARE�SOME�HINTS�
d "LWAYS�USE�POWER�OF�TWO�VALUES�

qutecsound#InsertNoteID_20


d 6SUALLY�THEKSMPSBLOCK�SIZE�IS�����OR�����OF�THE�SOFTWARE�BUFFER�SIZE��*F
YOU�USE�LIVE�INPUT�AND�OUTPUT
�IT�IS�MOST�EFFECTIVE�TO�SET�THE�SOFTWARE
BUFFER�SIZE�TO�AN�INTEGER�MULTIPLE�OFksmps	�FULL�DUPLEX�AUDIO�
�

d 6SE�SMALLER�VALUES�	E�G�����
�FOR�LIVE�PERFORMANCE�	IN�PARTICULAR�WITH
LIVE�INPUT

�AS�IT�WILL�REDUCE�THE�LATENCY��6SE�LARGER�VALUES�	E�G������

FOR�OTHER�CASES
�FOR�INSTANCE�PLAYING�SOUND�FILES�

HW Buffer Size (-B)

5HIS�DEFINES�THE�HARDWARE�BUFFER�SIZE�	CORRESPONDING�WITH�THE��#�FLAG
�

*F�YOU�DO�NOT�TICK
�$SOUND2T�WILL�USE�THE�DEFAULTS��

*F�YOU�TICK�TO�ENTER�AN�OWN�VALUE
�THESE�ARE�SOME�HINTS�
d "LWAYS�USE�A�MULTIPLE�INTEGER�OF�THE�SOFTWARE�BUFFER�SIZE��"�COMMON

RELATION�IS��)ARDWARE�#UFFER�4IZE�������4OFTWARE�#UFFER�4IZE�
d 5HE�RELATION�BETWEEN�SOFTWARE�BUFFER�SIZE�AND�HARDWARE�BUFFER�SIZE

DEPENDS�ON�THE�AUDIO�MODULE��

Use new parser

5ICK�THIS�IF�YOU�USE�$SOUND������OR�HIGHER��5HIS�OPTION�HAS�BEEN�INTRODUCED
DURING�THE�TRANSITION�BETWEEN�THE�OLD�AND�THE�NEW�PARSER
�AND�WILL�DISAPPEAR�IN
FUTURE�

Use multicore /Number of threads

5HIS�OPTION�IS�ONLY�AVAILABLE�WHEN�THE�NEW�PARSER�IS�ENABLED
�AND�CORRESPONDS
WITH�THE��J�FLAG�'OR�INSTANCE
�l�J��l�WILL�TELL�$SOUND�TO�USE���PARALLEL�PROCESSORS
WHEN�POSSIBLE�
:OU�SHOULD�USE�THIS�OPTION�WITH�CARE��*T�MAY�BE�ALSO�WORTH�TO�STATE�THAT�USING
MULTIPLE�THREADS�WILL�NOT�IN�EACH�CASE�IMPROVE�THE�PERFORMANCE��8HETHER�IT�DOES
OR�NOT�DEPENDS�ON�THE�STRUCTURE�OF�THE�CSD�FILE�YOU�RUN�

Dither

4WITCHES�ON�DITHERING�	THE���DITHER�FLAG
�FOR�THE�CONVERSION�OF�AUDIO�FROM�THE
INTERNAL�RESOLUTION�	NOW�MOSTLY����BIT�DOUBLE�PRECISION�FLOAT
�TO�THE�OUTPUT
SAMPLE�FORMAT�	SEE�BELOW
�

Additional command line flags

5HIS�ENABLES�THE�USER�TO�ADD�ANY�ADDITIONALOPTIONSNOT�LISTED�HERE��0NLY�USE�IF
YOU�KNOW�WHAT�YOU�ARE�DOING�

http://www.csounds.com/manual/html/ksmps.html
qutecsound#InsertNoteID_23
qutecsound#InsertNoteID_25
http://www.csounds.com/manual/html/CommandFlags.html


File (offline render)

5HESE�OPTIONS�DETERMINE�$SOUND2T�S�BEHAVIOUR�IF�YOU�RENDER�TO�FILE�	BY�PUSHING�THE
RenderBUTTON�OR�SELECTING�THE�MENU�ITEM�$ONTROL����3ENDER�TO�FILE
�

Use CsoundQt options

5ICK�THIS�TO�ACTIVATE�THE�$SOUND25�OPTIONS�CONFIGURED�HERE�

Ignore CsOptions

6SE�THIS�TO�IGNORE�THE�OPTION�EMBEDDED�IN�THE��$S0PTIONS��SECTION�OF�THE�CSD
FILES�YOU�ARE�RENDERING�
/05&�THAT�CARE�MUST�BE�TAKEN�TO�AVOID�INCONSISTENCIES�BETWEEN�$S0PTIONS�AND
$SOUND2T�OPTIONS��'OR�BEGINNERS
�IT�IS�RECOMMENDED�TO�TICK��*GNORE�$S0PTIONS�
WHEN�THE�$SOUND25�OPTIONS�ARE�ENABLED��*F�YOU�ARE�A�MORE�EXPERIENCED�USER

YOU�CAN�LEAVE�THIS�UNCHECKED�TO�ALLOW�SOME�ADDITIONAL�OPTIONS�LIKE��M����TO
REDUCE�$SOUND�S�PRINTOUT�
/05&�THAT�IF�YOU�HAVE�CHECKED�6SE�$SOUND2T�OPTIONS��AND�HAVEnotCHECKED
�*GNORE�$S0PTIONS�
�IN�THE�CASE�OF�A�CONFLICT�BETWEEN�BOTH�THE�$SOUND2T
OPTIONS�SET�IN�THE�CONFIGURE�PANEL�WILL�HAVE�THE�PRIORITY�

Ask for filename every time

" SK�FOR�A�FILENAME�TO�RENDER�THE�PERFORMANCE�TO�

File type / Sample format

6SE�THIS�TO�SET�THE�OUTPUT�FILE�FORMAT�

Input Filename

$ORRESPONDS�WITH�THE��I�FLAG�	*NPUT�SOUNDFILE�NAME
�

Output Filename

$ORRESPONDS�WITHTHE��O�FLAG�FOR�DEFINING�THE�OUTPUT�FILE�NAME�TO�WHICH�THE
SOUND�IS�WRITTEN�



Realtime Play

5HESE�OPTIONS�DETERMINE�$SOUND2T�S�BEHAVIOUR�IF�YOU�PUSH�THERunBUTTON�	OR�SELECT�THE
MENU�ITEM�$ONTROL����3UN�$SOUND
�

Use CsoundQt options

5ICK�THIS�TO�ACTIVATE�THE�$SOUND25�OPTIONS�CONFIGURED�HERE�

Ignore CsOptions

6SE�THIS�TO�IGNORE�THE�OPTION�EMBEDDED�IN�THE��$S0PTIONS��SECTION�OF�THE�CSD
FILES�YOU�ARE�RUNNING�
/05&�THAT�CARE�MUST�BE�TAKEN�TO�AVOID�INCONSISTENCIES�BETWEEN�$S0PTIONS�AND
$SOUND2T�OPTIONS��'OR�BEGINNERS
�IT�IS�RECOMMENDED�TO�DISABLE�$S0PTIONS�WHEN
THE�$SOUND25�OPTIONS�ARE�ENABLED��*F�YOU�ARE�A�MORE�EXPERIENCED�USER
�YOU�CAN
LEAVE�THIS�UNCHECKED�TO�ALLOW�SOME�ADDITIONAL�OPTIONS�LIKE��M����TO�REDUCE
$SOUND�S�PRINTOUT�
/05&�THAT�IF�YOU�HAVE�CHECKED�6SE�$SOUND2T�OPTIONS��AND�HAVEnotCHECKED
�*GNORE�$S0PTIONS�
�IN�THE�CASE�OF�A�CONFLICT�BETWEEN�BOTH�THE�$SOUND2T
OPTIONS�SET�IN�THE�CONFIGURE�PANEL�WILL�HAVE�THE�PRIORITY�

RT Audio Module

5HIS�OPTION�IS�VERY�MUCH�DEPENDENTON�YOUR�OPERATING�SYSTEM�
*N�CASE�YOU�EXPERIENCE�CRASHES�OR�HAVE�PROBLEMS�WITH�THE�REAL�TIME
PERFORMANCE
�IT�IS�WORTH�TO�TRY�ANOTHER�MODULE�
5HE�MOST�COMMON�CHOICES�ON�THE�DIFFERENT�OPERATING�SYSTEMS�ARE�PROBABLY�

d 'OR�-INUX
�USE�ALSA�OR�JACK�
d 'OR�049
�USE�COREAUDIO�OR�PORTAUDIO�
d 'OR�8INDOWS
�USE�PORTAUDIO�

Input device

5HIS�OPTION�SELECTS�THE�DEVICE�YOU�ARE�USING�FOR�REAL�TIME�INPUT
�FOR�INSTANCE
FROM�A�MICROPHONE�	/OTE�THAT�YOU�MUST�HAVE�TICKED��6SE�$SOUND2T�OPTIONS��IF
YOU�WANT�$SOUND�TO�USE�YOUR�SELECTION�

5HE�USUAL�	AND�MOST�STABLE
�CHOICE�HERE�ISadc��*N�THIS�CASE�$SOUND�WILL�USE�THE
DEVICE�WHICH�HAS�BEEN�SELECTED�AS�STANDARD�BY�YOUR�OPERATING�SYSTEM�
*F�YOU�WANT�TO�USE�ANOTHER�DEVICE�INSTEAD
�CLICK�ON�THE�BUTTON�AT�THE�RIGHT�SIDE�
:OU�WILL�FIND�A�LIST�OF�AVAILABLE�DEVICES�AND�CAN�CHOOSE�ONE�OF�THEM�

Output device



5HIS�OPTION�SELECTS�THE�DEVICE�YOU�ARE�USING�FOR�REAL�TIME�OUTPUT�	/OTE�THAT�YOU
MUST�HAVE�TICKED��6SE�$SOUND2T�OPTIONS��IF�YOU�WANT�$SOUND�TO�USE�YOUR
SELECTION�

5HE�USUAL�	AND�MOST�STABLE
�CHOICE�HERE�ISdac��*N�THIS�CASE�$SOUND�WILL�USE�THE
DEVICE�WHICH�HAS�BEEN�SELECTED�AS�STANDARD�BY�YOUR�OPERATING�SYSTEM�
*F�YOU�WANT�TO�USE�ANOTHER�DEVICE�INSTEAD
�CLICK�ON�THE�BUTTON�AT�THE�RIGHT�SIDE�
:OU�WILL�FIND�A�LIST�OF�AVAILABLE�DEVICES�AND�CAN�CHOOSE�ONE�OF�THEM�

RT MIDI Module

5HIS�OPTION�IS�VERY�MUCH�DEPENDENTON�YOUR�OPERATING�SYSTEM�
*N�CASE�YOU�EXPERIENCE�PROBLEMS�WITH�.*%*
�IT�IS�WORTH�TO�TRY�ANOTHER�MODULE�
*N�CASE�YOU�DO�NOT�USE�ANY�.*%*�AT�ALL
�SELECTnoneTO�GET�RID�OF�ONE�POSSIBLE
SOURCE�OF�TROUBLE�
5HE�MOST�COMMON�CHOICES�ON�THE�DIFFERENT�OPERATING�SYSTEMS�ARE�PROBABLY�

d 'OR�-INUX
�USE�ALSA�OR�PORTMIDI�

d 'OR�049
�USE�COREMIDI� OR�PORTMIDI�
d 'OR�8INDOWS
�USE�PORTMIDI�

Input device

5HIS�OPTION�SELECTS�THE�DEVICE�YOU�ARE�USING�FOR�REAL�TIME�.*%*�INPUT�	/OTE�THAT
YOU�MUST�HAVE�TICKED��6SE�$SOUND2T�OPTIONS��IF�YOU�WANT�$SOUND�TO�USE�YOUR
SELECTION�

5HE�USUAL�CHOICE�HERE�ISa��*N�THIS�CASE�$SOUND�WILL�USE�ALL�.*%*�DEVICES�
*N�CASE�YOUR�35�.*%*�.ODULE�DOES�NOT�SUPPORT�THIS�OPTION
�CLICK�ON�THE�BUTTON
AT�THE�RIGHT�SIDE��:OU�WILL�FIND�A�LIST�OF�AVAILABLE�DEVICES�AND�CAN�CHOOSE�ONE�OF
THEM�

Output device

5HIS�OPTION�SELECTS�THE�DEVICE�YOU�ARE�USING�FOR�REAL�TIME�.*%*�OUTPUT�	/OTE
THAT�YOU�MUST�HAVE�TICKED��6SE�$SOUND2T�OPTIONS��IF�YOU�WANT�$SOUND�TO�USE
YOUR�SELECTION�


Jack client name

5HIS�OPTION�SPECIFIES�THE�NAME�FOR�COMMUNICATING�WITH�A�+ACK�AUDIO�CLIENT��5HE
DEFAULT�����MEANS��ALL��CLIENTS�

qutecsound#InsertNoteID_28


General

Run Utilities using:

5HIS�SHOULD�BE�SELF�EXPLANATORY�AND�IS�ONLY�MEANINGFUL�IF�YOU�RUN�ANY�OF�THE�$SOUND
6TILITIES�LIKESNDINFOOR�THE�''5�ANALYSIS�TOOLPVANAL�

Interface language

4ELF�EXPLANATORY�

http://www.csounds.com/manual/html/UtilityQueries.html
http://www.csounds.com/manual/html/pvanal.html


Performance tweaks

5HESE�ARE�VERY�IMPORTANT�OPTIONS�IN�CASE�YOU�USE�$SOUND2T�FOR�REAL�TIME�USAGE�AND
EXPERIENCE�PERFORMANCE�PROBLEMS�

No messages to consoles

5ICK�THIS�TO�DISABLE�ANY�PRINTOUT�

Disable recording and scopes

5HIS�REFERS�TO�$SOUND2T�S�INTERNAL�3ECORD�FACILITY�AND�TO�THE�4COPE�WIDGET�

Disable realtime score events

*F�YOU�CHECK�THIS
�YOU�WILL�NOT�BE�ABLE�TO�SEND�ANY�LIVE�SCORE�EVENT
�FOR�INSTANCE
FROM�A�#UTTON�WIDGET�OR�THE�-IVE�&VENT�4HEET�

Disable python callback

*F�YOU�DO�NOT�USE�$SOUND2T�S�INTERNAL�1YTHON�SCRIPTING�FACILITY�IN�REAL�TIME
�YOU
SHOULD�CHECK�THIS�TO�IMPROVE�THE�OVERALL�PERFORMANCE�

Internal MIDI interface

5HE��*NTERNAL�.*%*�INTERFACE��IS�THE�.*%*�DEVICE�FROM�WHICH�.*%*�CONTROL�MESSAGES�ARE
SENT�DIRECTLY�TO�THE�$SOUND2T�WIDGETS��)AVE�A�LOOK
�FOR�INSTANCE
�IN�THE�PROPERTIES�OF�A
4LIDER�WIDGET�TO�SEE�THE�.*%*�$$�NUMBER�AND�THE�.*%*�$HANNEL�TO�BE�SPECIFIED�
/OTE�THAT�THIS�DOESnotSET�THE�INPUT�.*%*�DEVICE�FOR�$SOUND�ITSELF�	WHICH�HAS�BE
EXPLAINED�ABOVE�IN�3UN����35�.*%*�.ODULE����*NPUT�DEVICE
�

Record sample format

%EFINES�THE�BIT�DEPTH�OF�THE�AUDIO�FILE�TO�WHICH�$SOUND2T�RECORDS�ITS�REAL�TIME�OUTPUT

WHEN�USING�THE�3ECORD�BUTTON�	OR�THE��RECORD��OPTION�FROM�THE�$ONTROL�MENU
��'OR�MOST
CASES���BIT�FLOAT�OR���BIT�FORMATS�ARE�RECOMMENDED��5HE�FORMER�IS�PARTICULARLY�USEFUL�AS�IT
CAN�HOLD�lCLIPPEDl�SAMPLE�VALUES
�WHICH�CAN�BE�LATER�NORMALISED�

Console

:OU�CAN�CHOOSE�HERE�HOW�THE�$SOUND�OUTPUT�CONSOLE�LOOKS�LIKE�

Control message buffer size



*F�YOU�DO�NOT�NOT�WANT�TO�PREVENT�$SOUND2T�FROM�PRINTING�ANYTHING�TO�THE
CONSOLE�AT�ALL�	SEE�ABOVE
�BUT�WANT�TO�REDUCE�THIS�OUTPUT�FOR�PERFORMANCE�S�SAKE

YOU�CAN�SET�HERE�A�LIMIT�

5HERE�ARE�SOME�MIXED�OPTIONS�AT�THE�BOTTOM�OF�THIS�TAB�

Allow key repeats for sensekey

*F�YOU�PRESS�A�KEY�ON�YOUR�COMPUTER�FOR�A�LONG�TIME
�THE�KEY�IS�REPEATED��5HIS
MAY�OR�MAY�NOT�BE�USEFUL�FOR�THESENSEKEYOPCODE�AND�CAN�BE�DECIDED�HERE�

Debug mode for Live Event Sheet

4ELF�EXPLANATORY�

Allow simultaneous play

*F�CHECKED
�IT�ALLOWS�YOU�TO�PLAY�MORE�THAN�ONE�CSD�TAB�SIMULTANSOUSLY�

Theme

"LLOWS�YOU�TO�CHOOSE�BETWEEN�THE�TRADITIONAL�	�FUN�
�$SOUND2T�LOOK
�AND�A
MORE�SERIOUS�	�BORING�
�ONE�

Widgets

http://www.csounds.com/manual/html/sensekey.html
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