C s o u n d A Manual for the Audio Processing SystemandSupporting ProgramswithTutorialsBarry VercoeMedia LabM . I . T .

- i -C s o u n d A Manual for the Audio Processing SystemandSupporting ProgramswithTutorialsBarry VercoeMedia LabM . I . T . Copyright 1986, 1992 by the Massachusetts Institute of Technology. All rights reserved.Developed by Barry L. Vercoe at the Experimental Music Studio,Media Laboratory, M.I.T., Cambridge, Massachusetts,with partial support from the System Development Foundationand from National Science Foundation Grant # IRI-8704665.--------------------------------------------------------------------Permission to use, copy, or modify these programs and their documentation for educational andresearch purposes only and without fee is hereby granted, provided that this copyright andpermission notice appear on all copies and supporting documentation. For any other uses of thissoftware, in original or modified form, including but not limited to distribution in whole or in part,specific prior permission from M.I.T. must be obtained. M.I.T. makes no representations aboutthe suitability of this software for any purpose. It is provided "as is" without express or impliedwarranty.--------------------------------------------------------------------

- ii -CONTENTS0. PREFACEv1. A BEGINNING TUTORIAL1Introduction1The Orchestra File1The Score File3The csound Command5More about the Orchestra62. SYNTAX OF THE ORCHESTRA7STATEMENT TYPES7CONSTANTS AND VARIABLES8VALUE CONVERTERS: int, frac, abs, ftlen, i, exp, log, sqrt, sin, cos, dbamp, ampdb9PITCH CONVERTERS: octpch, pchoct,cpspch, octcps, cpsoct10ARITHMETIC OPERATIONS11CONDITIONAL VALUES11EXPRESSIONS12DIRECTORIES and FILES; NOMENCLATURE12ASSIGNMENT STATEMENTS: =, init, tival, divz13ORCHESTRA HEADER: sr, kr, ksmps, nchnls14INSTRUMENT BLOCKS: instr, endin15PROGRAM CONTROL:goto, tigoto, if ... goto, timout16reinit, rigoto, rireturn17DURATIONAL CONTROL:ihold, turnoff18MIDI CONVERTERS: notnum, veloc, cpsmidi(b), octmidi(b), pchmidi(b), ampmidi, aftouch, chpress, pchbend, midictrl19SIGNAL GENERATORS:line, expon, linseg, expseg20phasor21table, tablei, oscil1, oscil1i22oscil, oscili, foscil, foscili23loscil24buzz, gbuzz25adsyn, pvoc26f o f 27pluck28rand, randh, randi29SIGNAL MODIFIERS:linen, linenr, envlpx30port, tone, atone, reson, areson31lpread, lpreson, lpfreson32rms, gain, balance33downsamp, upsamp, interp, integ, diff, samphold34delayr, delayw, delay, delay135deltap, deltapi36comb, alpass, reverb37

- iii -OPERATIONS WITH SPECTRAL DATA TYPES:octdown, noctdft, specscal, specaddm,specdiff, specaccm, specfilt, specdisp, specsum38SENSING & CONTROL:tempest40xyin, tempo41SOUNDFILE INPUT & OUTPUT:in, ins, insq, soundin, out, outs, outq42pan43SIGNAL DISPLAY: print, display, dispfft443. STANDARD NUMERIC SCOREPreprocessing of Standard Scores45Next-P and Previous-P Symbols46Ramping47Function Table Statement 48Instrument Note Statements49Advance Statement50Tempo Statement 51Sections of Score52End of Score534. GEN ROUTINESGEN0154GEN0255GEN0356GEN0457GEN05, GEN0758GEN0659GEN0860GEN09, GEN10, GEN1961GEN1162GEN1263GEN13, GEN1464GEN1565GEN17665. SCOT: A Score TranslatorOrchestra Declaration67Score Encoding68Pitch and Rhythm68Groupettes; Slurs and Ties71Macros72Divisi73Additional Features746. The Unix CSOUND Command79The Extract Feature82Independent Preprocessing82

- iv -Appendix 1. CSCORE: A C-language Score Generator83Appendix 2. An Instrument Design Tutorial (R.C. Boulanger)91Appendix 3. An FOF Synthesis Tutorial (J.M. Clarke)107Appendix 4. HETRO: an Adsyn Analysis Program111Appendix 4. The LpcAnal Program113Appendix 6. The PvAnal Program (Dan Ellis)114Appendix 7. Csound for the Macintosh (W. Gardner)115Appendix 8. Adding your own Cmodules to Csound119Appendix 9. A CSOUND QUICK REFERENCE122

- v -0. PREFACERealizing music by digital computer involves synthesizing audio signals with discrete points orsamples that are representative of continuous waveforms. There are several ways of doing this,each affording a different manner of control. Direct synthesis generates waveforms by sampling astored function representing a single cycle; additive synthesis generates the many partials of acomplex tone, each with its own loudness envelope; subtractive synthesis begins with a complextone and filters it. Non-linear synthesis uses frequency modulation and waveshaping to givesimple signals complex characteristics, while sampling and storage of natural sound allows it to beused at will.Since comprehensive moment-by-moment specification of sound can be tedious, control is gainedin two ways: 1) from the instruments in an orchestra, and 2) from the events within a score. Anorchestra is really a computer program that can produce sound, while a score is a body of datawhich that program can react to. Whether a rise-time characteristic is a fixed constant in aninstrument, or a variable of each note in the score, depends on how the user wants to control it.The instruments in a Csound orchestra are defined in a simple syntax that invokes complex audioprocessing routines. A score passed to this orchestra contains numerically coded pitch and controlinformation, in standard numeric score format. Although many users are content with this format,higher level score processing languages are often convenient.The programs making up the Csound system have a long history of development, beginning withthe Music 4 program written at Bell Telephone Laboratories in the early 1960’s by Max Mathews.That initiated the stored table concept and much of the terminology that has since enabled computermusic researchers to communicate. Valuable additions were made at Princeton by the late GodfreyWinham in Music 4B; my own Music 360 (1968) was very indebted to his work. With Music 11(1973) I took a different tack: the two distinct networks of control and audio signal processingstemmed from my intensive involvement in the preceding years in hardware synthesizer conceptsand design. This division has been retained in Csound.Because it is written entirely in C, Csound is easily installed on any machine running Unix or C.At MIT it runs on VAX/DECstations under Ultrix 4.2, on SUNs under OS 4.1, SGI�s under 4.1,and on the Macintosh under ThinkC 4.0. With this single language for audio signal processing,users move easily from machine to machine.The 1991 version included many new features. I am indebted to others for the contribution of thephase vocoder and FOF synthesis modules. That release also charted a new direction with theaddition of a spectral data type, holding much promise for future development. The 1992 releaseis even more significant for its addition of MIDI converter and control units, enabling Csound tobe run from MIDI score-files and from external MIDI keyboards. Since the newest RISCprocessors bring to computer music an order of magnitude more speed than did those on which itwas born, researchers and composers now have access to workstations on which realtime softwaresynthesis with sensing and control is now a reality. This is perhaps the single most importantdevelopment for people working in the field. This new Csound is designed to take maximumadvantage of realtime audio processing, and to encourage interactive experiments in this excitingnew domain. B.V.

- vi -

- 1 -1. A BEGINNING TUTORIALIntroductionThe purpose of this section is to expose the reader to the fundamentals of designing and usingcomputer music instruments in Csound. Only a small portion of the language will be coveredhere, sufficient to implement some simple instrument examples. The sections in this primary textare arranged as a Reference manual (not a tutorial), since that is the form the user will eventuallyfind most helpful when inventing instruments. Once the basic concepts are grasped from thisbeginning tutorial, the reader might let himself into the remainder of the text by locating theinformation presented here in the Reference entries that follow. More comprehensive tutorials aresupplied as Appendices.The Orchestra FileCsound runs from two basic files: an orchestra file and a score file. The orchestra file is a set ofinstruments that tell the computer how to synthesize sound; the score file tells the computer when.An instrument is a collection of modular statements which either generate or modify a signal;signals are represented by symbols, which can be "patched" from one module to another. Forexample, the following two statements will generate a 440 Hz sine tone and send it to an outputchannel:asigoscil10000, 440, 1outasigThe first line sets up an oscillator whose controlling inputs are an amplitude of 10000, a frequencyof 440 Hz, and a waveform number, and whose output is the audio signal asig. The second linetakes the signal asig and sends it to an (implicit) output channel. The two may be encased inanother pair of statements that identify the instrument as a whole:instr1asigoscil10000, 440, 1outasigendinIn general, an orchestra statement in Csound consists of an action symbol followed by a set ofinput variables and preceded by a result symbol. Its action is to process the inputs and deposit theresult where told. The meaning of the input variables depends on the action requested. The 10000above is interpreted as an amplitude value because it occupies the first input slot of an oscil unit;440 signifies a frequency in Hertz because that is how an oscil unit interprets its second inputargument; the waveform number is taken to point indirectly to a stored function table, and beforewe invoke this instrument in a score we must fill function table #1 with some waveform.The output of Csound computation is not a real audio signal, but a stream of numbers whichdescribe such a signal. When written onto a sound file these can later be converted to sound by anindependent program; for now, we will think of variables such as asig as tangible audio signals.Let us now add some extra features to this instrument. First, we will allow the pitch of the tone tobe defined as a parameter in the score. Score parameters can be represented by orchestra variableswhich take on their different values on successive notes. These variables are named sequentially:p1, p2, p3, ... The first three have a fixed meaning (see the Score File), while the remainder areassignable by the user. Those of significance here are:

- 2 -p3 - duration of the current note (always in seconds).p5 - pitch of the current note (in units agreed upon by score and orchestra).Thus inasigoscil10000, p5, 1the oscillator will take its pitch (presumably in cps) from score parameter 5.If the score had forwarded pitch values in units other than cycles-per-second (Hertz), then thesemust first be converted. One convenient score encoding, for instance, combines pitch classrepresentation (00 for C, 01 for C#, 02 for D, ... 11 for B) with octave representation (8. formiddle C, 9. for the C above, etc.) to give pitch values such as 8.00, 9.03, 7.11. The expressioncpspch(8.09)will convert the pitch A (above middle C) to its cps equivalent (440 Hz). Likewise, the expressioncpspch(p5)will first read a value from p5, then convert it from octave.pitch-class units to cps. Thisexpression could be imbedded in our orchestra statement asasigoscil10000, cpspch(p5), 1to give the score-controlled frequency we sought.Next, suppose we want to shape the amplitude of our tone with a linear rise from 0 to 10000. Thiscan be done with a new orchestra statementampline0, p3, 10000Here, amp will take on values that move from 0 to 10000 over time p3 (the duration of the note inseconds). The instrument will then becomeinstr1ampline0, p3, 10000asigoscilamp, cpspch(p5), 1outasigendinThe signal amp is not something we would expect to listen to directly. It is really a variable whosepurpose is to control the amplitude of the audio oscillator. Although audio output requires fineresolution in time for good fidelity, a controlling signal often does not need that much resolution.We could use another kind of signal for this amplitude controlkampline0, p3, 10000in which the result is a new kind of signal. Signal names up to this point have always begun withthe letter a (signifying an audio signal); this one begins with k (for control). Control signals areidentical to audio signals, differing only in their resolution in time. A control signal changes itsvalue less often than an audio signal, and is thus faster to generate. Using one of these, ourinstrument would then become

- 3 -instr1kampline0, p3, 10000asigoscilkamp, cpspch(p5), 1outasigendinThis would likely be indistinguishable in sound from the first version, but would run a little faster.In general, instruments take constants and parameter values, and use calculations and signalprocessing to move first towards the generation of control signals, then finally audio signals.Remembering this flow will help you write efficient instruments with faster execution times.We are now ready to create our first orchestra file. Type in the following orchestra using thesystem editor, and name it "intro.orc".sr = 20000; audio sampling rate is 20 kHzkr = 500; control rate is 500 Hzksmps = 40; number of samples in a control period (sr/kr)nchnls = 1; number of channels of audio outputinstr1kctrlline0, p3, 10000; amplitude envelopeasigoscilkctrl, cpspch(p5), 1; audio oscillatoroutasig; send signal to channel 1endinIt is seen that comments may follow a semi-colon, and extend to the end of a line. There can alsobe blank lines, or lines with just a comment. Once you have saved your orchestra file on disk, wecan next consider the score file that will drive it.The Score FileThe purpose of the score is to tell the instruments when to play and with what parameter values.The score has a different syntax from that of the orchestra, but similarly permits one statement perline and comments after a semicolon. The first character of a score statement is an opcode,determining an action request; the remaining data consists of numeric parameter fields (pfields) tobe used by that action.Suppose we want a sine-tone generator to play a pentatonic scale starting at C-sharp above middle-C, with notes of 1/2 second duration. We would create the following score:; a sine wave function tablef1 0 256 10 1; a pentatonic scalei1 0.50. 8.01i1 .5..8.03i1 1.0..8.06i1 1.5..8.08i1 2.0..8.10eThe first statement creates a stored sine table. The protocol for generating wave tables is simplebut powerful. Lines with opcode f interpret their parameter fields as follows:

- 4 -p1 - function table number being createdp2 - creation time, or time at which the table becomes readablep3 - table size (number of points), which must be a power of two or one greaterp4 - generating subroutine, chosen from a prescribed list.Here the value 10 in p4 indicates a request for subroutine GEN10 to fill the table. GEN10 mixesharmonic sinusoids in phase, with relative strengths of consecutive partials given by thesucceeding parameter fields. Our score requests just a single sinusoid. An alternative statement:f1 0 256 10 1 0 3would produce one cycle of a waveform with a third harmonic three times as strong as the first.The i statements, or note statements, will invoke the p1 instrument at time p2, then turn it off afterp3 seconds; it will pass all of its p-fields to that instrument. Individual score parameters areseparated by any number of spaces or tabs; neat formatting of parameters in columns is nice butunnecessary. The dots in p-fields 3 and 4 of the last four notes invoke a carry feature, in whichvalues are simply copied from the immediately preceding note of the same instrument. A scorenormally ends with an e statement.The unit of time in a Csound score is the beat. .In the absence of a Tempo statement, one beattakes one second. To double the speed of the pentatonic scale in the above score, we could eithermodify p2 and p3 for all the notes in the score, or simply insert the linet 0 120to specify a tempo of 120 beats per minute from beat 0.Two more points should be noted. First, neither the f-statements nor the i-statements need betyped in time order; Csound will sort the score automatically before use. Second, it is permissibleto play more than one note at a time with a single instrument. To play the same notes as a three-second pentatonic chord we would create the following:; a sine wave functionf1 0 256 10 1; five notes at oncei1 0308.01i1 0..8.03i1 0..8.06i1 0..8.08i1 0..8.10eNow go into the editor once more and create your own score file. Name it "intro.sco". Tne nextsection will describe how to invoke a Csound orchestra to perform a Csound score.

- 5 -The CSOUND CommandTo request your orchestra to perform your score, type the commandcsound intro.orc intro.scoThe resulting performance will take place in three phases:1) sort the score file into chronological order. If score syntax errors are encountered theywill be reported on your console.2) translate and load your orchestra. The console will signal the start of translating eachinstr block, and will report any errors. If the error messages are not immediately meaningful,translate again with the verbose flag turned on:csound -v intro.orc intro.sco3) fill the wave tables and perform the score. Information about this performance will bedisplayed throughout in messages resemblingB 4.000 .. 6.000 T 3.000 TT 3.000 M 7929. 7929.A message of this form will appear for every event in your score. An event is defined as anychange of state (as when a new note begins or an old one ends). The first two numbers refer tobeats in your original score, and they delimit the current segment of sound synthesis betweensuccessive events (e.g. from beat 4 to beat 6). The second beat value is next restated in realseconds of time, and reflects the tempo of the score. That is followed by the Total Time elapsedfor all sections of the score so far. The last values on the line show the maximum amplitude of theaudio signal, measured over just this segment of time, and reported separately for each channel.Console messages are printed to assist you in following the orchestra’s handling of your score.You should aim at becoming an intelligent reader of your console reports. When you beginworking with longer scores and your instruments no longer cause surprises, the above detail maybe excessive. You can elect to receive abbreviated messages using the -m option of the Csoundcommand.When your performance goes to completion, it will have created a sound file named test in yoursoundfile directory. You can now listen to your sound file by typingplay testIf your machine is fast enough, and your Csound module includes user access to the audio outputdevice, you can hear your sound as it is being synthesized by using a command likecsound -o devaudio intro.orc intro.sco

- 6 -More about the OrchestraSuppose we next wished to introduce a small vibrato, whose rate is 1/50 the frequency of the note(i.e. A440 is to have a vibrato rate of 8.8 Hz.). To do this we will generate a control signal usinga second oscillator, then add this signal to the basic frequency derived from p5. This might resultin the instrumentinstr1kampline0, p3, 10000kviboscil2.75, cpspch(p5)/50, 1a1oscilkamp, cpspch(p5)+kvib, 1outa1endinHere there are two control signals, one controlling the amplitude and the other modifying the basicpitch of the audio oscillator. For small vibratos, this instrument is quite practical; however it doescontain a misconception worth noting. This scheme has added a sine wave deviation to the cpsvalue of an audio oscillator. The value 2.75 determines the width of vibrato in cps, and will causean A440 to be modified about one-tenth of one semitone in each direction (1/160 of the frequencyin cps). In reality, a cps deviation produces a different musical interval above than it does below.To see this, consider an exaggerated deviation of 220 cps, which would extend a perfect 5th aboveA440 but a whole octave below. To be more correct, we should first convert p5 into a true decimaloctave (not cps), so that an interval deviation above is equivalent to that below. In general, pitchmodification is best done in true octave units rather than pitch-class or cps units, and there exists agroup of pitch converters to make this task easier. The modified instrument would beinstr1ioct=octpch(p5)kampline0, p3, 10000kviboscil1/120, cpspch(p5)/50, 1asigoscilkamp, cpsoct(ioct+kvib), 1outasigendinThis instrument is seen to use a third type of orchestra variable, an i-variable. The variable ioctreceives its value at an initialization pass through the instrument, and does not change during thelifespan of this note. There may be many such init time calculations in an instrument. As eachnote in a score is encountered, the event space is allocated and the instrument is initialized by aspecial pre-performance pass. i-variables receive their values at this time, and any otherexpressions involving just constants and i-variables are evaluated. At this time also, modules suchas line will set up their target values (such as beginning and end points of the line), and units suchas oscil will do phase setup and other bookkeeping in preparation for performance. A fulldescription of init-time and performance-time activities, however, must be deferred to a generalconsideration of the orchestra syntax.

- 7 -2. SYNTAX OF THE ORCHESTRAAn orchestra statement in Csound has the format:label: result opcode argument1, argument2, ...; commentsThe label is optional and identifies the basic statement that follows as the potential target of a go-tooperation (see Program Control Statements). A label has no effect on the statement per se.Comments are optional and are for the purpose of letting the user document his orchestra code.Comments always begin with a semicolon (;) and extend to the end of the line.The remainder (result, opcode, and arguments) form the basic statement. This also is optional, i.e.a line may have only a label or comment or be entirely blank. If present, the basic statement mustbe complete on one line. The opcode determines the operation to be performed; it usually takessome number of input values (arguments); and it usually has a result field variable to which itsends output values at some fixed rate. There are four possible rates:1) once only, at orchestra setup time (effectively a permanent assignment);2) once at the beginning of each note (at initialization (init) time: I-rate);3) once every performance-time control loop (perf time control rate, or K-rate);4) once each sound sample of every control loop (perf time audio rate, or A-rate).ORCHESTRA STATEMENT TYPESAn orchestra program in Csound is comprised of orchestra header statements which set variousglobal parameters, followed by a number of instrument blocks representing different instrumenttypes. An instrument block, in turn, is comprised of ordinary statements that set values, controlthe logical flow, or invoke the various signal processing subroutines that lead to audio output.An orchestra header statement operates once only, at orchestra setup time. It is most commonly anassignment of some value to a global reserved symbol, e.g. sr = 20000. All orchestra headerstatements belong to a pseudo instrument 0, an init pass of which is run prior to all otherinstruments at score time 0. Any ordinary statement can serve as an orchestra header statement,eg. gifreq = cpspch(8.09), provided it is an init-time only operation.An ordinary statement runs at either init time or performance time or both. Operations whichproduce a result formally run at the rate of that result (that is, at init time for I-rate results; atperformance time for K- and A-rate results), with the sole exception of the init opcode (q.v.).Most generators and modifiers, however, produce signals that depend not only on theinstantaneous value of their arguments but also on some preserved internal state. Theseperformance-time units therefore have an implicit init-time component to set up that state. The runtime of an operation which produces no result is apparent in the opcode.Arguments are values that are sent to an operation. Most arguments will accept arithmeticexpressions composed of constants, variables, reserved globals, value converters, arithmeticoperations and conditional values; these are described below.

- 8 -CONSTANTS AND VARIABLESconstants are floating point numbers, such as 1, 3.14159, or -73.45. They are availablecontinuously and do not change in value.variables are named cells containing numbers. They are available continuously and may beupdated at one of the four update rates (setup only, I-rate, K-rate, or A-rate). I- and K-ratevariables are scalars (i.e. they take on only one value at any given time) and are primarily used tostore and recall controlling data, that is, data that changes at the note rate (for I-variables) or at thecontrol rate (for K-variables). I- and K-variables are therefore useful for storing note parametervalues, pitches, durations, slow-moving frequencies, vibratos, etc. A-variables, on the otherhand, are arrays or vectors of information. Though renewed on the same perf-time control pass asK-variables, these array cells represent a finer resolution of time by dividing the control period intosample periods (see ksmps below). A-variables are used to store and recall data changing at theaudio sampling rate (e.g. output signals of oscillators, filters, etc.).A further distinction is that between local and global variables. local variables are private to aparticular instrument, and cannot be read from or written into by any other instrument. Theirvalues are preserved, and they may carry information from pass to pass (e.g. from initializationtime to performance time) within a single instrument. Local variable names begin with the letter p,i, k, or a. The same local variable name may appear in two or more different instrument blockswithout conflict.global variables are cells that are accessible by all instruments. The names are either like localnames preceded by the letter g, or are special reserved symbols. Global variables are used forbroadcasting general values, for communicating between instruments (semaphores), or for sendingsound from one instrument to another (e.g. mixing prior to reverberation).Given these distinctions, there are eight forms of local and global variables:typewhen renewableLocalGlobalreserved symbolspermanent--rsymbolscore parameter fieldsI-timepnumber--init variablesI-timeinameginamecontrol signalsP-time, K-rateknamegknameaudio signalsP-time, A-rate anameganamewhere rsymbol is a special reserved symbol (e.g. sr, kr), number is a positive integer referring toa score statement pfield, and name is a string of letters and/or digits with local or global meaning.As might be inferred, score parameters are local I-variables whose values are copied from theinvoking score statement just prior to the Init pass through an instrument.

- 9 -VALUE CONVERTERSftlen(x)(init-rate args only)int(x)(init- or control-rate args only)frac(x)(init- or control-rate args only)dbamp(x)(init- or control-rate args only)i(x)(control-rate args only)abs(x)(no rate restriction)exp(x)(no rate restriction)log(x)(no rate restriction)sqrt(x)(no rate restriction)sin(x)(no rate restriction)cos(x)(no rate restriction)ampdb(x)(no rate restriction)where the argument within the parentheses may be an expression.Value converters perform arithmetic translation from units of one kind to units of another. Theresult can then be a term in a further expression.ftlen(x)returns the size (no. of points) of stored function table no. x.int(x)returns the integer part of x.frac(x)returns the fractional part of x.dbamp(x)returns the decibel equivalent of the raw amplitude x.i(x)returns an Init-type equivalent of the argument, thus permitting a K-time value to beaccessed in at init-time or reinit-time, whenever valid.abs(x)returns the absolute value of x.exp(x)returns e raised to the xth power.log(x)returns the natural log of x (x positive only).sqrt(x)returns the square root of x (x non-negative).sin(x)returns the sine of x (x in radians).cos(x)returns the cosine of x (x in radians).ampdb(x)returns the amplitude equivalent of the decibel value x.Thus 60 db gives 1000, 66 db gives 2000, 72 db gives 4000,78 db gives 8000, 84 db gives 16000 and 90 db gives 32000.Note that for log, sqrt, and ftlen the argument value is restricted. Note also that ftlen willalways return a power-of-2 value, i.e. the function table guard point (see F statement) is notincluded.

- 10 -PITCH CONVERTERSoctpch(pch)(init- or control-rate args only)pchoct(oct) (init- or control-rate args only)cpspch(pch) (init- or control-rate args only)octcps(cps) (init- or control-rate args only)cpsoct(oct)(no rate restriction)where the argument within the parentheses may be a further expression.These are really value converters with a special function of manipulating pitch data.Data concerning pitch and frequency can exist in any of the following forms:nameabbreviationoctave point pitch-class (8ve.pc)pchoctave point decimaloctcycles per second cpsThe first two forms consist of a whole number, representing octave registration, followed by aspecially interpreted fractional part. For pch, the fraction is read as two decimal digitsrepresenting the 12 equal-tempered pitch classes from.00 for C to.11 for B. For oct, the fractionis interpreted as a true decimal fractional part of an octave. The two fractional forms are thusrelated by the factor 100/12. In both forms, the fraction is preceded by a whole number octaveindex such that 8.00 represents Middle C,9.00 the C above, etc. Thus A440 can be representedalternatively by 440 (cps),8.09 (pch), 8.75 (oct), or 7.21 (pch), etc. Microtonal divisions of thepch semitone can be encoded by using more than two decimal places.The mnemonics of the pitch conversion units are derived from morphemes of the forms involved,the second morpheme describing the source and the first morpheme the object (result). Thuscpspch(8.09)will convert the pitch argument 8.09 to its cps (or Hertz) equivalent, giving the value of 440.Since the argument is constant over the duration of the note, this conversion will take place at I-time, before any samples for the current note are produced. By contrast, the conversioncpsoct(8.75 + K1)which gives the value of A440 transposed by the octave interval K1 will repeat the calculationevery, K-period since that is the rate at which K1 varies.N . B . The conversion from pch or oct into cps is not a linear operation but involves anexponential process that could be time-consuming when executed repeatedly. Csound now uses abuilt-in table lookup to do this efficiently, even at audio rates.

- 11 -ARITHMETIC OPERATIONS: - a+aa && b (logical AND;not audio-rate)a | | b(logical OR; not audio-rate)a + ba - ba * ba / bwhere the arguments a and b may be further expressions.Arithmetic operators perform operations of change-sign (negate), don’t-change-sign, logical ANDlogical OR, add, subtract, multiply and divide. Note that a value or an expression may fallbetween two of these operators, either of which could take it as its left or right argument, as ina + b * c.In such cases three rules apply:1) * and / bind to their neighbors more strongly than + and -.Thus the above expression is taken asa + (b * c),with * taking b and c and then + taking a and b * c.2) + and - bind more strongly than &&, which in turn is stronger than | | : a && b - c | | d is taken as (a && (b-c)) | | d3) When both operators bind equally strongly,the operations are done left to right:a - b - c is taken as (a - b) - c.Parentheses may be used as above to force particular groupings.CONDITIONAL VALUES:(a > b ? v1 : v2)(a < b? v1 : v2)(a > = b ? v1 : v2)(a < = b ? v1 : v2)(a = = b ? v1 : v2)(a ! = b ? v1 : v2)where a, b, v1 and v2 may be expressions, but a, b not audio-rate.In the above conditionals, a and b are first compared. If the indicated relation is true (a greaterthan b, a less than b, a greater than or equal to b, a less than or equal to b, a equal to b, a not equalto b), then the conditional expression has the value of v1; if the relation is false, the expression hasthe value of v2. (For convenience, a sole �=� will function as �= =�.) NB.: If v1 or v2 areexpressions, these will be evaluated before the conditional is determined.In terms of binding strength, all conditional operators (i. e., the relational operators (>,<, etc.),and ?, and : ) are weaker than the arithmetic and logical operators (+, -, *, /, && and | | ).Example:(k1 < p5/2 + p6 ? k1 : p7)binds the terms p5/2 and p6. It will return the value k1 below this threshold, else the value p7.

- 12 -EXPRESSIONS:Expressions may be composed to any depth from the components shown above. Each part of anexpression is evaluated at its own proper rate. For instance, if the terms within a sub-expressionall change at the control rate or slower, the sub-expression will be evaluated only at the control rate;that result might then be used in an audio-rate evaluation. For example, ink1 + abs(int(p5) + frac(p5) * 100/12 + sqrt(k1))the 100/12 would be evaluated at orch init, the p5 expressions evaluated at note I-time, and theremainder of the expression evaluated every k-period. The whole might occur in a unit generatorargument position, or be part of an assignment statement .DIRECTORIES and FILES:Many generators and the csound command itself specify filenames to be read from or written to.These are optionally full pathnames, whose target directory is fully specified. When not fullpath,filenames are sought in several directories in order, depending on their type and on the setting ofcertain environment variables. The latter are optional, but they can serve to partition and organizethe directories so that source files can be shared rather than duplicated in several user directories.The environment variables can define directories for soundfiles (SFDIR), sound samples (SSDIR),and sound analysis (SADIR). The search order is:Soundfiles being written are placed in SFDIR (if it exists), else the current directory.Soundfiles for reading are sought in the current directory, then SSDIR, then SFDIR.Analysis control files for reading are sought in the current directory, then SADIR.NOMENCLATURE:In Csound there are nine statement types, each of which provides a heading for the descriptivesections that follow in this chapter:assignment statements signal generator statementsorchestra header statements signal modifier statementsinstrument block statements signal display statementsprogram control statements soundfile access statementsduration control statements Throughout this document, opcodes are indicated in boldface and their argument and resultmnemonics, when mentioned in the text, are given in italics. Argument names are generallymnemonic (amp, phs), and the result is denoted the letter r. Both are preceded by a type qualifier i,k, a or x (e.g. kamp, iphs, ar). The prefix i denotes scalar values valid at note Init time; prefixes kor a denote control (scalar) and audio (vector) values, modified and referenced continuouslythroughout performance (i.e. at every control period while the instrument is active). Argumentsare used at the prefix-listed times; results are created at their listed times, then remain available foruse as inputs elsewhere. The validity of inputs is defined by the following:arguments with prefix i must be valid at Init time;arguments with prefix k can be either control or Init values (which remain valid);arguments with prefix a must be vector inputs;arguments with prefix x may be either vector or scalar (the compiler will distinguish).All arguments, unless otherwise stated, can be expressions whose results conform to the above.Most opcodes (such as linen and oscil) can be used in more than one mode, which one beingdetermined by the prefix of the result symbol.

- 13 -ASSIGNMENT STATEMENTSir=iargkr=kargar=xargkrinitiargarinitiargir tivalirdivzia, ib, isubst (these not yet implemented)krdivzka, kb, ksubstardivzxa, xb, ksubst= (simple assignment) - Put the value of the expression iarg (karg, xarg) into the named result.This provides a means of saving an evaluated result for later use.init - Put the value of the I-time expression iarg into a K- or A-variable, i.e., initialize the result.Note that init provides the only case of an Init-time statement being permitted to write into aPerftime (K- or A-rate) result cell; the statement has no effect at Perf-time.tival - Put the value of the instrument’s internal "tie-in" flag into the named I-variable. Assigns 1if this note has been ’tied’ onto a previously held note (see I Statement); assigns 0 if no tie actuallytook place. (See also tigoto.)divz - Whenever b is not zero, set the result to the value a / b; when b is zero, set it to the value ofsubst instead.Example:kcps =i2/3 + cpsoct(k2 + octpch(p5))

- 14 -ORCHESTRA HEADER STATEMENTSsr = n1kr = n2ksmps = n3nchnls = n4These statements are global value assignments, made at the beginning of an orchestra, before anyinstrument block is defined. Their function is to set certain reserved symbol variables that arerequired for performance. Once set, these reserved symbols can be used in expressions anywherein the orchestra.sr = (optional) - set sampling rate to n1 samples per second per channel. The default value is10000.kr = (optional) - set control rate to n2 samples per second. The default value is 1000.ksmps = (optional) - set the number of samples in a Control Period to n3. This value mustequal sr/kr. The default value is 10.nchnls = (optional) - set number of channels of audio output to n4. (1 = mono, 2 = stereo, 4 =quadraphonic.) The default value is 1 (mono).In addition, any global variable can be initialized by an init-time assignment anywhere beforethe first instr statement.All of the above assignments are run as instrument 0 (i - pass only) at the start of real performance.Example of header assignments:sr = 10000kr = 500ksmps = 20gi1=sr/2.gainit0gitranspose =octpch(.0l)

- 15 -INSTRUMENT BLOCK STATEMENTSinstr i, j, .....< body. of. instrument >.endinThese statements delimit an instrument block. They must always occur in pairs.instr - begin an instrument block defining instruments i, j, ...i, j, ... must be numbers, not expressions. Any positive integer is legal, and in any order, butexcessively high numbers are best avoided.endin - end the current instrument block.Note:There may be any number of instrument blocks in an orchestra.Instruments can be defined in any order (but they will always be both initialized and performed inascending instrument number order).Instrument blocks cannot be nested (i.e. one block cannot contain another).

- 16 -PROGRAM CONTROL STATEMENTSigotolabeltigotolabelkgotolabelgotolabeli f ia R ib igoto labeli f ka R kb kgoto labeli f ia R ib goto labeltimout istrt, idur, labelwhere label is in the same instrument block and is not an expression, and where R is one of theRelational operators (>, <, >=, <=, ==, !=) (and = for convenience, see also under Conditionalvalues).These statements are used to control the order in which statements in an instrument block are to beexecuted. I-time and P-time passes can be controlled separately as follows:igoto - During the I-time pass only, unconditionally transfer control to the statement labeled bylabel.tigoto - similar to igoto, but effective only during an I-time pass at which a new note is being’tied’ onto a previously held note (see I Statement); no-op when a tie has not taken place. Allowsan instrument to skip initialization of units according to whether a proposed tie was in factsuccessful (see also tival, delay).kgoto - During the P-time passes only, unconditionally transfer control to the statement labeled bylabel.goto - (combination of igoto and kgoto) Transfer control to label on every pass.if...igoto - conditional branch at I-time, depending on the truth value of the logical expression "iaR ib". The branch is taken only if the result is true.if...kgoto - conditional branch during P-time, depending on the truth value of the logicalexpression "ka R kb". The branch is taken only if the result is true.if...goto - combination of the above. Condition tested on every pass.timout - conditional branch during P-time, depending on elapsed note time. istrt and idur specifytime in seconds. The branch to label will become effective at time istrt, and will remain so for justidur seconds. Note that timout can be reinitialized for multiple activation within a single note (seeexample next page).Example:if k3 > p5 + 10 kgoto next

- 17 -reinitlabelrigotolabelrireturnThese statements permit an instrument to reinitialize itself during performance.reinit - whenever this statement is encountered during a P-time pass, performance is temporarilysuspended while a special Initialization pass, beginning at label and continuing to rireturn orendin, is executed. Performance will then be resumed from where it left off.rigoto - similar to igoto, but effective only during a reinit pass (i.e., No-op at standard I-time).This statement is useful for bypassing units that are not to be reinitialized.rireturn - terminates a reinit pass (i.e., No-op at standard I-time). This statement, or an endin,will cause normal performance to be resumed.Example:The following statements will generate an exponential control signal whose value moves from 440to 880 exactly ten times over the duration p3.reset:timout0, p3 /10, contin;after p3/10 seconds,reinitreset; reinit both timoutcontin:expon440, p3/10,880; and exponriretum; then resume perf

- 18 -DURATION CONTROL STATEMENTSiholdturnoffThese statements permit the current note to modify its own duration.ihold - this I-time statement causes a finite-duration note to become a �held� note. It thus has thesame effect as a negative p3 (see Score I-statement), except that p3 here remains positive and theinstrument reclassifies itself to being held indefinitely. The note can be turned off explicitly withturnoff, or its space taken over by another note of the same instrument number (i.e. it is tied intothat note). Effective at I-time only; no-op during a reinit pass.turnoff - this P-time statement enables an instrument to turn itself off. Whether of finite durationor ’held’, the note currently being performed by this instrument is immediately removed from theactive note list. No other notes are affected.Example:The following statements will cause a note to terminate when a control signal passes a certainthreshold (here the Nyquist frequency).k1expon440, p3/10,880; begin gliss and continueifk1 < sr/2 kgoto contin ; until Nyquist detectedturnoff; then quitcontin:a1oscila1, k1, 1

- 19 -MIDI CONVERTERSivalnotnumivalvelocicpscpsmidiicpscpsmidibkcpscpsmidibioctoctmidiioctoctmidibkoctoctmidibipchpchmidiipchpchmidibkpchpchmidibiampampmidiiscal[, ifn]kaftaftouchiscalkchprchpressiscalkbendpchbendiscalivalmidictrlinumkvalmidictrlinumGet a value from the MIDI event that activated this instrument, or from a continuous MIDIcontroller, and convert it to a locally useful format.INITIALIZATIONiscal - I-time scaling factor.ifn (optional) - function table number of a normalized translation table, by which the incomingvalue is first interpreted. The default value is 0, denoting no translation.inum - MIDI controller number.PERFORMANCEnotnum, veloc - get the MIDI byte value (0 - 127) denoting the note number or velocity of thecurrent event.cpsmidi, octmidi, pchmidi - get the note number of the current MIDI event, expressed in cps,oct, or pch units for local processing.cpsmidib, octmidib, pchmidib - get the note number of the current MIDI event, modify it bythe current pitch-bend value, and express the result in cps, oct, or pch units. Available as anI-time value or as a continuous ksig value.ampmidi - get the velocity of the current MIDI event, optionally pass it through a normalizedtranslation table, and return an amplitude value in the range 0 - iscal.aftouch, chpress, pchbend - get the current after-touch, channel pressure, or pitch-bend valuefor this channel, rescaled to the range 0 - iscal. Note that this access to pitch-bend data isindependent of the MIDI pitch, enabling the value here to be used for any arbitrary purpose.midictrl - get the current value (0 - 127) of a specified MIDI controller.

- 20 -SIGNAL GENERATORSkrlineia, idur1, ibarlineia, idur1, ibkrexpon ia, idur1, ibarexpon ia, idur1, ibkrlinseg ia, idur1, ib[, idur2, ic[...]]arlinseg ia, idur1, ib[, idur2, icI...]]krexpseg ia, idur1, ib[, idur2, ic[...]]arexpseg ia, idur1, ib[, idur2, ic[...]]Output values kr or ar trace a straight line (exponential curve) or a series of line segments(exponential segments) between specified points.INITIALIZATIONia - starting value. Zero is illegal for exponentials.ib, ic, etc. - value after dur1 seconds, etc. For exponentials, must be non-zero and must agree insign with ia.idur1 - duration in seconds of first segment. A zero or negative value will cause all initialization tobe skipped.idur2, idur3, etc. - duration in seconds of subsequent segments. A zero or negative value willterminate the initialization process with the preceding point, permitting the last-defined line or curveto be continued indefinitely in performance. The default is zero.PERFORMANCEThese units generate control or audio signals whose values can pass through 2 or more specifiedpoints. The sum of dur values may or may not equal the instrument’s performance time: a shorterperformance will truncate the specified pattern, while a longer one.will cause the last-definedsegment to continue on in the same direction.Example:k2expseg 440, p3/2,880, p3/2,440This statement creates a control signal which moves exponentially from 440 to 880 and back, overthe duration p3.

- 21 -krphasor kcps[, iphs]arphasor xcps[, iphs]Produce a normalized moving phase value.INITIALIZATIONiphs (optional) - initial phase, expressed as a fraction of a cycle (0 to 1). A negative value willcause phase initialization to he skipped. The default value is zero.PERFORMANCEAn internal phase is successively accumulated in accordance with the cps frequency to produce amoving phase value, normalized to lie in the range 0. <= phs < 1.When used as the index to a table unit, this phase (multiplied by the desired function table length)will cause it to behave like an oscillator.Note that phasor is a special kind of integrator, accumulating phase increments that representfrequency settings.Example:phasor1; cycle once per secondkpchtablek1 * 12, 1; through 12-note pch tablea1oscilp4, cpspch(kpch), 2; with continuous sound

- 22 -irtableindx, ifn[, ixmode][, ixoff][, iwrap]irtableiindx, ifn[, ixmode][, ixoff][, iwrap]krtablekndx, ifn[, ixmode][, ixoff][, iwrap]krtableikndx, ifn[, ixmode][, ixoff][, iwrap]artableandx, ifn[, ixmode][, ixoff][, iwrap]artableiandx, ifn[, ixmode][, ixoff][, iwrap]kroscil1idel, kamp, idur, ifnkroscil1iidel, kamp, idur, ifnTable values are accessed by direct indexing or by incremental sampling.INITIALIZATIONifn - function table number. tablei, oscil1i require the extended guard point.ixmode (optional) - ndx data mode. 0 = raw ndx, 1 = normalized (0 to 1). The default value is 0.ixoff (optional) - amount by which ndx is to be offset. For a table with origin at center, usetablesize/2 (raw) or .5 (normalized). The default value is 0.iwrap (optional) - wraparound ndx flag. 0 = nowrap (ndx < 0 treated as ndx=0; ndx > tablesizesticks at ndx=size), 1 = wraparound. The default value is 0.idel - delay in seconds before oscil1 incremental sampling begins.idur - duration in seconds to sample through the oscil1 table just once. A zero or negative valuewill cause all initialization to be skipped.PERFORMANCEtable invokes table lookup on behalf of init, control or audio indices. These indices can be rawentry numbers (0,l,2...size - 1) or scaled values (0 to 1-e). Indices are first modified by the offsetvalue then checked for range before table lookup (see iwrap). If ndx is likely to be full scale, or ifinterpolation is being used, the table should have an extended guard point. table indexed by aperiodic phasor (see phasor) will simulate an oscillator.oscil1 accesses values by sampling once through the function table at a rate determined by idur.For the first idel seconds, the point of scan will reside at the first location of the table; it will thenbegin moving through the table at a constant rate, reaching the end in another idur seconds; fromthat time on (i.e. after idel + idur seconds) it will remain pointing at the last location. Each valueobtained from sampling is then multiplied by an amplitude factor kamp before being written intothe result.tablei and oscil1i are interpolating units in which the fractional part of ndx is used to interpolatebetween adjacent table entries. The smoothness gained by interpolation is at some small cost inexecution time (see also oscili, etc.), but the interpolating and non-interpolating units areotherwise interchangeable. Note that when tablei uses a periodic index whose modulo n is lessthan the power of 2 table length, the interpolation process requires that there be an (n + 1)th tablevalue that is a repeat of the 1st (see F statement in Score).

- 23 -kroscilkamp, kcps, ifn[, iphs]kroscilikamp, kcps, ifn[, iphs]aroscilxamp, xcps, ifn[, iphs]aroscilixamp, xcps, ifn[, iphs]arfoscilxamp, kcps, kcar, kmod, kndx, ifn[, iphs]arfoscilixamp, kcps, kcar, kmod, kndx, ifn[, iphs]Table ifn is incrementally sampled modulo the table length and the value obtained is multiplied byamp.INITIALIZATIONifn - function table number. Requires a wrap-around guard point.iphs (optional) - initial phase of sampling, expressed as a fraction of a cycle (0 to 1). A negativevalue will cause phase initialization to be skipped. The default value is 0.PERFORMANCEThe oscil units output periodic control (or audio) signals consisting of the value ofkamp(xamp)times the value returned from control rate (audio rate) sampling of a stored functiontable. The internal phase is simultaneously advanced in accordance with the cps input value.While the amplitude and frequency inputs to the K-rate oscils are scalar only, the correspondinginputs to the audio-rate oscils may each be either scalar or vector, thus permitting amplitude andfrequency modulation at either sub-audio or audio frequencies.foscil is a composite unit that effectively banks two oscils in the familiar Chowning FM setup,wherein the audio-rate output of one generator is used to modulate the frequency input of another(the "carrier"). Effective carrier frequency = kcps * kcar, and modulating frequency = kcps *kmod. For integral values of kcar and kmod, the perceived fundamental will be the minimumpositive value of kcps * (kcar - n * kmod), n = 1,1,2,... The input kndx is the index ofmodulation (usually time-varying and ranging 0 to 4 or so) which determines the spread of acousticenergy over the partial positions given by n = 0,1,2,.., etc. ifn should point to a stored sine wave.oscili and foscili differ from oscil and foscil respectively in that the standard procedure ofusing a truncated phase as a sampling index is here replaced by a process that interpolates betweentwo successive lookups. Interpolating generators will produce a noticeably cleaner output signal,but they may take as much as twice as long to run. Adequate accuracy can also be gained withoutthe time cost of interpolation by using large stored function tables of 2K, 4K or 8K points if thespace is available.Example:k1oscil10, 5, 1; 5 cps vibratoa1oscil5000, 440 + k1, 1; around A440 + -10 cps

- 24 - ar1 [,ar2]loscil xamp, kcps, ifn[, ibas][, imod1,ibeg1,iend1][, imod2,ibeg2,iend2]Read sampled sound (mono or stereo) from a table, with optional sustain and release looping.INITIALIZATIONifn - function table number, typically denoting an AIFF sampled sound segment with prescribedlooping points. The source file may be mono or stereo.ibas (optional) - base frequency in cps of the recorded sound. This optionally overrides thefrequency given in the AIFF file, but is required if the file did not contain one. The default value is0 (no override).imod1, mod2 (optional) - play modes for the sustain and release loops. A value of 1 denotesnormal looping, 2 denotes forward & backward looping, 0 denotes no looping. The default value(-1) will defer to the mode and the looping points given in the source file.ibeg1, iend1, ibeg2, iend2 (optional, dependent on mod1, mod2) - begin and end points of thesustain and release loops. These are measured in sample frames from the beginning of the file,so will look the same whether the sound segment is monaural or stereo.PERFORMANCEloscil samples the ftable audio at a rate determined by kcps, then multiplies the result by xamp.The sampling increment for kcps is dependent on the table�s base-note frequency ibas, and isautomatically adjusted if the orchestra sr value differs from that at which the source was recorded.In this unit, ftable is always sampled with interpolation.If sampling reaches the sustain loop endpoint and looping is in effect, the point of sampling will bemodified and loscil will continue reading from within that loop segment. Once the instrument hasreceived a turnoff signal (from the score or from a MIDI noteoff event), the next sustain endpointencountered will be ignored and sampling will continue towards the release loop end-point, ortowards the last sample (henceforth to zeros).locscil is the basic unit for building a sampling synthesizer. Given a sufficient set of recordedpiano tones, for example, this unit can resample them to simulate the missing tones. Locating thesound source nearest a desired pitch can be done via table lookup. Once a sampling instrument hasbegun, its turnoff point may be unpredictable and require an external release envelope; this is oftendone by gating the sampled audio with linenr, which will extend the duration of a turned-offinstrument by a specific period while it implements a decay.Example:inumnotnumicpscpsmidiiampampmidi3000, 1ifnotableinum, 2;notnum to choose an audio sampleibastableinum, 3kamplinenriamp, 0, .05, .01;at noteoff, extend by 50 millisecsasigloscilkamp, icps, ifno, cpsoct(ibas/12. + 3)

- 25 -arbuzzxamp, xcps, knh, ifn[, iphs]argbuzzxamp, xcps, knh, klh, kr, ifn[, iphs]Output is a set of harmonically related cosine partials.INITIALIZATIONifn - table number of a stored function containing (for buzz) a sine wave, or (for gbuzz) a cosinewave. In either case a large table of at least 8192 points is recommended.iphs (optional) - initial phase of the fundamental frequency, expressed as a fraction of a cycle (0 to1). A negative value will cause phase initialization to be skipped. The default value is zero.PERFORMANCEThese units generate an additive set of harmonically related cosine partials of fundamentalfrequency xcps, and whose amplitudes are scaled so their summation peak equals xamp. Theselection and strength of partials is determined by the following control parameters:knh - total number of harmonics requested. Must be positive.klh - lowest harmonic present. Can be positive, zero or negative. In gbuzz the set of partials canbegin at any partial number and proceeds upwards; if klh is negative, all partials below zero willreflect as positive partials without phase change (since cosine is an even function), and will addconstructively to any positive partials in the set.kr - specifies the multiplier in the series of amplitude coefficients. This is a power series: if theklhth partial has a strength coefficient of A, the (klh + n)th partial will have a coefficient of A * (kr** n), i.e. strength values trace an exponential curve. kr may be positive, zero or negative, and isnot restricted to integers.buzz and gbuzz are useful as complex sound sources in subtractive synthesis. buzz is a specialcase of the more general gbuzz in which klh = kr = 1; it thus produces a set of knh equal-strengthharmonic partials, beginning with the fundamental. (This is a band-limited pulse train; if thepartials extend to the Nyquist, i.e. knh = int (sr / 2 / fundamental freq.), the result is a real pulsetrain of amplitude xamp.) Although both knh and klh may be varied during performance, theirinternal values are necessarily integer and may cause "pops" due to discontinuities in the output; kr,however, can be varied during performance to good effect. Both buzz and gbuzz can beamplitude- and/or frequency-modulated by either control or audio signals.N.B. These two units have their analogs in GEN11, in which the same set of cosines can bestored in a function table for sampling by an oscillator. Although computationally more efficient,the stored pulse train has a fixed spectral content, not a time-varying one as above.

- 26 -aradsynkamod, kfmod, ksmod, ifilcodarpvocktimpnt, kfmod, ifilcod [, ispecwp]Output is an additive set of individually controlled sinusoids, using either an oscillator bank orphase vocoder resynthesis.INITIALIZATIONifilcod - integer or character-string denoting a control-file derived from analysis of an audio signal.An integer denotes the suffix of a file adsyn.m or pvoc.m; a character-string (in double quotes)gives a filename, optionally a full pathname. If not fullpath, the file is sought first in the currentdirectory, then in the one given by the environment variable SADIR (if defined). adsyn controlcontains breakpoint amplitude- and frequency-envelope values organized for oscillator resynthesis,while pvoc control contains similar data organized for fft resynthesis. Memory usage depends onthe size of the files involved, which are read and held entirely in memory during computation butare shared by multiple calls (see also lpread).ispecwp (optional) - if non-zero, attempts to preserve the spectral envelope while its frequencycontent is varied by kfmod. The default value is zero.PERFORMANCEadsyn synthesizes complex time-varying timbres through the method of additive synthesis. Anynumber of sinusoids, each individually controlled in frequency and amplitude, can be summed byhigh-speed arithmetic to produce a high-fidelity result.Component sinusoids are described by a control file describing amplitude and frequency tracks inmillisecond breakpoint fashion . Tracks are defined by sequences of 16-bit binary integers:-1, time, amp, time, amp,...-2, time, freq, time, freq,...such as from hetrodyne filter analysis of an audio file. (For details see the Appendix on hetro.)The instantaneous amplitude and frequency values are used by an internal fixed-point oscillator thatadds each active partial into an accumulated output signal. While there is a practical limit (currently50) on the number of contributing partials, there is no restriction on their behavior over time. Anysound that can be described in terms of the behavior of sinusoids can be synthesized by adsynalone.Sound described by an adsyn control file can also be modified during re-synthesis. The signalskamod, kfmod, ksmod will modify the amplitude, frequency, and speed of contributing partials.These are multiplying factors, with kfmod modifying the cps frequency and ksmod modifying thespeed with which the millisecond bread-point line-segments are traversed. Thus .7, 1.5, and 2will give rise to a softer sound, a perfect fifth higher, but only half as long. The values 1,1,1 willleave the sound unmodified. Each of these inputs can be a control signal.pvoc implements signal reconstruction using an fft-based phase vocoder. The control data stemsfrom a precomputed analysis file with a known frame rate. The passage of time through this file isspecified by ktimpnt, which represents the time in seconds. ktimpnt must always be positive, butcan move forwards or backwards in time, be stationary or discontinuous, as a pointer into theanalysis file. kfmod is a control-rate transposition factor: a value of 1 incurs no transposition, 1.5transposes up a perfect fifth, and .5 down an octave.This implementation of pvoc was written by Dan Ellis. It is based in part on the system of MarkDolson, but the pre-analysis concept is new.

- 27 -arf o f xamp, xfund, xform, koct, kband, kris, kdur, kdec,iolaps, ifna, ifnb, itotdur[, iphs][, ifmode]Audio output is a succession of sinusoid bursts initiated at frequency xfund with a spectral peak atxform. For xfund above 25 Hz these bursts produce a speech-like formant with spectralcharacteristics determined by the k-input parameters. For lower fundamentals this generatorprovides a special form of granular synthesis.INITIALIZATIONiolaps - number of preallocated spaces needed to hold overlapping burst data. Overlaps arefrequency dependent, and the space required depends on the maximum value of xfund * kdur.Can be over-estimated at no computation cost. Uses less than 50 bytes of memory per iolap.ifna, ifnb - table numbers of two stored functions. The first is a sine table for sineburst synthesis(size of at least 4096 recommended). The second is a rise shape, used forwards and backwards toshape the sineburst rise and decay; this may be linear (GEN07) or perhaps a sigmoid (GEN19).itotdur - total time during which this fof will be active. Normally set to p3. No new sineburst iscreated if it cannot complete its kdur within the remaining itotdur.iphs (optional) - initial phase of the fundamental, expressed as a fraction of a cycle (0 to 1). Thedefault value is 0.ifmode (optional) - formant frequency mode. If zero, each sineburst keeps the xform frequency itwas launched with. If non-zero, each is influenced by xform continuously. The default value is 0.PERFORMANCExamp - peak amplitude of each sineburst, observed at the true end of its rise pattern. The rise mayexceed this value given a large bandwidth (say, Q < 10) and/or when the bursts are overlapping.xfund - the fundamental frequency (in Hertz) of the impulses that create new sinebursts.xform - the formant frequency, i.e. freq of the sinusoid burst induced by each xfund impulse.This frequency can be fixed for each burst or can vary continuously (see ifmode).koct - octaviation index, normally zero. If greater than zero, lowers the effective xfund frequencyby attenuating odd-numbered sinebursts. Whole numbers are full octaves, fractions transitional.kband - the formant bandwidth (at -6dB), expressed in Hz. The bandwidth determines the rate ofexponential decay throughout the sineburst, before the enveloping described below is applied.kris, kdur, kdec - rise, overall duration, and decay times (in seconds) of the sinusoid burst. Thesevalues apply an enveloped duration to each burst, in similar fashion to a Csound linen generatorbut with rise and decay shapes derived from the ifnb input. kris inversely determines theskirtwidth (at -40 dB) of the induced formant region. kdur affects the density of sineburstoverlaps, and thus the speed of computation. Typical values for vocal imitation are .003,.02,.007.Csound’s fof generator is loosely based on Michael Clarke’s C-coding of IRCAM’s CHANTprogram (Xavier Rodet et al.). Each fof produces a single formant, and the output of four or moreof these can be summed to produce a rich vocal imitation. fof synthesis is a special form ofgranular synthesis, and this implementation aids transformation between vocal imitation andgranular textures. Computation speed depends on kdur, xfund, and the density of any overlaps.

- 28 -arpluck kamp, kcps, icps, ifn, imeth [, iparm1, iparm2]Audio output is a naturally decaying plucked string or drum sound based on the Karplus-Strongalgorithms.INITIALIZATIONicps - intended pitch value in cps, used to set up a buffer of 1 cycle of audio samples which will besmoothed over time by a chosen decay method. icps normally anticipates the value of kcps, butmay be set artificially high or low to influence the size of the sample buffer.ifn - table number of a stored function used to initialize the cyclic decay buffer. If ifn = 0, arandom sequence will be used instead.imeth - method of natural decay. There are six, some of which use parameters values that follow.1 - simple averaging. A simple smoothing process, uninfluenced by parameter values.2 - stretched averaging. As above, with smoothing time stretched by a factor of iparm1 ( >= 1 ).3 - simple drum. The range from pitch to noise is controlled by a ’roughness factor’ iniparm1 (0 to 1). Zero gives the plucked string effect, while 1 reverses the polarity ofevery sample (octave down, odd harmonics). The setting .5 gives an optimum snare drum.4 - stretched drum. Combines both roughness and stretch factors. iparm1 is roughness (0 to 1), and iparm2 the stretch factor ( >= 1 ).5 - weighted averaging. As method 1, with iparm1 weighting the current sample (the status quo) and iparm2 weighting the previous adjacent one. iparm1 + iparm2 must be <= 1.6 - 1st order recursive filter, with coefs .5. Unaffected by parameter values.iparm1, iparm2 (optional) - parameter values for use by the smoothing algorithms (above). Thedefault values are both 0.PERFORMANCEAn internal audio buffer, filled at I-time according to ifn, is continually resampled with periodicitykcps and the resulting output is multiplied by kamp. Parallel with the sampling, the buffer issmoothed to simulate the effect of natural decay.Plucked strings (1,2,5,6) are best realized by starting with a random noise source, which is rich ininitial harmonics. Drum sounds (methods 3,4) work best with a flat source (wide pulse), whichproduces a deep noise attack and sharp decay.The original Karplus-Strong algorithm used a fixed number of samples per cycle, which causedserious quantization of the pitches available and their intonation. This implementation resamples abuffer at the exact pitch given by kcps, which can be varied for vibrato and glissando effects. Forlow values of the orch sampling rate (e.g. sr = 10000), high frequencies will store only very fewsamples (sr / icps). Since this may cause noticeable noise in the resampling process, the internalbuffer has a minimum size of 64 samples. This can be further enlarged by setting icps to someartificially lower pitch.

- 29 -krrandxamp[, iseed]krrandhkamp, kcps[, iseed]krrandikamp, kcps[, iseed]arrandxamp[, iseed]arrandhxamp, xcps[, iseed]arrandixamp, xcps[, iseed]Output is a controlled random number series between +amp and -ampINITIALIZATIONiseed (optional) - seed value for the recursive psuedo-random formula. A value between 0 and +1will produce an initial output of kamp * iseed A negative value will cause seed re-initialization to beskipped. The default seed value is .5.PERFORMANCEThe internal psuedo-random formula produces values which are uniformly distributed over therange kamp to -kamp. rand will thus generate uniform white noise with an R.M.S value of kamp/ root 2.The remaining units produce band-limited noise: the cps parameters permit the user to specify thatnew random numbers are to be generated at a rate less than the sampling or control frequencies.randh will hold each new number for the period of the specified cycle; randi will producestraightline interpolation between each new number and the next.Example:i1=octpch(p5); center pitch, to be modifiedk1randh1,10;10 time/sec by random displacements up to 1 octavea1oscil5000, cpsoct(i1+ k1), 1

- 30 -SIGNAL MODIFIERSkrlinenkamp, irise, idur, idecarlinenxamp, irise, idur, ideckrlinenrkamp, irise, idec, iatdecarlinenrxamp, irise, idec, iatdeckrenvlpx kamp, irise, idur, idec, ifn, iatss, iatdec[, ixmod]arenvlpxxamp, irise, idur, idec, ifn, iatss, iatdec[, ixmod]linen - apply a straight line rise and decay pattern to an input amp signal.linenr - apply a straight line rise, then an exponential decay while the note is extended in time.envlpx - apply an envelope consisting of 3 segments: 1) stored function rise shape, 2) modifiedexponential "pseudo steady state", 3) exponential decayINITIALIZATIONirise - rise time in seconds. A zero or negative value signifies no rise modification.idur - overall duration in seconds. A zero or negative value will cause initialization to be skipped.idec - decay time in seconds. Zero means no decay. An idec > idur will cause a truncated decay.ifn - function table number of stored rise shape with extended guard point.iatss - attenuation factor, by which the last value of the envlpx rise is modified during the note’spseudo "steady state." A factor > l causes an exponential growth, and < l an exponential decay. A1 will maintain a true steady state at the last rise value. Note that this attenuation is not by fixedrate (as in a piano), but is sensitive to a note’s duration. However, if iatss is negative (or if "steadystate" < 4 k-periods) a fixed attenuation rate of abs(iatss) per second will be used. 0 is illegal.iatdec - attenuation factor by which the closing "steady state" value is reduced exponentially overthe decay period. This value must be positive and is normally of the order of .01. A large orexcessively small value is apt to produce a cutoff which is audible. A zero or neg value is illegal.ixmod (optional, between +- .9 or so) - exponential curve modifier, influencing the "steepness" ofthe exponential trajectory during the "steady state." Values less than zero will cause an acceleratedgrowth or decay towards the target (e.g. subito piano). Values greater than zero will cause aretarded growth or decay. The default value is zero (unmodified exponential).PERFORMANCERise modifications are applied for the first irise seconds, and decay from time idur - idec. If theseperiods are separated in time there will be a "steady state" during which amp will be unmodified(linen) or modified by the first exponential pattern (envlpx). If linen rise and decay periodsoverlap then both modifications will be in effect for that time; in envlpx that will cause a truncateddecay. If the overall duration idur is exceeded in performance, the final decay will continue on inthe same direction, going negative for linen but tending asymptotically to zero in envlpx.linenr is unique within Csound in containing a note-off sensor and release time extender.When it senses either a score event termination or a MIDI noteoff, it will immediately extend theperformance time of the current instrument by idec seconds, then execute an exponential decaytowards the factor iatdec. For two or more units in an instrument, extension is by the greatest idec.

- 31 -krportksig, ihtim[, isig]artoneasig, khp[, istor]aratoneasig, khp[, istor]arresonasig, kcf, kbw[, iscl, istor]araresonasig, kcf, kbw[, iscl, istor]A control or audio signal is modified by a low- or band-pass recursive filter with variablefrequency response.INITIALIZATIONisig - initial (i.e. previous) value for internal feedback. The default value is 0.istor - initial disposition of internal data space. Since filtering incorporates a feedback loop ofprevious output, the initial status of the storage space used is significant. A zero value will clearthe space; a non-zero value will allow previous information to remain. The default value is 0.iscl - coded scaling factor for resonators. A value of 1 signifies a peak response factor of 1, i.e.all frequencies other than kcf are attenuated in accordance with the (normalized) response curve. Avalue of 2 raises the response factor so that its overall RMS value equals 1. (This intendedequalization of input and output power assumes all frequencies are physically present; hence it ismost applicable to white noise.) A zero value signifies no scaling of the signal, leaving that tosome later adjustment (e.g. see balance). The default value is 0.PERFORMANCEport applies portamento to a step-valued control signal. At each new step value, ksig is low-passfiltered to move towards that value at a rate determined by ihtim. ihtim is the "half-time" of thefunction (in seconds), during which the curve will traverse half the distance towards the newvalue, then half as much again, etc., theoretically never reaching its asymptote.tone implements a first-order recursive low-pass filter in which the variable khp (in cps)determines the response curve’s half -power point. Half power is defined as peak power / root 2.reson is a second-order filter in which kcf controls the center frequency, or cps position of thepeak response, and kbw controls its bandwidth (the cps difference between the upper and lowerhalf -power points).atone, areson are filters whose transfer functions are the complements of tone and reson.atone is thus a form of high-pass filter and areson a notch filter whose transfer functionsrepresent the "filtered out" aspects of their complements. Note, however, that power scaling is notnormalized in atone, areson, but remains the true complement of the corresponding unit. Thusan audio signal, filtered by parallel matching reson and areson units, would under additionsimply reconstruct the original spectrum. This property is particularly useful for controlled mixingof different sources (e.g., see lpreson).Complex response curves such as those with multiple peaks can be obtained by using a bank ofsuitable filters in series. (The resultant response is the product of the component responses.) Insuch cases, the combined attenuation may result in a serious loss of signal power, but this can beregained by the use of balance.

- 32 - krmsr,krmso,kerr,kcpslpread ktimpnt, ifilcod[, inpoles][, ifrmrate]arlpreson asigarlpfreson asig, kfrqratioThese units, used as a read/reson pair, use a control file of time-varying filter coefficients todynamically modify the spectrum of an audio signal.INITIALIZATIONifilcod - integer or character-string denoting a control-file (reflection coefficients and four parametervalues) derived from n-pole linear predictive spectral analysis of a source audio signal. An integerdenotes the suffix of a file lp.m; a character-string (in double quotes) gives a filename, optionally afull pathname. If not fullpath, the file is sought first in the current directory, then in that of theenvironment variable SADIR (if defined). Memory usage depends on the size of the file, which isheld entirely in memory during computation but shared by multiple calls (see also adsyn, pvoc).inpoles, ifrmrate (optional) - number of poles, and frame rate per second in the lpc analysis. Thesearguments are required only when the control file does not have a header; they are ignored when aheader is detected. The default value for both is zero.PERFORMANCElpread accesses a control file of time-ordered information frames, each containing n-pole filtercoefficients derived from linear predictive analysis of a source signal at fixed time intervals (e.g.1/100 of a second), plus four parameter values:krmsr - root-mean-square (rms) of the residual of analysis,krmso - rms of the original signal,kerr - the normalized error signal,kcps - pitch in cps.lpread gets its values from the control file according to the input value ktimpnt (in seconds). Ifktimpnt proceeds at the analysis rate, time-normal synthesis will result; proceeding at a faster,slower, or variable rate will result in time-warped synthesis. At each K-period, lpreadinterpolates between adjacent frames to more accurately determine the parameter values (presentedas output) and the filter coefficient settings (passed internally to a subsequent lpreson).The error signal kerr (between 0 and 1) derived during predictive analysis reflects thedeterministic/random nature of the analyzed source. This will emerge low for pitched (periodic)material and higher for noisy material. The transition from voiced to unvoiced speech, forexample, produces an error signal value of about .3. During synthesis, the error signal value canbe used to determine the nature of the lpreson driving function: for example, by arbitratingbetween pitched and non-pitched input, or even by determining a mix of the two. In normalspeech resynthesis, the pitched input to lpreson is a wideband periodic signal or pulse trainderived from a unit such as buzz, and the nonpitched source is usually derived from rand.However, any audio signal can be used as the driving function, the only assumption of the analysisbeing that it has a flat response.lpfreson is a formant shifted lpreson, in which kfrqratio is the (cps) ratio of shifted to originalformant positions. This permits synthesis in which the source object changes its apparent acousticsize. lpfreson with kfrqratio = 1 is equivalent to lpreson.Generally, lpreson provides a means whereby the time-varying content and spectral shaping of acomposite audio signal can be controlled by the dynamic spectral content of another. There can beany number of lpread/lpreson (or lpfreson) pairs in an instrument or in an orchestra; they canread from the same or different control files independently.

- 33 -krrmsasig[, ihp, istor]nrgainasig, krms[, ihp, istor]arbalanceasig, acomp[, ihp, istor]The rms power of asig can be interrogated, set, or adjusted to match that of a comparator signal.INlTlALIZATlONihp (optional) - half-power point (in cps) of a special internal low-pass filter. The default value is10.istor (optional) - initial disposition of internal data space (see reson). The default value is 0.PERFORMANCErms output values kr will trace the rms value of the audio input asig. This unit is not a signalmodifier, but functions rather as a signal power-guage.gain provides an amplitude modification of asig so that the output ar has rms power equal tokrms. rms and gain used together (and given matching ihp values) will provide the same effect asbalance.balance outputs a version of asig, amplitude-modified so that its rms power is equal to that of acomparator signal acomp. Thus a signal that has suffered loss of power (eg., in passing through afilter bank) can be restored by matching it with, for instance, its own source. It should be notedthat gain and balance provide amplitude modification only - output signals are not altered in anyother respect.Example:asrcbuzz10000,440, sr/440, 1; band-limited pulse traina1resonasrc, 1000,100; sent througha2 reson a1,3000,500 ; 2 filtersafinbalancea2, asrc ; then balanced with source

- 34 -krdownsampasig[, iwlen]arupsamp ksigarinterpksig[, istor]krintegksig[, istor]arintegasig[, istor]krdiffksig[, istor]ardiffasig[, istor]krsampholdxsig, kgate[, ival, ivstor]arsampholdasig, xgate[, ival, ivstor]Modify a signal by up- or down-sampling, integration, and differentiation.INITIALIZATIONiwlen (optional) - window length in samples over which the audio signal is averaged to determine adownsampled value. Maximum length is ksmps; 0 and 1 imply no window averaging. Thedefault value is 0.istor (optional) - initial disposition of internal save space (see reson). The default value is 0.ival, ivstor (optional) - controls initial disposition of internal save space. If ivstor is zero theinternal �hold" value is set to ival ; else it retains its previous value. Defaults are 0,0 (i.e. init tozero).PERFORMANCEdownsamp converts an audio signal to a control signal by downsampling. It produces one kvalfor each audio control period. The optional window invokes a simple averaging process tosuppress foldover.upsamp, interp convert a control signal to an audio signal. The first does it by simple repetitionof the kval, the second by linear interpolation between successive kvals. upsamp is a slightlymore efficient form of the assignment, �asig = ksig�.integ, diff perform integration and differentiation on an input control signal or audio signal. Eachis the converse of the other, and applying both will reconstruct the original signal. Since theseunits are special cases of low-pass and high-pass filters, they produce a scaled (and phase shifted)output that is frequency-dependent. Thus diff of a sine produces a cosine, with amplitude 2 *sin(pi * cps / sr) that of the original (for each component partial); integ will inversely affect themagnitudes of its component inputs. With this understanding, these units can provide usefulsignal modification.samphold performs a sample-and-hold operation on its input according to the value of gate. Ifgate > 0, the input samples are passed to the output; If gate <= 0, the last output value is repeated.The controlling gate can be a constant, a control signal, or an audio signal.Example:asrcbuzz10000,440,20, 1; band-limited pulse trainadifdiffasrc; emphasize the highsanewbalanceadif, asrc; but retain the poweragateresonasrc,0,440; use a lowpass of the originalasampsampholdanew, agate; to gate the new audiosigaouttoneasamp,100; smooth out the rough edges

- 35 -ardelayridlt[, istor]delaywasigardelayasig, idlt[, istor]ardelay1asig[, istor]A signal can be read from or written into a delay path, or it can be automatically delayed by sometime interval.INITIALIZATIONidlt - requested delay time in seconds. This can be as large as available memory will permit. Thespace required for n seconds of delay is 4n * sr bytes. It is allocated at the time the instrument isfirst initialized, and returned to the pool at the end of a score section.istor (optional) - initial disposition of delay-loop data space (see reson). The default value is 0.PERFORMANCEdelayr reads from an automatically established digital delay line, in which the signal retrieved hasbeen resident for idlt seconds. This unit must be paired with and precede an accompanyingdelayw unit. Any other Csound statements can intervene.delayw writes asig into the delay area established by the preceding delayr unit. Viewed as apair, these two units permit the formation of modified feedback loops, etc. However, there is alower bound on the value of idlt, which must be at least 1 control period (or 1/kr).delay is a composite of the above two units, both reading from and writing into its own storagearea. It can thus accomplish signal time-shift, although modified feedback is not possible. Thereis no minimum delay period.delay1 is a special form of delay that serves to delay the audio signal asig by just one sample. Itis thus functionally equivalent to "delay asig, 1/sr" but is more efficient in both time and space.This unit is particularly useful in the fabrication of generalized non-recursive filters.Example:tigotocontin; except on a tie,a2delaya1, .05, 0; begin 50 msec clean delay of sigcontin:

- 36 -ardeltapkdltardeltapixdltTap a delay line at variable offset times.PERFORMANCEThese units can tap into a delayr/delayw pair, extracting delayed audio from the idlt seconds ofstored sound. There can be any number of deltap and/or deltapi units between a read/write pair.Each receives an audio tap with no change of original amplitude.deltap extracts sound by reading the stored samples directly; deltapi extracts sound byinterpolated readout. By interpolating between adjacent stored samples deltapi represents aparticular delay time with more accuracy, but it will take about twice as long to run.The arguments kdlt, xdlt specify the tapped delay time in seconds. Each can range from 1 ControlPeriod to the full delay time of the read/write pair; however, since there is no internal check foradherence to this range, the user is wholly responsible. Each argument can be a constant, avariable, or a time-varying signal; the xdlt argument in deltapi implies that an audio-varying delayis permitted there.These units can provide multiple delay taps for arbitrary delay path and feedback networks. Theycan deliver either constant-time or time-varying taps, and are useful for building chorus effects,harmonizers, and doppler shifts. Constant-time delay taps (and some slowly changing ones) donot need interpolated readout; they are well served by deltap. Medium-paced or fast varying dlt’s,however, will need the extra services of deltapi.N . B . K-rate delay times are not internally interpolated, but rather lay down stepped time-shifts ofaudio samples; this will be found quite adequate for slowly changing tap times. For medium tofastpaced changes, however, one should provide a higher resolution audio-rate timeshift as input.Example:asourcebuzz1, 440, 20, 1atimelinseg1, p3/2,.01, p3/2,1; trace a distance in secsampfac=1/atime/atime; and calc an amp factoradumpdelayr1; set maximum distanceamovedeltapiatime; move sound source pastdelaysasource; the listeneroutamove * ampfac

- 37 -arcombasig, krvt, ilpt[, istor]aralpassasig, krvt, ilpt[, istor]arreverbasig, krvt[, istor]An input signal is reverberated for krvt seconds with "colored" (comb), flat (alpass), or "naturalroom" (reverb) frequency response.INITIALIZATIONilpt - loop time in seconds, which determines the "echo density" of the reverberation. This in turncharacterizes the "color" of the comb filter whose frequency response curve will contain ilpt * sr/2peaks spaced evenly between 0 and sr/2 (the Nyquist frequency). Loop time can be as large asavailable memory will permit. The space required for an n second loop is 4n * sr bytes. comband alpass delay space is allocated and returned as in delay.istor (optional) - initial disposition of delay-loop data space (cf. reson). The default value is 0.PERFORMANCEThese filters reiterate input with an echo density determined by loop time ilpt. The attenuation rateis independent and is determined by krvt, the reverberation time (defined as the time in seconds fora signal to decay to 1/1000, or 60dB down from its original amplitude). Output from a comb filterwill appear only after ilpt seconds; alpass output will begin to appear immediately.A standard reverb unit is composed of four comb filters in parallel followed by two alpass unitsin series. Looptimes are set for optimal "natural room response." Core storage requirements forthis unit are proportional only to the sampling rate, each unit requiring approximately 3K words forevery 10KC. The comb, alpass, delay, tone and other Csound units provide the means forexperimenting with alternate reverberator designsSince output from the standard reverb will begin to appear only after 1/20 second or so of delay,and often with less than three-fourths of the original power, it is normal to output both the sourceand the reverberated signal. Also, since the reverberated sound will persist long after the cessationof source events, it is normal to put reverb in a separate instrument to which sound is passed via aglobal variable, and to leave that instrument running throughout the performance.Example:ga1init0; init an audio receiver/mixerinstr1; instr (there may be many copies)a1oscili8000, cpspch(p5), 1; generate a source signalouta1; output the direct soundga1=ga1 + a1; and add to audio receiverendininstr99; (highest instr number executed last)a3reverbga1, 1.5; reverberate whatever is in ga1outa1; and output the resultga1=0; empty the receiver for the next passendin

- 38 -OPERATIONS USING SPECTRAL DATA-TYPESdsigoctdownxsig, iocts, isamps[, idisprd]wsignoctdftdsig, iprd, ifrqs, iq[, ihann, idbout, idsines]wsigspecscalwsigin, ifscale, ifthreshwsigspecaddmwsig1, wsig2[, imul2]wsigspecdiffwsiginwsigspecaccmwsiginwsigspecfiltwsigin, ifhtimspecdispwsig, iprd[, iwtflg]ksumspecsum wsig[, interp]These units generate and process non-standard signal data types, such as down-sampled time-domain control signals and audio signals, and their frequency-domain (spectral) representations.The new data types (d-, w-) are self-defining, and the contents are not processable by any otherCsound units. These unit generators are experimental, and subject to change between releases;they will also be joined by others later. Their inclusion here is to offer the user some initialexperience in spectral data processing.INITIALIZATIONidisprd (optional) - if non-zero, display the output every idisprd seconds. The default value is 0(no display).ihann, idbout, idsines (optional) - if non-zero, then respectively: apply a hanning window to theinput; convert the output magnitudes to dB; display the windowed sinusoids used in DFT filtering.The default values are 0,0,0 (rectangular window, magnitude output, no sinusoid display).imul2 (optional) - if non-zero, scale the wsig2 magnitudes before adding. The default value is 0.iwtflg (optional) - wait flag. If non-zero, hold each display until released by the user. The defaultvalue is 0 (no wait).interp (optional) - if non-zero, interpolate the output signal ksum. The default value is 0 (repeat thesignal value between changes).PERFORMANCEoctdown - put signal asig or ksig through iocts successive applications of octave decimation anddownsampling, and preserve isamps down-sampled values in each octave. Optionally display thecomposite buffer every idisprd seconds.noctdft - generate a constant-Q, exponentially-spaced DFT across all octaves of the multiply-downsampled input dsig. Every iprd seconds, each octave of dsig is optionally windowed (ihannnon-zero), filtered (using ifrqs parallel filters per octave, exponentially spaced, and withfrequency/bandwidth Q of iq), and the output magnitudes optionally converted to dB (idbout non-zero). This unit produces a self-defining spectral datablock wsig, whose characteristics arereadable by any units that receive it as input, and for which it becomes the template for output.

- 39 -specscal - scale an input spectral datablock with spectral envelopes. Function tables ifthresh andifscale are initially sampled across the (logarithmic) frequency space of the input spectrum; theneach time a new input spectrum is sensed the sampled values are used to scale each of itsmagnitude channels as follows: if ifthresh is non-zero, each magnitude is reduced by itscorresponding table-value (to not less than zero); then each magnitude is rescaled by thecorresponding ifscale value, and the resulting spectrum written to wsig.specaddm - do a weighted add of two input spectra. For each channel of the two input spectra,the two magnitudes are combined and written to the output according to: magout = mag1in +mag2in * imul2. The operation is performed whenever the input wsig1 is sensed to be new. Thisunit will (at Initialization) verify the consistency of the two spectra (equal size, equal period, equalmag types).specdiff - find the positive difference values between consecutive spectral frames. At each newframe of wsigin, each magnitude value is compared with its predecessor, and the positive changeswritten to the output spectrum. This unit is useful as an energy onset detector.specaccm - accumulate the values of successive spectral frames. At each new frame of wsigin,the accumulations-to-date in each magnitude track are written to the output spectrum. This unitthus provides a running histogram of spectral distribution.specfilt - filter each channel of an input spectrum. At each new frame of wsigin, each magnitudevalue is injected into a 1st-order lowpass recursive filter, whose half-time constant has beeninitially set by sampling the ftable ifhtim across the (logarithmic) frequency space of the inputspectrum. This unit effectively applies a persistence factor to the data occurring in each spectralchannel, and is useful for simulating the energy integration that occurs during auditory perception.specdisp - display the magnitude values of spectrum wsig every iprd seconds (rounded to someintegral number of wsig’s originating iprd).specsum - sum the magnitudes across all channels of the spectrum. At each new frame of wsig,the magnitudes are summed and released as a scalar ksum signal. Between frames, the output iseither repeated or interpolated at the K-rate. This unit produces a k-signal summation of themagnitudes present in the spectral data, and is thereby a running measure of its moment-to-momentoverall strength.Example:asigin; get external audiodsampoctdown asig, 6, 180, 0; downsample in 6 octaveswsig1noctdft dsamp, .02, 12, 33, 0, 1, 1; and calc 72-point dft (dB)wsig2specdiff wsig1; sense onsetswsig3specfilt wsig2, 2; & absorb slowlyspecdisp wsig1, .1; display all spectraspecdisp wsig2, .1specdisp wsig3, .1kstrenspecsum wsig3, 1; sum final mags, and ksmooth

- 40 -SENSING & CONTROLktemptempestkin, iprd, imindur, imemdur, ihp, ithresh, ihtim, ixfdbak,istartempo, ifn[, idisprd, itweek]Estimate the tempo of beat patterns in a control signal.INITIALIZATIONiprd - period between analyses (in seconds). Typically about .02 seconds.imindur - minimum duration (in seconds) to serve as a unit of tempo. Typically about .2 seconds.imemdur - duration (in seconds) of the kin short-term memory buffer which will be scanned forperiodic patterns. Typically about 3 seconds.ihp - half-power point (in cps) of a low-pass filter used to smooth input kin prior to otherprocessing. This will tend to suppress activity that moves much faster. Typically 2 cps.ithresh - loudness threshold by which the low-passed kin is center-clipped before being placed inthe short-term buffer as tempo-relevant data. Typically at the noise floor of the incoming data.ihtim - half-time (in seconds) of an internal forward-masking filter that masks new kin data in thepresence of recent, louder data. Typically about .005 seconds.ixfdbak - proportion of this unit’s anticipated value to be mixed with the incoming kin prior to allprocessing. Typically about .3.istartempo - initial tempo (in beats per minute). Typically 60.ifn - table number of a stored function (drawn left-to-right) by which the short-term memory datais attenuated over time.idisprd (optional) - if non-zero, display the short-term past and future buffers every idisprdseconds (normally a multiple of iprd). The default value is 0 (no display).itweek (optional) - fine-tune adjust this unit so that it is stable when analyzing events controlled byits own output. The default value is 1 (no change).PERFORMANCEtempest examines kin for amplitude periodicity, and estimates a current tempo. The input is firstlow-pass filtered, then center-clipped, and the residue placed in a short-term memory buffer(attenuated over time) where it is analyzed for periodicity using a form of autocorrelation. Theperiod, expressed as a tempo in beats per minute, is output as ktemp. The period is also usedinternally to make predictions about future amplitude patterns, and these are placed in a bufferadjacent to that of the input. The two adjacent buffers can be periodically displayed, and thepredicted values optionally mixed with the incoming signal to simulate expectation.This unit is useful for sensing the metric implications of any k-signal (e.g- the RMS of an audiosignal, or the second derivative of a conducting gesture), before sending to a tempo statement.Example:ksumspecsumwsignal, 1; sum the amps of a spectrumktemptempestksum, .02, .1, 3, 2, 800, .005, 0, 60, 4, .1, .995; and look for beats

- 41 - kx, kyxyiniprd, ixmin, ixmax, iymin, iymax[, ixinit, iyinit]tempoktempo, istartempoSense the cursor position in an input window. Apply tempo control to an uninterpreted score.INITIALIZATIONiprd - period of cursor sensing (in seconds). Typically .1 seconds.xmin, xmax, ymin, ymax - edge values for the x-y coordinates of a cursor in the input window.ixinit, iyinit (optional) - initial x-y coordinates reported; the default values are 0,0. If these valuesare not within the given min-max range, they will be coerced into that range.istartempo - initial tempo (in beats per minute). Typically 60.PERFORMANCExyin samples the cursor x-y position in an input window every iprd seconds. Output values arerepeated (not interpolated) at the K-rate, and remain fixed until a new change is registered in thewindow. There may be any number of input windows. This unit is useful for Realtime control,but continuous motion should be avoided if iprd is unusually small.tempo allows the performance speed of Csound scored events to be controlled from within anorchestra. It operates only in the presence of the csound -t flag. When that flag is set, scoredevents will be performed from their uninterpreted p2 and p3 (beat) parameters, initially at the givencommand-line tempo. When a tempo statement is activated in any instrument (ktempo > 0.), theoperating tempo will be adjusted to ktempo beats per minute. There may be any number of tempostatements in an orchestra, but coincident activation is best avoided.Example: kx,kyxyin.05, 30, 0, 120, 0, 75; sample the cursortempokx, 75 ; and control the tempo of performance

- 42 -SOUND INPUT & OUTPUTa1ina1, a2insa1, a2, a3, a4inqa1soundinifilcod[, iskptim][, iformat]a1, a2soundinifilcod[, iskptim][, iformat]a1, a2, a3, a4soundinifilcod[, iskptim][, iformat]outasigouts1asigouts2asigoutsasig1, asig2outq1asigoutq2 asigoutq3asigoutq4asigoutqasig1, asig2, asig3, asig4These units read/write audio data from/to an external device or stream.INITIALIZATIONfilcod - integer or character-string denoting the source soundfile name. An integer denotes the filesoundin.filcod ; a character-string (in double quotes, spaces permitted) gives the filename itself,optionally a full pathname. If not a full path, the named file is sought first in the current directory,then in that given by the environment variable SSDIR (if defined) then by SFDIR. See alsoGEN01.iskptim (optional) - time in seconds of input sound to be skipped. The default value is 0.iformat (optional) - specifies the audio data file format (1 = 8-bit signed char, 2 = 8-bit A-lawbytes, 3 = 8-bit U-law bytes, 4 = 16-bit short integers, 5 = 32bit long integers, 6 = 32-bit floats).If iformat = 0 it is taken from the soundfile header, and if no header from the csound -ocommand flag. The default value is 0.PERFORMANCEin, ins, inq - copy the current values from the standard audio input buffer. If the command-lineflag -i is set, sound is read continuously from the audio input stream (e.g. stdin or a soundfile)into an internal buffer. Any number of these units can read freely from this buffer.soundin is functionally an audio generator that derives its signal from a pre-existing file. Thenumber of channels read in is set by the number of result cells, a1, a2, etc. A soundin unit opensthis file whenever the host instrument is initialized, then closes it again each time the instrument isturned off. There can be any number of soundin units within a single instrument or orchestra;also, two or more of them can read simultaneously from the same external file.out, outs, outq send audio samples to an accumulating output buffer (created at the beginning ofperformance) which serves to collect the output of all active instruments before the sound is writtento disk. There can be any number of these output units in an instrument. The type (mono, stereo,or quad) must agree with nchnls, but units can be chosen to direct sound to any particularchannel: outs1 sends to stereo channel 1, outq3 to quad channel 3, etc.

- 43 -a1, a2, a3, a4panasig, kx, ky, ifn[, imode][, ioffset]Distribute an audio signal amongst four channels with localization control.INITIALIZATIONifn - function table number of a stored pattern describing the amplitude growth in a speaker channelas sound moves towards it from an adjacent speaker. Requires extended guard-point.imode (optional) - mode of the kx, ky position values. 0 signifies raw index mode, 1 means theinputs are normalized (0 - 1). The default value is 0.ioffset (optional) - offset indicator for kx, ky. 0 infers the origin to be at channel 3 (left rear); 1requests an axis shift to the quadraphonic center. The default value is 0.PERFORMANCEpan takes an input signal asig and distributes it amongst four outputs (essentially quad speakers)according to the controls kx and ky. For normalized input (mode=1) and no offset, the four outputlocations are in order: left-front at (0,1), right-front at (1,1), left-rear at the origin (0,0), and right-rear at (1,0). In the notation (kx, ky), the coordinates kx and ky, each ranging 0 - 1, thus controlthe ’rightness’ and ’forwardness’ of a sound location.Movement between speakers is by amplitude variation, controlled by the stored function table ifn.As kx goes from 0 to 1, the strength of the right-hand signals will grow from the left-most tablevalue to the right-most, while that of the left-hand signals will progress from the right-most tablevalue to the left-most. For a simple linear pan, the table might contain the linear function 0 - 1. Amore correct pan that maintains constant power would be obtained by storing the first quadrant of asinusoid. Since pan will scale and truncate kx and ky in simple table lookup, a medium-large table(say 8193) should be used.kx, ky values are not restricted to 0 - 1. A circular motion passing through all four speakers(enscribed) would have a diameter of root 2, and might be defined by a circle of radius R = root1/2 with center at (.5,.5). kx, ky would then come from Rcos(angle), Rsin(angle), with animplicit origin at (.5,.5) (i.e. ioffset = 1). Unscaled raw values operate similarly. Sounds canthus be located anywhere in the polar or cartesian plane; points lying outside the speaker square areprojected correctly onto the square’s perimeter as for a listener at the center.Example: instr1k1phasor 1/p3; fraction of circlek2tableik1, 1, 1; sin of angle (sinusoid in f1)k3tableik1, 1, 1, .25, 1; cos of angle (sin offset 1/4 circle)a1oscili10000,440, 1 ; audio signal..a1,a2,a3,a4pana1, k2/2, k3/2, 2, 1, 1; sent in a circle (f2=1st quad sin)outqa1, a2, a3, a4endin

- 44 -SIGNAL DISPLAYprintiarg[, iarg,...]displayxsig, iprd[, iwtflg]dispfftxsig, iprd, iwsiz[, iwtyp][, idbouti][, iwtflg]These units will print orchestra Init-values, or produce graphic display of orchestra control signalsand audio signals. Uses X11 windows if enabled, else (or if -g flag is set) displays areapproximated in ascii characters.INITlALIZATIONiprd - the period of display in seconds.iwsiz - size of the input window in samples. A window of iwsiz points will produce a Fouriertransform of iwsiz/2 points, spread linearly in frequency from 0 to sr/2. iwsiz must be a power of2. The windows are permitted to overlap.iwtyp (optional) - window type. 0 = rectangular, 1 = hanning. The default value is 0(rectangular).idbout (optional) - units of output for the Fourier coefficients. 0 = magnitude, 1 = decibels. Thedefault is 0 (magnitude).iwtflg (optional) - wait flag. If non-zero, each display is held until released by the user. Thedefault value is 0 (no wait).PERFORMANCEprint - print the current value of the I-time arguments (or expressions) iarg at every I-pass throughthe instrument.display - display the audio or control signal xsig every iprd seconds, as an amplitude vs. timegraph.dispfft - display the Fourier Transform of an audio or control signal (asig or ksig) every iprdseconds using the Fast Fourier Transform method.Example:k1envlpxl, .03, p3, .05, l, .5, .0l; generate a note envelopedisplayk1, p3; and display entire shape

- 45 -3. THE STANDARD NUMERIC SCOREA score is a data file that provides information to an orchestra about its performance. Like anorchestra file, a score file is made up of statements in a known format. The Csound orchestraexpects to be handed a score comprised mainly of ascii numeric characters. Although most userswill prefer a higher level score language such as provided by Cscore, Scot, or another score-generating program, each resulting score must eventually appear in the format expected by theorchestra. A Standard Numeric Score can be created and edited directly by the beginner usingstandard text editors; indeed, some users continue to prefer it. The purpose of this section is todescribe this format in detail.The basic format of a standard numeric score statement is: opcode p1 p2 p3 p4... ;commentsThe opcode is a single character, always alphabetic. Legal opcodes are f, i, a, t, s, and e, themeanings of which are described in the following pages. The opcode is normally the first characterof a line; leading spaces or tabs will be ignored. Spaces or tabs between the opcode and p1 areoptional.p1, p2, p3, etc... are parameter fields (pfields). Each contains a floating point number comprisedof an optional sign, digits, and an optional decimal point. Expressions are not permitted inStandard Score files. pfields are separated from each other by one or more spaces or tabs, all butone space of which will be ignored.Continuation lines are permitted. If the first printing character of a new scoreline is not an opcode,that line will be regarded as a continuation of the pfields from the previous scoreline.Comments are optional and are for the purpose of permitting the user to document his score file.Comments always begin with a semicolon (;) and extend to the end of the line. Comments will notaffect the pfield continuation feature.Blank lines or comment-only lines are legal (and will be ignored).Preprocessing of Standard ScoresA Score (a collection of score statements) is divided into time-ordered sections by the s statement.Before being read by the orchestra, a score is preprocessed one section at a time. Each section isnormally processed by 3 routines: Carry, Tempo, and Sort.1. Carry - within a group of consecutive i statements whose p1 whole numbers correspond, anypfield left empty will take its value from the same pfield of the preceding statement. An emptypfield can be denoted by a single point (.) delimited by spaces. No point is required after the lastnonempty pfield. The output of Carry preprocessing will show the carried values explicitly. TheCarry Feature is not affected by intervening comments or blank lines; it is turned off only by a non-i statement or by an i statement with unlike p1 whole number.An additional feature is available for p2 alone. The symbol + in p2 will be given the value of p2 +p3 from the preceding i statement. This enables note action times to be automatically determinedfrom the sum of preceding durations. The + symbol can itself be carried. It is legal only in p2.

- 46 -E.g.:the statementsi10.5 100i .+iwill result ini1 0 .5 100i1.5.5100 i1 1 .5 100The Carry feature should be used liberally. Its use, especially in large scores, can greatly reduceinput typing and will simplify later changes.2. Tempo - this operation time warps a score section according to the information in a tstatement. The tempo operation converts p2 (and, for i statements, p3) from original beats intoreal seconds, since those are the units required by the orchestra. After time warping, score fileswill be seen to have orchestra-readable format demonstrated by the following:i p1 p2beats p2seconds p3beats p3seconds p4 p5 ....3. Sort - this routine sorts all action-time statements into chronological order by p2 value. It alsosorts coincident events into precedence order. Whenever an f statement and an i statement havethe same p2 value, the f statement will precede. Whenever two or more i statements have the samep2 value, they will be sorted into ascending p1 value order. If they also have the same p1 value,they will be sorted into ascending p3 value order. Score sorting is done section by section (see sstatement). Automatic sorting implies that score statements may appear in any order within asection.N.B. The operations Carry, Tempo and Sort are combined in a 3-phase single pass over a scorefile, to produce a new file in orchestra-readable format (see the Tempo example). Processing canbe invoked either explicitly by the scsort command, or implicitly by csound which processes thescore before calling the orchestra. Source-format files and orchestra-readable files are both in asciicharacter form, and may be either perused or further modified by standard text editors.Userwritten routines can be used to modify score files before or after the above processes,provided the final orchestra-readable statement format is not violated. Sections of different formatscan be sequentially batched; and sections of like format can be merged for automatic sorting.Next-P and Previous-P SymbolsAt the close of any of the above operations, three additional score features are interpreted duringfile writeout: next-p, previous-p, and ramping.i statement pfields containing the symbols npx or ppx (where x is some integer) will be replacedby the appropriate pfield value found on the next i statement (or previous i statement) that has thesame p1. For example, the symbol np7 will be replaced by the value found in p7 of the next notethat is to be played by this instrument. np and pp symbols are recursive and can reference other npand pp symbols which can reference others, etc. References must eventually terminate in a realnumber or a ramp symbol (see below). Closed loop references should be avoided. np and ppsymbols are illegal in p1,p2 and p3 (although they may reference these). np and pp symbols maybe Carried. np and pp references cannot cross a Section boundary. Any forward or backwardreference to a non-existent note-statement will be given the value zero.

- 47 -E.g.:the statementsi10 1 10 np4 pp5i11120i11130will result in i10 1 1020 0i11 1 20 30 20i12 1 30 0 30np and pp symbols can provide an instrument with contextual knowledge of the score, enabling itto glissando or crescendo, for instance, toward the pitch or dynamic of some future event (whichmay or may not be immediately adjacent). Note that while the Carry feature will propagate np andpp through unsorted statements, the operation that interprets these symbols is acting on a time-warped and fully sorted version of the score.Rampingi statement pfields containing the symbol < will be replaced by values derived from linearinterpolation of a time-based ramp. Ramps are anchored at each end by the first real number foundin the same pfield of a preceding and following note played by the same instrument.E.g.:the statementsi101 100i111<i121<i131400i141<i1510will result in i101100i111200i121300i131400i141200i1510Ramps cannot cross a Section boundary. Ramps cannot be anchored by an np or pp symbol(although they may be referenced by these). Ramp symbols are illegal in p1, p2 and p3. Rampsymbols may be Carried. Note, however, that while the Carry feature will propagate rampsymbols through unsorted statements, the operation that interprets these symbols is acting on atime-warped and fully sorted version of the score. In fact, time-based linear interpolation is basedon warped score-time, so that a ramp which spans a group of accelerating notes will remain linearwith respect to strict chronological time.

- 48 -F STATEMENT (or FUNCTION TABLE STATEMENT)f p1 p2 p3 p4 ...This causes a GEN subroutine to place values in a stored function table for use by instruments.PFIELDSp1Table number (from 1 to 200) by which the stored function will be known. A negative number requests that the table be destroyed.p2 Action time of function generation (or destruction) in beats.p3Size of function table (i.e. number of points).Must be a power of 2, or a power-of-2 plus 1 (see below).Maximum table size is 16777216 (2**24) points.p4Number of the GEN routine to be called (see GEN ROUTINES).A negative value will cause rescaling to be omitted.p5|p6| Parameters whose meaning is determined by the particular GEN routine..|.|SPECIAL CONSIDERATIONSFunction tables are arrays of floating-point values. Arrays can be of any length in powers of 2;space allocation always provides for 2**n points plus an additional guard point. The guard pointvalue, used during interpolated lookup, can be automatically set to reflect the table’s purpose: Ifsize is an exact power of 2, the guard point will be a copy of the first point; this is appropriate forinterpolated wrap-around lookup as in oscili, etc., and should even be used for non-interpolatingoscil for safe consistency. If size is set to 2**n + 1, the guard point value automatically extendsthe contour of table values; this is appropriate for single-scan functions such in envlpx, oscil1,oscil1i, etc.Table space is allocated in primary memory, along with instrument data space. The maximum tablenumber has a soft limit of 200; this can be extended if required.An existing function table can be removed by an f statement containing a negative p1 and anappropriate action time. A function table can also be removed by the generation of another tablewith the same p1. Functions are not automatically erased at the end of a score section.p2 action time is treated in the same way as in i statements with respect to sorting and modificationby t statements. If an f statement and an i statement have the same p2, the sorter gives the fstatement precedence so that the function table will be available during note initialization.An f 0 statement (zero p1, positive p2) may be used to create an action time with no associatedaction. Such time markers are useful for padding out a score section (see s statement).

- 49 -I STATEMENT (INSTRUMENT or NOTE STATEMENT)i p1 p2 p3 p4 ...This statement calls for an instrument to be made active at a specific time and for a certain duration.The parameter field values are passed to that instrument prior to its initialization, and remain validthroughout its Performance.PFIELDSp1Instrument number (from 1 to 200), usually a non-negative integer.An optional fractional part can provide an additional tag for specifyingties between particular notes of consecutive clusters. A negative p1(including tag) can be used to turn off a particular �held� note.p2Starting time in arbitrary units called beats.p3 Duration time in beats (usually positive). A negative value will initiate aheld note (see also ihold). A zero value will invoke an initialization passwithout performance (see also instr).p4|p5| Parameters whose significance is determined by the instrument..|.|SPECIAL CONSIDERATIONSBeats are evaluated as seconds, unless there is a t statement in this score section or a -t flag in thecommand line.Starting or action times are relative to the beginning of a section (see s statement), which isassigned time 0.Note statements within a section may be placed in any order. Before being sent to an orchestra,unordered score statements must first be processed by Sorter, which will reorder them byascending p2 value. Notes with the same p2 value will be ordered by ascending p1; if the samep1, then by ascending p3.Notes may be stacked, i.e., a single instrument can perform any number of notes simultaneously.(The necessary copies of the instrument’s data space will be allocated dynamically by the orchestraloader.) Each note will normally turn off when its p3 duration has expired, or on receipt of a MIDInoteoff signal. An instrument can modify its own duration either by changing its p3 value duringnote initialization, or by prolonging itself through the action of a linenr unit.An instrument may be turned on and left to perform indefinitely either by giving it a negative p3 orby including an ihold in its I-time code. If a held note is active, an i statement with matching p1will not cause a new allocation but will take over the data space of the held note. The new pfields(including p3) will now be in effect, and an I-time pass will be executed in which the units caneither be newly initialized or allowed to continue as required for a tied note (see tigoto). A heldnote may be succeeded either by another held note or by a note of finite duration. A held note willcontinue to perform across section endings (see s statement). It is halted only by turnoff or by ani statement with negative matching p1 or by an e statement.

- 50 -A STATEMENT (or ADVANCE STATEMENT)a p1 p2 p3This causes score time to be advanced by a specified amount without producing sound samples.PFIELDSp1carries no meaning. Usually zerop2Action time, in beats, at which advance is to begin.p3Durational span (distance in beats) of time advance.p4|p5| These carry no meaning...SPECIAL CONSIDERATIONSThis statement allows the beat count within a score section to be advanced without generatingintervening sound samples. This can be of use when a score section is incomplete (the beginningor middle is missing) and the user does not wish to generate and listen to a lot of silence.p2 action time and p3 distance are treated as in i statements, with respect to sorting andmodification by t statements.An a statement will be temporarily inserted in the score by the Score Extract feature when theextracted segment begins later than the start of a Section. The purpose of this is to preserve thebeat count and time count of the original score for the benefit of the peak amplitude messageswhich are reported on the user console.Whenever an a statement is encountered by a performing orchestra, its presence and effect will bereported on the user’s console.

- 51 -T STATEMENT (TEMPO STATEMENT)t p1 p2 p3 p4 ..... (unlimited)This statement sets the tempo and specifies the accelerations and decelerations for the currentsection. This is done by converting beats into seconds.PFIELDSp1must be zerop2initial tempo in beats per minutep3, p5, p7, ...times in beats (in non-decreasing order)p4, p6, p8, ...tempi for the referenced beat timesSPECIAL CONSIDERATIONSTime and Tempo-for-that-time are given as ordered couples that define points on a "tempo vs time"graph. (The time-axis here is in beats so is not necessarily linear.) The beat-rate of a Section canbe thought of as a movement from point to point on that graph: motion between two points of equalheight signifies constant tempo, while motion between two points of unequal height will cause anaccelarando or ritardando accordingly. The graph can contain discontinuities: two points givenequal times but different tempi will cause an immediate tempo change.Motion between different tempos over non-zero time is inverse linear. That is, an accelerandobetween two tempos M1 and M2 proceeds by linear interpolation of the single-beat durations from60/M1 to 60/M2.The first tempo given must be for beat 0.A tempo, once assigned, will remain in effect from that time-point unless influenced by asucceeding tempo, i.e. the last specified tempo will be held to the end of the section.A t statement applies only to the score section in which it appears. Only one t statement ismeaningful in a section; it can be placed anywhere within that section. If a score section containsno t statement, then beats are interpreted as seconds (i.e. with an implicit t 0 60 statement).N.B. If the csound command includes a -t flag, the interpreted tempo of all score t statementswill be overridden by the command-line tempo.

- 52 -S STATEMENTs anythingThe s statement marks the end of a section.PFIELDSAll pfields are ignored.SPECIAL CONSIDERATIONSSorting of the i, f and a statements by action time is done section by section.Time warping for the t statement is done section by section.All action times within a section are relative to its beginning. A section statement establishes a newrelative time of 0, but has no other reinitializing effects (e.g. stored function tables are preservedacross section boundaries).A section is considered complete when all action times and finite durations have been satisfied(i.e., the "length" of a section is determined by the last occurring action or turn-off). A section canbe extended by the use of an f 0 statement.A section ending automatically invokes a Purge of inactive instrument and data spaces.N . B . Since score statements are processed section by section, the amount of memory requireddepends on the maximum number of score statements in a section. Memory allocation is dynamic,and the user will be informed as extra memory blocks are requested during score processing.For the end of the final section of a score, the s statement is optional; the e statement may be usedinstead.

- 53 -E STATEMENTe anythingThis statement may be used to mark the end of the last section of the score.PFIELDSAll pfields are ignored.SPECIAL CONSIDERATIONSThe e statement is contextually identical to an s statement. Additionally, the e statement terminatesall signal generation (including indefinite performance) and closes all input and output files.If an e statement occurs before the end of a score, all subsequent score lines will be ignored.The e statement is optional in a score file yet to be sorted. If a score file has no e statement, thenSort processing will supply one.

- 54 -4. GEN ROUTINESThe GEN subroutines are function-drawing procedures called by f statements to construct storedwavetables. They are available throughout orchestra performance, and can be invoked at any pointin the score as given by p2. p1 assigns a table number, and p3 the table size (see f statement). p4specifies the GEN routine to be called; each GEN routine will assign special meaning to the pfieldvalues that follow.GEN01This subroutine transfers data from a soundfile into a function table.f # time size 1 filcod skiptime formatsize - number of points in the table. Ordinarily a power of 2 or a power-of-2 plus 1 (see fstatement); the maximum tablesize is 16777216 (2**24) points. If the source soundfile is of typeAIFF, allocation of table memory can be deferred by setting this parameter to 0; the size allocatedis then the number of points in the file (probably not a power-of-2), and the table is not usable bynormal oscillators, but it is usable by a loscil unit. An AIFF source can also be mono or stereo.filcod - integer or character-string denoting the source soundfile name. An integer denotes the filesoundin.filcod ; a character-string (in double quotes, spaces permitted) gives the filename itself,optionally a full pathname. If not a full path, the file is sought first in the current directory, then inthat given by the environment variable SSDIR (if defined) then by SFDIR. See also soundin.skiptime - begin reading at skiptime seconds into the file.format - specifies the audio data-file format:1 - 8-bit signed character4 - 16-bit short integers2 - 8-bit A-law bytes5 - 32-bit long integers3 - 8-bit U-law bytes6 - 32-bit floatsIf format = 0 the sample format is taken from the soundfile header, or by default from the csound-o command flag.Reading stops at end-of-file or when the table is full. Table locations not filled will contain zeros.Note:If p4 is positive, the table will be post-normalized (rescaled to a maximum absolute value of 1 aftergeneration). A negative p4 will cause rescaling to be skipped.Examples:f 1 0 8192 1 23 0 4f 2 0 0 -1 "trumpet A#5" 0 4The tables are filled from 2 files, �soundin.23� and �trumpet A#5�, expected in SSDIR or SFDIR.The first table is pre-allocated; the second is allocated dynamically, and its rescaling is inhibited.

- 55 -GEN02This subroutine transfers data from immediate pfields into a function table.f # time size 2 v1 v2 v3 . . .size - number of points in the table. Must be a power of 2 or a power-of-2 plus 1 (see fstatement). The maximum tablesize is 16777216 (2**24) points.v1, v2, v3, ... - values to be copied directly into the table space. The number of values is limitedby the compile-time variable PMAX, which controls the maximum pfields (currently 150). Thevalues copied may include the table guard point; any table locations not filled will contain zeros.Note:If p4 is positive, the table will be post-normalized (rescaled to a maximum absolute value of 1 aftergeneration). A negative p4 will cause rescaling to be skipped.Example:f 1 0 16 -2 0 1 2 3 4 5 6 7 8 9 10 11 0This calls upon GEN02 to place 12 values plus an explicit wrap-around guard value into a table ofsize next-highest power of 2. Rescaling is inhibited.

- 56 -GEN03This subroutine generates a stored function table by evaluating a polynomial in x over a fixed inter-val and with specified coefficients.f # time size 3 xval1 xval2 c0 c1 c2 . . . cnsize - number of points in the table. Must be a power of 2 or a power-of-2 plus 1 (see fstatement).xval1, xval2 - left and right values of the x interval over which the polynomial is defined (xval1 <xval2). These will produce the 1st stored value and the (power-of-2 plus l)th stored valuerespectively in the generated function table.c0, c1, c2, ... cn - coefficients of the nth-order polynomial c0 + c1x + c2x2 + . . . + cnxnCoefficients may be positive or negative real numbers; a zero denotes a missing term in thepolynomial. The coefficient list begins in p7, providing a current upper limit of 144 terms.Note:The defined segment [fn(xval1),fn(xval2)] is evenly distributed. Thus a 512-point table over theinterval [-1,1] will have its origin at location 257 (at the start of the 2nd half). Provided theextended guard point is requested, both fn(-1) and fn(1) will exist in the table.GEN03 is useful in conjunction with table or tablei for audio waveshaping (sound modificationby non-linear distortion). Coefficients to produce a particular formant from a sinusoidal lookupindex of known amplitude can be determined at preprocessing time using algorithms such asChebyshev formulae. See also GEN13.Example:f 1 0 1025 3 -1 1 5 4 3 2 2 1This calls GEN03 to fill a table with a 4th order polynomial function over the x-interval -1 to 1.The origin will be at the offset position 512. The function is post-normalized.

- 57 -GEN04This subroutine generates a normalizing function by examining the contents of an existing table.f # time size 4 source# sourcemodesize - number of points in the table. Should be power-of-2 plus 1. Must not exceed (except by 1)the size of the source table being examined; limited to just half that size if the sourcemode is of typeoffset (see below).source # - table number of stored function to be examined.sourcemode - a coded value, specifying how the source table is to be scanned to obtain thenormalizing function. Zero indicates that the source is to be scanned from left to right. Non-zeroindicates that the source has a bipolar structure; scanning will begin at the mid-point and progressoutwards, looking at pairs of points equidistant from the center.Note:The normalizing function derives from the progressive absolute maxima of the source table beingscanned. The new table is created left-to-right, with stored values equal to 1/(absolute maximumso far scanned). Stored values will thus begin with 1/(first value scanned), then get progressivelysmaller as new maxima are encountered. For a source table which is normalized (values <= 1), thederived values will range from 1/(first value scanned) down to 1. If the first value scanned is zero,that inverse will be set to 1.The normalizing function from GEN04 is not itself normalized.GEN04 is useful for scaling a table-derived signal so that it has a consistent peak amplitude. Aparticular application occurs in waveshaping when the carrier (or indexing) signal is less than fullamplitude.Example:f 2 0 512 4 1 1This creates a normalizing function for use in connection with the GEN03 table 1 example.Midpoint bipolar offset is specified.

- 58 -GEN05, GEN07These subroutines are used to construct functions from segments of exponential curves (GEN05)or straight lines (GEN07).f # time size 5 a n1 b n2 c . . .f # time size 7 a n1 b n2 c . . .size - number of points in the table. Must be a power of 2 or power-of-2 plus 1 (see f statement).a, b, c, etc. - ordinate values, in odd-numbered pfields p5, p7, p9, . . . For GEN05 these mustbe nonzero and must be alike in sign. No such restrictions exist for GEN07.n1, n2, etc. - length of segment (no. of storage locations), in even-numbered pfields. Cannot benegative, but a zero is meaningful for specifying discontinuous waveforms (e.g. in the examplebelow). The sum n1 + n2 + .... will normally equal size for fully specified functions. If the sumis smaller, the function locations not included will be set to zero; if the sum is greater, only the firstsize locations will be stored.Note:If p4 is positive, functions are post-normalized (rescaled to a maximum absolute value of 1 aftergeneration). A negative p4 will cause rescaling to be skipped.Discrete-point linear interpolation implies an increase or decrease along a segment by equaldifferences between adjacent locations; exponential interpolation implies that the progression is byequal ratio. In both forms the interpolation from a to b is such as to assume that the value b will beattained in the n + 1th location. For discontinuous functions, and for the segment encompassingthe end location, this value will not actually be reached, although it may eventually appear as aresult of final scaling.Example:f 1 0 256 7 0 128 1 0 -1 128 0This describes a single-cycle sawtooth whose discontinuity is mid-way in the stored function.

- 59 -GEN06This subroutine will generate a function comprised of segments of cubic polynomials, spanningspecified points just three at a time.f # time size 6 a n1 b n2 c n3 d . . .size - number of points in the table. Must be a power off or power-of-2 plus 1 (see f statement).a, c, e, ... - local maxima or minima of successive segments, depending on the relation of thesepoints to adjacent inflexions. May be either positive or negative.b, d, f, ... - ordinate values of points of inflexion at the ends of successive curved segments. Maybe positive or negative.n1, n2, n3... - number of stored values between specified points. Cannot be negative, but a zerois meaningful for specifying discontinuities. The sum n1 + n2 + ... will normally equal size forfully specified functions. (for details, see GEN05).Note:GEN06 constructs a stored function from segments of cubic polynomial functions. Segmentslink ordinate values in groups of 3: point of inflexion, maximum/minimum, point of inflexion.The first complete segment encompasses b,c,d and has length n2 + n3, the next encompasses d,e,fand has length n4 + n5, etc. The first segment (a,b with length n1) is partial with only oneinflexion; the last segment may be partial too. Although the inflexion points b,d,f ... each figurein two segments (to the left and right), the slope of the two segments remains independent at thatcommon point (i.e. the 1st derivative will likely be discontinuous). When a,c,e... are alternatelymaximum and minimum, the inflexion joins will be relatively smooth; for successive maxima orsuccessive minima the inflexions will be comb-like.Example:f 1 0 65 6 0 16 .5 16 1 16 0 16 -1This creates a curve running 0 to 1 to -1, with a minimum, maximum and minimum at these valuesrespectively. Inflexions are at .5 and 0, and are relatively smooth.

- 60 -GEN08This subroutine will generate a piecewise cubic spline curve, the smoothest possible through allspecified points.f # time size 8 a n1 b n2 c n3 d . . .size - number of points in the table. Must be a power of 2 or power-of-2 plus 1 (see f statement).a, b, c ... - ordinate values of the function.n1, n2, n3 ... - length of each segment measured in stored values. May not be zero, but may befractional. A particular segment may or may not actually store any values; stored values will begenerated at integral points from the beginning of the function. The sum n1 + n2 + ... willnormally equal size for fully specified functions.Note:GEN08 constructs a stored table from segments of cubic polynomial functions. Each segmentruns between two specified points but depends as well on their neighbors on each side.Neighboring segments will agree in both value and slope at their common point. (The commonslope is that of a parabola through that point and its two neighbors). The slope at the two ends ofthe function is constrained to be zero (flat).Hint: to make a discontinuity in slope or value in the function as stored, arrange a series of pointsin the interval between two stored values; likewise for a non-zero boundary slope.Examples:f 1 0 65 8 0 16 0 16 1 16 0 16 0This example creates a curve with a smooth hump in the middle, going briefly negative outside thehump then flat at its ends.f 2 0 65 8 0 16 0 .1 0 15.9 1 15.9 0 .1 0 16 0This example is similar, but does not go negative.

- 61 -GEN09, GEN10, GEN19These subroutines generate composite waveforms made up of weighted sums of simple sinusoids.The specification of each contributing partial requires 3 pfields using GEN09, 1 using GEN10,and 4 using GEN19.f # time size 9 pna stra phsa pnb strb phsb . . .f # time size 10 str1 str2 str3 str4 . . . .f # time size 19 pna stra phsa dcoa pnb strb phsb dcob . . .size - number of points in the table. Must be a power of 2 or power-of-2 plus 1 (see f statement).pna, pnb, etc. - partial no. (relative to a fundamental that would occupy size locations per cycle)of sinusoid a, sinusoid b, etc. Must be positive, but need not be a whole number, i.e., non-harmonic partials are permitted. Partials may be in any order.stra, strb, etc. - strength of partials pna, pnb, etc. These are relative strengths, since thecomposite waveform may be rescaled later. Negative values are permitted and imply a 180 degreephase shift.phsa, phsb, etc. - initial phase of partials pna, pnb, etc., expressed in degrees.dcoa, dcob, etc. - DC offset of partials pna, pnb, etc. This is applied after strength scaling, i.e. avalue of 2 will lift a 2-strength sinusoid from range [-2,2] to range [0,4] (before later rescaling).str1, str2, str3, etc. - relative strengths of the fixed harmonic partial numbers 1,2,3, etc.,beginning in p5. Partials not required should be given a strength of zero.Note:These subroutines generate stored functions as sums of sinusoids of different frequencies. Thetwo major restrictions on GEN10�that the partials be harmonic and in phase�do not apply toGEN09 or GEN19.In each case the composite wave, once drawn, is then rescaled to unity if p4 was positive. Anegative p4 will cause rescaling to be skipped.Examples:f 1 0 1024 9 1 3 0 3 1 0 9 .3333 180f 2 0 1024 19 .5 1 270 1f 1 combines partials l, 3 and 9 in the relative strengths in which they are found in a square wave,except that partial 9 is upside down. f 2 creates a rising sigmoid [0 - 2]. Both will be rescaled.

- 62 -GEN11This subroutine generates an additive set of cosine partials, in the manner of Csound generatorsbuzz and gbuzz.f # time size 11 nh lh rsize - number of points in the table. Must be a power of 2 or power-of-2 plus 1 (see f statement).nh - number of harmonics requested. Must be positive.lh (optional) - lowest harmonic partial present. Can be positive, zero or negative. The set ofpartials can begin at any partial number and proceeds upwards; if lh is negative, all partials belowzero will reflect in zero to produce positive partials without phase change (since cosine is an evenfunction), and will add constructively to any positive partials in the set. The default value is 1.r (optional) - multiplier in an amplitude coefficient series. This is a power series: if the lhth partialhas a strength coefficient of A the (lh + n)th partial will have a coefficient of A * r**n, i.e.strength values trace an exponential curve. r may be positive, zero or negative, and is not restrictedto integers. The default value is 1.Note:This subroutine is a non-time-varying version of the csound buzz and gbuzz generators, and issimilarly useful as a complex sound source in subtractive synthesis. With lh and r present itparallels gbuzz; with both absent or equal to 1 it reduces to the simpler buzz (i.e. nh equal-strength harmonic partials beginning with the fundamental).Sampling the stored waveform with an oscillator is more efficient than using dynamic buzz units.However, the spectral content is invariant, and care is necessary lest the higher partials exceed theNyquist during sampling to produce foldover.Examples:f 1 0 2049 11 4f 2 0 2049 11 4 1 1f 3 0 2049 -11 7 3 .5The first two tables will contain identical band-limited pulse waves of four equal-strength harmonicpartials beginning with the fundamental. The third table will sum seven consecutive harmonics,beginning with the third, and at progressively weaker strengths (1, .5, .25, .125 . . .). It will notbe post-normalized.

- 63 -GEN12This generates the log of a modified Bessel function of the second kind, order 0, suitable for use inamplitude-modulated FM.f # time size -12 xintsize - number of points in the table. Must be a power of 2 or a power-of-2 plus 1 (see fstatement). The normal value is power-of-2 plus 1.xint - specifies the x interval [0 to +int] over which the function is defined.Note:This subroutine draws the natural log of a modified Bessel function of the second kind, order 0(commonly written as I subscript 0), over the x-interval requested. The call should have rescalinginhibited.The function is useful as an amplitude scaling factor in cycle-synchronous amplitude-modulatedFM. (See Palamin & Palamin, J. Audio Eng. Soc., 36/9, Sept. 1988, pp.671-684.) The algorithmis interesting because it permits the normally symmetric FM spectrum to be made asymmetricaround a frequency other than the carrier, and is thereby useful for formant positioning. By usinga table lookup index of I(r - 1/r), where I is the FM modulation index and r is an exponentialparameter affecting partial strengths, the Palamin algorithm becomes relatively efficient, requiringonly oscil’s, table lookups, and a single exp call.Example:f 1 0 2049 -12 20This draws an unscaled ln(I0(x)) from 0 to 20.

- 64 -GEN13, GEN14These subroutines use Chebyshev coefficients to generate stored polynomial functions which,under waveshaping, can be used to split a sinusoid into harmonic partials having a predefinablespectrum.f # time size 13 xint xamp h0 h1 h2 . . . hnf # time size 14 xint xamp h0 h1 h2 . . . hnsize - number of points in the table. Must be a power of 2 or a power-of-2 plus 1 (see fstatement). The normal value is power-of-2 plus 1.xint - provides the left and right values [-xint, +xint] of the x interval over which the polynomial isto be drawn. These subroutines both call GEN03 to draw their functions; the p5 value here istherefor expanded to a negative-positive p5,p6 pair before GEN03 is actually called. The normalvalue is 1.xamp - amplitude scaling factor of the sinusoid input that is expected to produce the followingspectrum.h0, h1, h2, .... hn - relative strength of partials 0 (DC), 1 (fundamental), 2 ... that will resultwhen a sinusoid of amplitude xamp * int(size/2)/xint is waveshaped using this function table.These values thus describe a frequency spectrum associated with a particular factor xamp of theinput signal.Note:GEN13 is the function generator normally employed in standard waveshaping. It stores apolynomial whose coefficients derive from the Chebyshev polynomials of the first kind, so that adriving sinusoid of strength xamp will exhibit the specified spectrum at output. Note that theevolution of this spectrum is generally not linear with varying xamp. However, it is bandlimited(the only partials to appear will be those specified at generation time); and the partials will tend tooccur and to develop in ascending order (the lower partials dominating at low xamp, and thespectral richness increasing for higher values of xamp). A negative hn value implies a 180 degreephase shift of that partial; the requested full-amplitude spectrum will not be affected by this shift,although the evolution of several of its component partials may be. The pattern +,+,-,-,+,+,... forh0,h1,h2... will minimize the normalization problem for low xamp values (see above), but doesnot necessarily provide the smoothest pattern of evolution.GEN14 stores a polynomial whose coefficients derive from Chebyshevs of the second kind.Example:f 1 0 1025 13 1 1 0 5 0 3 0 1This creates a function which, under waveshaping, will split a sinusoid into 3 odd-harmonicpartials of relative strength 5:3:1.

- 65 -GEN15This subroutine creates two tables of stored polynomial functions, suitable for use in phasequadrature operations.f # time size 15 xint xamp h0 phs0 h1 phs1 h2 phs2 . . .size - number of points in the table. Must be a power of 2 or a power-of-2 plus 1 (see fstatement). The normal value is power-of-2 plus 1.xint - provides the left and right values [-xint, +xint] of the x interval over which the polynomial isto be drawn. This subroutine will eventually call GEN03 to draw both functions; this p5 value istherefor expanded to a negative-positive p5, p6 pair before GEN03 is actually called. The normalvalue is 1.xamp - amplitude scaling factor of the sinusoid input that is expected to produce the followingspectrum.h0, h1, h2, ... hn - relative strength of partials 0 (DC), 1 (fundamental), 2 ... that will result whena sinusoid of amplitude xamp * int(size/2)/xint is waveshaped using this function table. Thesevalues thus describe a frequency spectrum associated with a particular factor xamp of the inputsignal.phs0, phs1, ... - phase in degrees of desired harmonics h0, h1, ... when the two functions ofGEN15 are used with phase quadrature.Note:GEN15 creates two tables of equal size, labelled f # and f # + 1. Table # will contain aChebyshev function of the first kind, drawn using GEN03 with partial strengths h0cos(phs0),h1cos(phs1), ... Table #+1 will contain a Chebyshev function of the 2nd kind by calling GEN14with partials h1sin(phs1), h2sin(phs2),... (note the harmonic displacement). The two tables canbe used in conjunction in a waveshaping network that exploits phase quadrature.

- 66 -GEN17This subroutine creates a step function from given x-y pairs.f # time size 17 x1 a x2 b x3 c . . .size - number of points in the table. Must be a power of 2 or a power-of-2 plus 1 (see fstatement). The normal value is power-of-2 plus 1.x1, x2, x3, etc. - x-ordinate values, in ascending order, 0 first.a, b, c, etc. - y-values at those x-ordinates, held until the next x-ordinate.This subroutine creates a step function of x-y pairs whose y-values are held to the right. The right-most y-value is then held to the end of the table. The function is useful for mapping one set of datavalues onto another, such as MIDI note numbers onto sampled sound ftable numbers (see loscil).Example:f 1 0 128 -17 0 1 12 2 24 3 36 4 48 5 60 6 72 7 84 8This describes a step function with 8 successively increasing levels, each 12 locations wide exceptthe last which extends its value to the end of the table. Rescaling is inhibited. Indexing into thistable with a MIDI note-number would retrieve a different value every octave up to the eighth,above which the value returned would remain the same.

- 67 -5. SCOT: A Score TranslatorScot is a language for describing scores in a fashion that parallels traditional music notation. Scotis also the name of a program which translates scores written in this language into standardnumeric score format so that the score can be performed by Csound. The result of this translationis placed in a file called score. A score file written in Scot (named file.sc, say) can be sent throughthe translator by the commandscot file.scThe resulting numeric score can then be examined for errors, edited, or performed by typingcsound file.orc scoreAlternatively, the commandcsound file.orc -S file.scwould combine both processes by informing Csound of the initial score format.Internally, a Scot score has at least three parts: a section to define instrument names, a section todefine functions, and one or more actual score sections. It is generally advisable to keep scoresections short to facilitate finding errors. The overall layout of a Scot score has three mainsections:orchestra { .... }functions { .... }score { .... }The last two sections may be repeated as many times as desired. The functions section is alsooptional. Throughout this Scot document, bear in mind that you are free to break up each of thesedivisions into as many lines as seem convenient, or to place a carriage return anywhere you areallowed to insert a space, including before and after the curly brackets. Furthermore, you may useas many spaces or tabs as you need to make the score easy to read. Scot imposes no formattingrestrictions except that numbers, instrument names, and keywords (for example, orchestra) maynot be broken with spaces. You may insert comments (such as measure numbers) anywhere in thescore by preceding them with a semicolon. A semicolon causes Scot to ignore the rest of a line.Orchestra Declaration SectionThe orchestra section of a Scot score serves to designate instrument names for use within thescore. This is a matter of convenience, since an orchestra knows instruments only by numbers,not names. If you declare three instruments, such as:orchestra { flute=1 cello=2 trumpet=3 }Csound will neither know nor care what you have named the note lists. However, when you usethe name $flute, Scot will know you are referring to instr 1 in the orchestra, $cello will refer toinstr 2, and $trumpet will be instr 3. You may meaningfully skip numbers or give severalinstruments the same number. It is up to you to make sure that your orchestra has the correctinstruments and that the association between these names and the instruments is what you intend.There is no limit (or a very high one, at least) as to how many instruments you can declare.

- 68 -Function Declaration SectionThe major purpose of this division is to allow you to declare function tables for waveforms,envelopes, etc. These functions are declared exactly as specified for Csound. In fact, everythingyou type between the brackets in this section will be passed directly to the resulting numeric scorewith no modification, so that mistakes will not be caught by the Scot program, but rather by thesubsequent performance. You can use this section to write notes for instruments for whichtraditional pitch-rhythm notation is inappropriate. The most common example would be turning ona reverb instrument. Instruments referenced in this way need not appear in the Scot orchestradeclaration. Here is a possible function declaration:functions {f1 0 256 10 1 0 .5 0 .3f2 0 256 7 0 64 1 64 .7 64 0i9 0 -1 3; this turns on instr 9}Score SectionThe Scot statements contained inside the braces of each score statement is translated into a numericscore Section (q.v.). It is wise to keep score sections small, say seven or eight measures of fivevoices at a time. This avoids overloading the system, and simplifies error checking.The beginning of the score section is specified by typing:score {Everything which follows until the braces are closed is within a single section. Within this sectionyou write measures of notes in traditional pitch and rhythm notation for any of the instrumentnames listed in your orchestra declaration. These notes may carry additional information such asslurs, ties and parameter fields. Let us now consider the format for notes entered in a Scot score.The first thing to do is name the instrument you want and the desired meter. For example, to writesome 4/4 measures for the cello, type:$cello!ti "4/4"The dollar sign and exclamation point tell Scot that a special declarator follows. The time signaturedeclarator is optional; if present, Scot will check the number of beats in each measure for you.Pitch and RhythmThe two basic components of a note statement are the pitch and duration. Pitch is specified usingthe alphabetic note name, and duration is specified using numeric characters. Duration is indicatedat the beginning of the note as a number representing the division of a whole beat. You mayalways find the number specifying a given duration by thinking of how many times that durationwould fit in a 4/4 measure. Also, if the duration is followed by a dot (‘.’) it is increased by 50%,exactly as in traditional notation. Some sample durations are listed below:whole note1half note 2double dotted quarter4..

- 69 -dotted quarter note4.quarter note4half note triplet 6eighth note 8eighth note triplet 12sixteenth note16thirty-second note 32Pitch is indicated next by first (optionally) specifying the register and then the note name, followedby an accidental if desired. Normally, the "octave following" feature is in effect. This featurecauses any note named to lie within the interval of an augmented fourth of the previous note,unless a new register is chosen. The first note you write will always be within a fourth of middle cunless you choose a different register.For example, if the first note of an instrument part is notated g flat, the scot program assigns thepitch corresponding to the g flat below middle c. On the other hand, if the first note is f sharp, thepitch assigned will be the f sharp above middle c. Changes of register are indicated by a precedingapostrophe for each octave displacement upward or a preceding comma for each octavedisplacement downward. Commas and apostrophes always displace the pitch by the desirednumber of octaves starting from that note which is within an augmented fourth of the previouspitch.If you ever get lost, prefacing the pitch specification with an ‘=’ returns the reference to middle c.It is usually wise to use the equals sign in your first note statement and whenever you feeluncertain as to what the current registration is. Let us now write two measures for the cello part,the first starting in the octave below middle c and the second repeating but starting in the octaveabove middle c:$cello!ti "4/4"4=g 4e 4d 4c/ 4=’g 4e 4d 4cAs you can see, a slash indicates a new measure and we have chosen to use the dummy middle c toindicate the new register. A more convenient way of notating these two measures would be to typethe following:$cello!ti "4/4"4=g e d c/ ’’g e d cYou may observe in this example that the quarter note duration carries to the following notes whenthe following durations are left unspecified. Also, two apostrophes indicate an upward pitchdisplacement of two octaves from two g’s below middle c, where the pitch would have fallenwithout any modification. It is important to remember three things, then, when specifying pitches:1) Note pitches specified by letter name only (with or without accidental) will always fallwithin an interval of a fourth from the preceding pitch.2) These pitches can be octave displaced upward or downward by preceding the note letterwith the desired number of apostrophes or commas.3) If you are unsure of the current register, you may begin the pitch component of the notewith an equals sign which acts as a dummy middle c.

- 70 -The pitch may be modified by an accidental after the note name:nnatural#sharp- (hyphen) flat##double sharp-- (double hyphen) double flatAccidentals are carried throughout the measure just as in traditional music notation. However, anaccidental specified within a measure will hold for that note in all registers, in contrast withtraditional notation. Therefore, make sure to specify n when you no longer want an accidentalapplied to that pitch-class.Pitches entered in the Scot score are translated into the appropriate octave point pitch-class valueand appear as parameter p5 in the numeric score output. This means you must design yourinstruments to accept p5 as pitch.Rests are notated just like notes but using the letter r instead of a pitch name. 4r therefore indicatesa quarter rest and 1r a whole rest. Durations carry from rest to rest or to following pitches asmentioned above.The tempo in beats per minute is specified in each section by choosing a single instrument part andusing tempo statements (e.g. t90) at the various points in the score as needed. A quarter note isinterpreted as a single beat, and tempi are interpolated between the intervening beats (see score tstatement).Scot Example I

- 71 -A Scot encoding of this score might appear as follows:; A BASIC Tuneorchestra{ guitar=1 bass=2 }functions {f1 0 512 10 1 .5 .25 .126f2 0 256 7 1 120 1 8 0 128 1}score{ ;section 1$guitar!ti "4/4"4=c 8d e- f r 4=’c/8.b- 16a a- g g- f 4e- c/$bass2=,,c ’a-/g =,c/}score{ ;section 2$guitar!ti "4/4"6=’c r c 4..c## 16e- /6f r f 4..f## 16b /$bass4=,,c ’g, c ’g/2=a- g /}The score resulting from this Scot notation is shown at the end of this chapter.GroupettesDuration numbers can have any integral value; for instance,!time "4/4"5cdefg/would encode a measure of 5 in the time of 4 quarter notes. However, specification of arbitraryrhythmic groupings in this way is at best awkward. Instead, arbitrary portions of the score sectionmay be enclosed in groupette brackets. The durations of all notes inside groupette brackets will bemultiplied by a fraction n/d, where the musical meaning is d in the time of n. Assuming d and nhere are integers, groupette brackets may take these several forms:{d:n:.... :}d in the time of n{d::.... :}n will be the largest power of 2 less than d{:.... :}d=3, n=2 (normal triplets)It can be seen that the second and third form are abbreviations for the more common kinds ofgroupettes. (Observe the punctuation of each form carefully.) Groupettes may be nested to areasonable depth. Also, groupette factors apply only after the written duration is carried from noteto note. Thus, the following example is a correct specification for two measures of 6/8 time:!time "6/8" 8cde {4:3: fgab :} / crc 4.c /

- 72 -The notes inside the groupette are 4 in the space of 3 8th notes, and the written-8th-note durationcarries normally into the next measure. This closely parallels the way groupette brackets and notedurations interact in standard notation.Slurs and TiesNow that you understand part writing in the Scot language, we can start discussing more elaboratefeatures. Immediately following the pitch specification of each note, one may indicate a slur or atie into the next note (assuming there is one), but not both simultaneously. The slur is typed as asingle underscore (‘_’) and a tie as a double underscore (‘__’). Despite the surface similarity, thereis a substantial difference in the effect of these modifiers.For purposes of Scot, tied notes are notes which, although comprised of several graphic symbols,represent only a single musical event. (Tied notes are necessary in standard music notation forseveral reasons, the most common being notes which span a measure line and notes with durationsnot specifiable with a single symbol, such as quarter note tied to a sixteenth.) Notes which are tiedtogether are summed by duration and output by Scot as a single event. This means you cannot,for example, change the parameters of a note in the middle of a tie (see below). Two or more notesmay be tied together, as in the following example, which plays an f# for eleven beats:!ti "4/4"1 f#__ / 1 f#__ / 2. f# 4r /By contrast, slurred notes are treated as distinct notes at the Csound level, and may be of arbitrarypitch. The presence of a slur is reflected in parameter p4, but the slur has no other meaningbeyond the interpretation of p4 by your instrument. Since instrument design is beyond the scopeof this manual, it will suffice for now to explain that the Scot program gives sets p4 to one of fourvalues depending on the existence of a slur before and after the note in question. This means Scotpays attention not only to the slur attached to a given note, but whether the preceding note specifieda slur. The four possibilities are as follows, where the p4 values are taken to apply to the note ‘d’:4c d (no slur)p4 = 04c d_ (slur after only) p4 = 14c_ d (slur before only)p4 = 24c_ d_ (before & after) p4 = 3ParametersThe information contained in the Scot score notation we have considered so far is manifested in theoutput score in parameters p1 through p5 in the following way:p1:instrument numberp2:initialization time of instrumentp3:durationp4:slur informationp5:pitch information in octave point pitch-class notationAny additional parameters you may want to enter are listed in brackets as the last part of a notespecification. These parameters start with p6 and are separated from each other with spaces. Anyparameters not specified for a particular note have their value carried from the most recentlyspecified value. You may choose to change some parameters and not others, in which case you cantype a dot (‘.’) for parameters whose values don’t change, and new values for those that do.Alternatively, the construction N:, where N is an integer, may be used to indicate that the followingparameter specifications apply to successive parameters starting with parameter N. For example:

- 73 -4e[15000 3 4 12:100 150] g_ d_[10000 . 5] cHere, for the first two quarter notes p6, p7, p8, p12, and p13 respectively assume the values15000, 3, 4, 100, and 150. The values of p9 through p11 are either unchanged, or implicitly zeroif they have never been specified in the current section. On the third quarter note, the value of p6 ischanged to 10000, and the value of p8 is changed to 5. All others are unchanged.Normally, parameter values are treated as globals�that is, a value specification will carry tosuccessive notes if no new value is specified. However, if a parameter specification begins withan apostrophe, the value applies locally to the current note only, and will not carry to successivenotes either horizontally or vertically (see divisi below).Pfield MacrosScot has a macro text substitution facility which operates only on the pfield specification textwithin brackets. It allows control values to be specified symbolically rather than numerically.Macro definitions appear inside brackets in the orchestra section. A single bracketed list of macrodefinitions preceding the first instrument declaration defines macros which apply to all instruments.An additional bracketed list of definitions may follow each instrument to specify macros that applyto that particular instrument.orchestra {[ pp=2000 p=4000 mp=7000 mf=10000 f=20000 ff=30000 modi = 11: w = 1 x = 2 y = 3 z = 4 vib = "10:1 " novib = "10:0 1"]violin = 1[ pizz = " 20:1" arco = " 20:0" ]serpent = 3[ ff = 25000 sfz = ’f sffz = ’ff]}score { $violin = 4c[mf modi z.y novib] d e a[’f vib3] /8 b[pizz]c 4d[f] 2c[ff arco] / $serpent =, 4.c[mp modi y.x] 8b 2c /’g[f ], c[ff] /}As can be seen from this example, a macro definition consists of the macro name, which is a stringof alphabetic characters, followed by an equal sign, followed by the macro value. As usual,spaces, tabs, and newlines may be used freely. The macro value may contain arbitrary characters,and may be quoted if spacing characters need to be included.When a macro name is encountered in bracketed pfield lists in a score section, that name is replacedwith the macro text with no additional punctuation supplied. The macro text may itself invokeother macros, although it is a serious error for a macro to contain itself, directly or indirectly.Since macro names are identified as strings of alphabetic characters, and no additional spaces areprovided when a macro is expanded, macros may easily perform such concatenations as found inthe first serpent note above, where the integer and fractional parts of a single pfield are constructed.Also, a macro may do no more than define a symbolic pfield, as in the definition of modi. Theprimary intention of macros is in fact not only to reduce the number of characters required, but alsoto enable symbolic definitions of parameter numbers and parameter values. For instance, aparticular instrument’s interpretation of the dynamic ff can be changed merely by changing a macrovalue, rather than changing all occurrences of that particular value in the score.

- 74 -DivisiNotes may be stacked on top of each other by using a back arrow (‘<’) between the notes of thedivisi. Each time Scot encounters a back arrow, it understands that the following note is to start atthe same time as the note to the left of the back arrow. Durations, accidentals and parameters carryfrom left to right through the divisi. Each time these are given new values, the notes to the right ofthe back arrows also take on the new values unless they are specified again.When writing divisi you can stack compound events by enclosing them in parentheses. Also,divisi which occur at the end of the measure must have the proper durations or the scot programwill mis-interpret the measure duration length.Scot Example IIScot encoding:orchestra { right=1 left=2 }functions { f1 0 256 10 1}score {$right !key "-b"; since p5 is pitch, p7 is set to the pitch of next note!ti "2/4"!next p5 "p7";since p5 is pitch, p7 refers to pitch of next note!next p6 "p8";If p6 is vol, say, then p8 refers to vol of next notet908r c[3 np5]<e<=’g r c<f<a / t90 r d-<g<b r =c[5]<f<a__ /!ti "4/4"t804d_<f__<(8a g__) 4c<(8fe)<4g 4.c<f<f 8r/$left !key "-b"!next p5 "p7"!next p6 "p8"!ti "2/4"8=,c[3 np5] r f r/ e r f r/!ti "4/4"2b_[5]<(4=,b_c) 4.a<f 8r/}Notice in this example that tempo statements occurred in instrument ‘right’ only. Also, all noteshad p6=3 until the third measure, at which point p6 took on the value 5 for all notes. The nextparameter option used is described in Additional Features. The output score is given at the end.

- 75 -Additional FeaturesSeveral options can be included in any of the individual instrument parts within a section. Asample statement follows the description of each option. The keyword which follows the ‘!’ inthese statements may be abbreviated to the first two characters.Key SignaturesAny desired key signature is specified by listing the accidentals as they occur in a key signaturestatement. Thereafter, all notes of that instrument part are sharpened or flattened accordingly. Forexample, for the key of D, type!key "#fc"Accidental FollowingAccidental following may be turned on or off as needed. When turned off, accidentals no longercarry throughout the measure as in traditional notation. This convention is sometimes used incontemporary scores.!accidentals "off"Octave FollowingTurning off octave following indicates that pitches stay in the same absolute octave register untilexplicitly moved. An absolute octave starts at pitch c and ends at the b above it. The octavemiddle-c-to-b is indicated with an equals sign (‘=’) and octave displacement is indicated with theappropriate number of commas or apostrophes. These displacements are cummulative. Forexample,!octaves "off"4=’c g b ’cstarts at the c above middle c and ends at two c’s above middle c.Vertical FollowingTurning off vertical following means that durations, register, and parameters only carryhorizontally from note to note and not vertically as described in the section on divisi.!vertical "off"TranspositionAny instrument part can be transposed to another key by indicating the intervalic differencebetween the notated key and the desired key. This difference is always taken with reference tomiddle c - to transpose a whole step upward, for example, type!transpose "d"This indicates that the part is transposed by the interval difference between middle c and d.

- 76 -Next-value and Previous-value ParameteresIn order to play a note, it is sometimes necessary for an instrument to know what value one ormore parameters will have for the next note. For instance, an instrument might be designed whichglisses during the last portion of its performance (perhaps only when a slur is indicated) from itswritten pitch to the pitch of the next note. This can only be done, of course, if the instrument canknow what the pitch of the next note will be.The necessary information can be provided using next-value parameters. A next value parametermight be declared by!next p5 "p6"which is interpreted to mean that for the current instrument, p6 will contain the next note’s p5value. This holds true globally for all occurences of this instrument until further modifications. Iffor any reason you wish to override this value, p6 may be filled in explicitly. This is sometimesuseful for the last note of a section, for which p6 will otherwise assume the p5 value for the currentnote. The next-value feature is illustrated in the Scot example II.The necessary information may also be provided using standard numeric score next-valueparameters. A parameter argument containing the symbol npx (where x is an integer) willsubstitute parameter number x of the following note for that instrument. Similarly, the value of aparameter occurring during the previous note may be referenced with the symbol ppx (where x isan integer). Details of the next- and previous-value parameter feature may be found in theNumeric Scores section.RampingPfields containing the symbol < will be replaced by values derived from linear interpolation of atime-based ramp. Ramp endpoints are defined by the first real number found in the same pfield ofa preceding and following note played by the same instrument. Details of the ramping feature arelikewise found in the Numeric Scores section.f0 StatementsIn each score section, Scot automatically produces an f0 statement with a p2 equal to the endingtime of the last note or rest in the section. Thus, ‘dead time’ at the end of a section forreverberation decay or whatever purpose may be specified musically by rests in one or more parts.See the eighth rest at the end of Scot example II and its output score shown below.

- 77 -Output ScoresOutput file score from Scot Example I.f1 0 512 10 1 .5 .25 .126f2 0 256 7 1 120 1 8 0 128 1i1.01 0 1 0 8.00i1.01 1 0.5 0 8.02i1.01 1.5 0.5 0 8.03i1.01 2 0.5 0 8.05i1.01 3 1 0 9.00i1.01 4 0.75 0 8.10i1.01 4.75 0.25 0 8.09i1.01 5 0.25 0 8.08i1.01 5.25 0.25 0 8.07i1.01 5.5 0.25 0 8.06i1.01 5.75 0.25 0 8.05i1.01 6 1 0 8.03i1.01 7 1 0 8.00i2.01 0 2 0 6.00i2.01 2 2 0 6.08i2.01 4 2 0 6.07i2.01 6 2 0 7.00t0 60f0 8si1.01 0 0.6667 0 9.00i1.01 1.3333 0.6667 0 9.00i1.01 2 1.75 0 9.02i1.01 3.75 0.25 0 9.03i1.01 4 0.6667 0 9.05i1.01 5.3333 0.6667 0 9.05i1.01 6 1.75 0 9.07i1.01 7.75 0.25 0 9.09i2.01 0 1 0 6.00i2.01 1 1 0 6.07i2.01 2 1 0 6.00i2.01 3 1 0 6.07i2.01 4 2 0 7.08i2.01 6 2 0 7.07t0 60f0 8s

- 78 -Output file score from Scot Example II.f1 0 256 10 1c r1 n 7 5c r1 n 8 6i1.01 0.5000 0.5000 0 8.00 3 8.00 3i1.02 0.5000 0.5000 0 8.04 3 8.05 3i1.03 0.5000 0.5000 0 8.07 3 8.09 3i1.01 1.5000 0.5000 0 8.00 3 8.01 3i1.02 1.5000 0.5000 0 8.05 3 8.07 3i1.03 1.5000 0.5000 0 8.09 3 8.10 3i1.01 2.5000 0.5000 0 8.01 3 8.00 5i1.02 2.5000 0.5000 0 8.07 3 8.05 5i1.03 2.5000 0.5000 0 8.10 3 8.09 5i1.01 3.5000 0.5000 0 8.00 5 8.02 5i1.02 3.5000 0.5000 0 8.05 5 8.05 5i1.01 4.0000 1.0000 1 8.02 5 8.00 5i1.03 3.5000 1.0000 0 8.09 5 8.07 5i1.01 5.0000 1.0000 2 8.00 5 8.00 5i1.02 4.0000 1.5000 0 8.05 5 8.04 5i1.02 5.5000 0.5000 0 8.04 5 8.05 5i1.03 4.5000 1.5000 0 8.07 5 8.05 5i1.01 6.0000 1.5000 0 8.00 5 8.00 5i1.02 6.0000 1.5000 0 8.05 5 8.05 5i1.03 6.0000 1.5000 0 8.05 5 8.05 5c r2 n 7 5c r2 n 8 6i2.01 0.0000 0.5000 0 7.00 3 7.05 3i2.01 1.0000 0.5000 0 7.05 3 7.04 3i2.01 2.0000 0.5000 0 7.04 3 7.05 3i2.01 3.0000 0.5000 0 7.05 3 7.10 5i2.01 4.0000 2.0000 1 7.10 5 7.09 5i2.02 4.0000 1.0000 1 6.10 5 7.00 5i2.02 5.0000 1.0000 2 7.00 5 7.05 5i2.01 6.0000 1.5000 2 7.09 5 7.09 5i2.02 6.0000 1.5000 0 7.05 5 7.05 5t0 60 0.0000 90.0000 2.0000 90.0000 4.0000 80.0000 4.0000 90.0000f0 8.0000se

- 79 -6. The Unix CSOUND Commandcsound is a command for passing an orchestra file and score file to Csound to generate asoundfile. The score file can be in one of many different formats, according to user preference.Translation, sorting, and formatting into orchestra-readable numeric text is handled by variouspreprocessors; all or part of the score is then sent on to the orchestra. Orchestra performance isinfluenced by command flags, which set the level of displays and console reports, specify 1/0filenames and sample formats, and declare the nature of realtime sensing and control.The format of a command is:csound [-flags] orchname scorenamewhere the arguments are of 2 types: flag arguments (beginning with a "-"), and name arguments(such as filenames). Certain flag arguments take a following name or numeric argument. Theavailable flags are:-I, -nsound output inhibitors-iName, -oNamesound I/O filenames-bNumb, -BNumb, -haudio buffers & header control-A, -c, -a, -u, -s, -1, -faudio output formats-v, -mNumb, -d, -gmessage & display levels-S, -xName, -tNumbscore formats & tempo control-LNameline-oriented realtime event stream-MName, -FName, -PNumbMIDI event streams-N, -Tnotify or terminate when doneFlags may appear anywhere in the command line, either separately or bundled together. A flagtaking a Name or Number will find it in that argument, or in the immediately subsequent one. Thefollowing are thus equivalent commands:csound -nm3 orchname -Sxxfilename scorenamecsound -n -m 3 orchname -x xfilename -S scorenameAll flags and names are optional. The default values are:csound -s -otest -b1024 -B1024 -m7 -P128 orchname scorenamewhere orchname is a file containing Csound orchestra code,and scorename is a file of score data in standard numeric score format, optionallypresorted and time-warped. If scorename is omitted, there are two default options:1) if realtime input is expected (-L, -M or -F), a dummy scorefile is substitutedconsisting of the single statement ’f 0 3600’ (i.e. listen for RT input for one hour);2) else csound uses the previously processed score.srt in the current directory.Csound reports on the various stages of score and orchestra processing as it goes, doing varioussyntax and error checks along the way. Once the actual performance has begun, any errormessages will derive from either the instrument loader or the unit generators themselves. Acsound command may include any rational combination of the following flag arguments, withdefault values as described:

- 80 -csound -II-time only. Allocate and initialize all instruments as per the score, but skip all P-time processing(no k-signals or a-signals, and thus no amplitudes and no sound). Provides a fast validity check ofthe score pfields and orchestra i-variables.csound -nNosound. Do all processing, but bypass writing of sound to disk. This flag does not change theexecution in any other way.csound -i isfnameInput soundfile name. If not a full pathname, the file will be sought first in the current directory,then in that given by the environment variable SSDIR (if defined), then by SFDIR. The namestdin will cause audio to be read from standard input. If RTAUDIO is enabled, the name devaudiowill request sound from the host audio input device.csound -o osfnameOutput soundfile name. If not a full pathname, the soundfile will be placed in the directory givenby the environment variable SFDIR (if defined), else in the current directory. The name stdout willcause audio to be written to standard output. If no name is given, the default name will be test. IfRTAUDIO is enabled, the name devaudio will send to the host audio output device.csound -b NumbNumber of audio sample-frames per soundio software buffer. Large is efficient, but small willreduce audio I/O delay. The default is 1024. In realtime performance, Csound waits onaudio I/O on Numb boundaries. It also processes audio (and polls for other input like MIDI) onorchestra ksmps boundaries. The two can be made synchronous. For convenience, if Numb = -N(is negative) the effective value is ksmps * N (audio synchronous with k-period boundaries).With N small (e.g. 1) polling is then frequent and also locked to fixed DAC sample boundaries.csound -B NumbNumber of audio sample-frames held in the DAC hardware buffer. This is a threshold on whichsoftware audio I/O (above) will wait before returning. A small number reduces audio I/O delay;but the value is often hardware limited, and small values will risk data lates. The default is 1024.csound -hNo header on output soundfile. Don’t write a file header, just binary samples.c s o u n d {-c, -a, -u, -s, -l, -f}Audio sample format of the output soundfile. One of:c8-bit signed charactera8-bit a-lawu8-bit u-lawsshort integerllong integerfsingle-precision float (not playable, but can be read by -i, soundin and GEN01)csound - A Write an AIFF output soundfile. Restricts the above formats to c, s, or l.csound - v Verbose translate and run. Prints details of orch translation and performance, enabling errors to bemore clearly located.

- 81 -csound -m NumbMessage level for standard (terminal) output. Takes the sum of 3 print control flags, turned on bythe following values: 1 = note amplitude messages, 2 = samples out of range message, 4 =warning messages. The default value is m7 (all messages on).csound -dSuppress all displays.csound - g Recast graphic displays into ascii characters, suitable for any terminal.csound - S Interpret scorename as a Scot file and create a standard score file (named "score") from it, then sortand perform that.csound -x xfileExtract a portion of the sorted score score.srt, according to xfile (see extract below).csound -t NumbUse the uninterpreted beats of score.srt for this performance, and set the initial tempo at Numbbeats per minute. When this flag is set, the tempo of score performance is also controllable fromwithin the orchestra (see the tempo unit).csound -L devnameRead Line-oriented realtime score events from device devname. The name stdin will permit scoreevents to be typed at your terminal, or piped from another process. Each line-event is terminatedby a carriage-return. Events are coded just like those in a standard numeric score, except that anevent with p2=0 will be performed immediately, and an event with p2=T will be performed Tseconds after arrival. Events can arrive at any time, and in any order. The score carry feature islegal here, as are held notes (p3 negative) and string arguments, but ramps and pp or np referencesare not.csound -M devnameRead MIDI events from device devname.csound -F mfnameRead MIDI events from midifile mfname.csound -P NumbSet MIDI sustain pedal threshold (0 - 128). The official switch value of 64 is normally too low,and is more realistic above 100. The default value of 128 will block all pedal info.csound - N Notify (ring the bell) when score or miditrack is done.csound -TTerminate the performance when miditrack is done.

- 82 -The EXTRACT featureThis feature will extract a segment of a sorted numeric score file according to instructions takenfrom a control file. The control file contains an instrument list and two time points, from and to, inthe form:instruments 1 2 from 1:27.5 to 2:2The component labels may be abbreviated as i, f and t. The time points denote the beginning andend of the extract in terms of:[section no.] : [beat no.].each of the three parts is also optional. The default values for missing i, f or t are:all instruments, beginning of score, end of score.extract reads an orchestra-readable score file and produces an orchestra-readable result.Comments, tabs and extra spaces are flushed, w and a statements are added and an f0 reflectingthe extract length is appended to the output. Following an extract process, the abbreviated scorewill contain all function table statements, together with just those note statements that occur in thefrom-to interval specified. Notes lying completely in the interval will be unmodified; notes that lieonly partly within will have their p3 durations truncated as necessary.Independent PreprocessingAlthough the result of all score preprocessing is retained in the file score.srt after orchestraperformance (it exists as soon as score preprocessing has completed), the user may sometimeswant to run these phases independently. The commandscot filenamewill process the Scot formatted filename, and leave a standard numeric score result in a file namedscore for perusal or later processing.The commandscscort < infile > outfilewill put a numeric score infile through Carry, Tempo, and Sort preprocessing, leaving the result inoutfile.Likewise extract, also normally invoked as part of the csound command, can be invoked as astandalone program:extract xfile < score.sort > score.extractThis command expects an already sorted score. An unsorted score should first be sent throughscsort then piped to the extract program:scsort < scorefile | extract xfile > score.extract

- 83 -Appendix 1: CSCORECscore is a standalone program for generating and manipulating numeric score files. It comprisesa number of function subprograms, called into operation by a user-written main program. Thefunction programs augment the C language library functions; they can optionally read standardnumeric score files, can massage and expand the data in various ways, then write the data out as anew score file to be read by a Csound orchestra.The user-written main program is also in C. It is not essential to know the C language well towrite a main program, since the function calls have a simple syntax, and are powerful enough to domost of the complicated work. Additional power can come from C later as the need arises.Events, Lists, and OperationsAn event in Cscore is equivalent to one statement of a standard numeric score. It is either createdor read in from an existing score file. An event is comprised of an opcode and an array of pfieldvalues stored somewhere in memory. Storage is organized by the following structure:struct event {char op; /* opcode */char tnum;short pcnt;float p[PMAX+1]; /* pfields */};Any function subprogram that creates, reads, or copies an event function will return a pointer to thestorage structure holding the event data. The event pointer can be used to access any component ofthe structure, in the form of e->op or e->p[n]. Each newly stored event will give rise to a newpointer, and a sequence of new events will generate a sequence of distinct pointers that mustthemselves be stored. Groups of event pointers are stored in a list, which has its own structure:struct evlist {int nslots;/* size of this list */struct event *e[1]; /* list of event pointers */};Any function that creates or modifies a list will return a pointer to the new list. The list pointer canbe used to access any of its component event pointers, in the form of a->e[n]. Event pointers andlist pointers are thus primary tools for manipulating the data of a score file.Pointers and lists of pointers can be copied and reordered without modifying the data values theyrefer to. This means that notes and phrases can be copied and manipulated from a high level ofcontrol. Alternatively, the data within an event or group of events can be modified withoutchanging the event or list pointers. Cscore provides a library of programming methods orfunction subprograms by which scores can be created and manipulated in this way.In the following summary of Cscore function calls, some simple naming conventions are used:the symbols e, f are pointers to events (notes);the symbols a, b are pointers to lists (arrays) of such events;the letters ev at the end of a function name signify operation on an event;the letter l at the start of a function name signifies operation on a list.

- 84 - calling syntax descriptione = createv(n);create a blank event with n pfieldse = defev("...");defines an event as per the character string ...e = copyev(f);make a new copy of event fe = getev();read the next event in the score input fileputev(e); write event e to the score output fileputstr("...");write the character string ... to score outputa = lcreat(n);create an empty event list with n slotsa = lappev(a,e); append event e to list an = lcount(a);count the events now in list aa = lcopy(b);copy the list b (but not the events)a = lcopyev(b);copy the events of b, making a new lista = lget();read events from score input (to next s or e)lput(a); write the events of list a to score outputa = lsepf(b);separate the f statements from list b into list aa = lcat(a,b);concatenate (append) the list b onto the list alsort(a); sort the list a into chronological order by p[2]a = lxins(b,"..."); extract notes of instruments ... (no new events)a = lxtimev(b,from,to);extract notes of time-span, creating new eventsrelev(e); release the space of event elrel(a); release the space of list a (but not events)lrelev(a); release the events of list a, and the list spaceWriting a Main program.The general format for a main program is:#include <csound/cscore.h>main(){/* VARIABLE DECLARATIONS *//* PROGRAM BODY*/}The include statement will define the event and list structures for the program. The following Cprogram will read from a standard numeric score, up to (but not including) the first s or estatement, then write that data (unaltered) as output.#include <csound/cscore.h>main(){struct evlist *a;/* a is allowed to point to an event list */a = lget();/* read events in, return the list pointer */lput(a);/* write these events out (unchanged) */putstr("e");/* write the string e to output */}

- 85 -After execution of lget(), the variable a points to a list of event addresses, each of which points to astored event. We have used that same pointer to enable another list function (lput) to access andwrite out all of the events that were read. If we now define another symbol e to be an eventpointer, then the statemente = a->e[4];will set it to the contents of the 4th slot in the evlist structure. The contents is a pointer to an event,which is itself comprised of an array of parameter field values. Thus the term e->p[5] will meanthe value of parameter field 5 of the 4th event in the evlist denoted by a. The program below willmultiply the value of that pfield by 2 before writing it out.#include <csound/cscore.h>main(){struct event *e; /* a pointer to an event */struct evlist *a;a = lget();/* read a score as a list of events*/e = a->e[4];/* point to event 4 in event list \fIa\fR */e->p[5] *= 2;/* find pfield 5, multiply its value by 2 */lput(a); /* write out the list of events*/putstr("e");/* add a "score end" statement*/}Now consider the following score, in which p[5] contains frequency in cps.f 1 0 257 10 1f 2 0 257 7 0 300 1 212 .8i 1 1 3 0 440 10000i 1 4 3 0 256 10000i 1 7 3 0 880 10000eIf this score were given to the preceding main program, the resulting output would look like this:f 1 0 257 10 1f 2 0 257 7 0 300 1 212 .8i 1 1 3 0 440 10000i 1 4 3 0 512 10000; p[5] has become 512 instead of 256.i 1 7 3 0 880 10000eNote that the 4th event is in fact the second note of the score. So far we have not distinguishedbetween notes and function table setup in a numeric score. Both can be classed as events. Alsonote that our 4th event has been stored in e[4] of the structure. For compatibility with Csoundpfield notation, we will ignore p[0] and e[0] of the event and list structures, storing p1 in p[1],event 1 in e[1], etc. The Cscore functions all adopt this convention.As an extension to the above, we could decide to use a and e to examine each of the events in thelist. Note that e has not preserved the numeral 4, but the contents of that slot. To inspect p5 of theprevious listed event we need only redefine e with the assignmente = a->e[3];

- 86 -More generally, if we declare a new variable f to be a pointer to a pointer to an event, the statementf = &a->e[4];will set f to the address of the fourth event in the event list a, and *f will signify the contents of theslot, namely the event pointer itself. The expression(*f)->p[5],like e->p[5], signifies the fifth pfield of the selected event. However, we can advance to the nextslot in the evlist by advancing the pointer f. In C this is denoted by f++.In the following program we will use the same input score. This time we will separate the ftablestatements from the note statements. We will next write the three note-events stored in the list a,then create a second score section consisting of the original pitch set and a transposed version ofitself. This will bring about an octave doubling.By pointing the variable f to the first note-event and incrementing f inside a while block whichiterates n times (the number of events in the list), one statement can be made to act upon the samepfield of each successive event.#include <csound/cscore.h>main(){struct event *e,**f;/* declarations. see pp.8-9 in the */struct evlist *a,*b;/* C language programming manual */int n;a = lget();/* read score into event list "a" */b = lsepf(a);/* separate f statements */lput(b); /* write f statements out to score */lrelev(b); /* and release the spaces used */e = defev("t 0 120");/* define event for tempo statement */putev(e); /* write tempo statement to score */lput(a); /* write the notes */putstr("s");/* section end */putev(e); /* write tempo statement again */b = lcopyev(a);/* make a copy of the notes in "a" */n = lcount(b);/* and count the number copied */f = &a->e[1];while (n--)/* iterate the following line n times: */ (*f++)->p[5] *= .5;/* transpose pitch down one octave */a = lcat(b,a);/* now add these notes to original pitches */lput(a);putstr("e");}The output of this program is:f 1 0 257 10 1f 2 0 257 7 0 300 1 212 .8t 0 120i 1 1 3 0 440 10000

- 87 -i 1 4 3 0 256 10000i 1 7 3 0 880 10000st 0 120i 1 1 3 0 440 10000i 1 4 3 0 256 10000i 1 7 3 0 880 10000i 1 1 3 0 220 10000i 1 4 3 0 128 10000i 1 7 3 0 440 10000eNext we extend the above program by using the while statement to look at p[5] and p[6]. In theoriginal score p[6] denotes amplitude. To create a diminuendo in the added lower octave, which isindependent from the original set of notes, a variable called dim will be used.#include <csound/cscore.h>main(){struct event *e,**f;struct evlist *a,*b;int n, dim;/* declare new variable as integer */a = lget();b = lsepf(a);lput(b);lrelev(b);e = defev("t 0 120");putev(e);lput(a);putstr("s");putev(e);/* write out another tempo statement */b = lcopyev(a);n = lcount(b);dim = 0;/* initialize dim to 0 */f = &a->e[1];while (n--){ (*f)->p[6] -= dim; /* subtract current value of dim */ (*f++)->p[5] *= .5;/* transpose, move f to next event */ dim += 2000;/* increase dim for each note */}a = lcat(b,a);lput(a);putstr("e");}The increment of f in the above programs has depended on certain precedence rules of C.Although this keeps the code tight, the practice can be dangerous for beginners. Incrementing mayalternately be written as a separate statement to make it more clear.while (n--){ (*f)->p[6] -= dim; (*f)->p[5] *= .5; dim += 2000;

- 88 - f++;}Using the same input score again, the output from this program is:f 1 0 257 10 1f 2 0 257 7 0 300 1 212 .8t 0 120i 1 1 3 0 440 10000i 1 4 3 0 256 10000i 1 7 3 0 880 10000st 0 120i 1 1 3 0 440 10000; Three original notes ati 1 4 3 0 256 10000; beats 1,4 and 7 with no dim.i 1 7 3 0 880 10000i 1 1 3 0 220 10000; three notes transposed down one octavei 1 4 3 0 128 8000 ; also at beats 1,4 and 7 with dim.i 1 7 3 0 440 6000eIn the following program the same three-note sequence will be repeated at various time intervals.The starting time of each group is determined by the values of the array cue. This time the dim willoccur for each group of notes rather than each note. Note the position of the statement whichincrements the variable dim outside the inner while block.#include <csound/cscore.h>int cue[3]={0,10,17};/* declare array of 3 integers */main(){struct event *e, **f;struct evlist *a, *b;int n, dim, cuecount, holdn;/* declare new variables */a = lget();b = lsepf(a);lput(b);lrelev(b);e = defev("t 0 120");putev(e);n = lcount(a);holdn = n;/* hold the value of "n" to reset below */cuecount = 0;/* initilize cuecount to "0" */dim = 0;while (cuecount <= 2) {/* count 3 iterations of inner "while" */ f = &a->e[1];/* reset pointer to first event of list "a" */ n = holdn;/* reset value of "n" to original note count */ while (n--) {(*f)->p[6] -= dim;(*f)->p[2] += cue[cuecount]; /* add values of cue */f++; }

- 89 - printf("; diagnostic: cue = %d\n", cue[cuecount]); cuecount++; dim += 2000; lput(a);}putstr("e");}Here the inner while block looks at the events of list a (the notes) and the outer while block looksat each repetition of the events of list a (the pitch group repetitions). This program alsodemonstrates a useful trouble-shooting device with the printf function. The semi-colon is first inthe character string to produce a comment statement in the resulting score file. In this case thevalue of cue is being printed in the output to insure that the program is taking the proper arraymember at the proper time. When output data is wrong or error messages are encountered, theprintf function can help to pinpoint the problem.Using the identical input file, the C program above will generate:f 1 0 257 10 1f 2 0 257 7 0 300 1 212 .8t 0 120; diagnostic: cue = 0i 1 1 3 0 440 10000i 1 4 3 0 256 10000i 1 7 3 0 880 10000; diagnostic: cue = 10i 1 11 3 0 440 8000i 1 14 3 0 256 8000i 1 17 3 0 880 8000; diagnostic: cue = 17i 1 28 3 0 440 4000i 1 31 3 0 256 4000i 1 34 3 0 880 4000eFurther development of these scores will lead the composer to techniques of score manipulationwhich are similar to serial techniques of composition. Pitch sets may be altered with regard to anyof the parameter fields. The programing allows transpositions, time warping, pitch retrogradingand dynamic controls, to name a few.Compiling a Cscore programA Cscore program example.c is compiled and linked with its library modules by the command:$ cc -o myprog example.c -lcscoreThe resulting executable file myprog is run by typing:$ myprog(no input, output printed on the screen)$ myprog < scorin(input score named \fIscorin\fR, output on screen)$ myprog < scorin > scorout (input as above, output into a file)

- 90 -

- 91 -Appendix 2: An Instrument Design Tutorialb y Richard BoulangerBerklee College of MusicCsound instruments are created in an �orchestra� file, and the list of notes to play is written in aseparate �score� file. Both are created using a standard word processor. When you run Csoundon a specific orchestra and score, the score is sorted and ordered in time, the orchestra is translatedand loaded, the wavetables are computed and filled, and then the score is performed. The scoredrives the orchestra by telling the specific instruments when and for how long to play, and whatparameters to use during the course of each note event.Unlike today�s commercial hardware synthesizers, which have a limited set of oscillators, envelopegenerators, filters, and a fixed number of ways in which these can be interconnected, Csound’spower is not limited. If you want an instrument with hundreds of oscillators, envelope generators,and filters you just type them in. More important is the freedom to interconnect the modules, andto interrelate the parameters which control them. Like acoustic instruments, Csound instrumentscan exhibit a sensitivity to the musical context, and display a level of �musical intelligence� towhich hardware synthesizers can only aspire.Because the intent of this tutorial is to familiarize the novice with the syntax of the language, wewill design several simple instruments. You will find many instruments of the sophisticationdescribed above in various Csound directories, and a study of these will reveal Csound’s realpower.The Csound orchestra file has two main parts: 1. the �header� section - defining the sample rate, control rate, and number of output channels. 2. the �instrument� section - in which the instruments are designed.The Header Section: A Csound orchestra generates signals at two rates - an audio sample rateand a control sample rate. Each can represent signals with frequencies no higher than half that rate,but the distinction between audio signals and sub-audio control signals is useful since it allowsslower moving signals to require less compute time. In the header below, we have specified asample rate of 16kHz, a control rate of 1kHz, and then calculated the number of samples in eachcontrol period using the formula: ksmps = sr / kr.sr = 16000kr = 1000ksmps= 16nchnls= 1In Csound orchestras and scores, spacing is arbitrary. It is important to be consistent in laying outyour files, and you can use spaces to help this. In the Tutorial Instruments shown below you willsee we have adopted one convention. The reader can choose his or her own.The Instrument Section: All instruments are numbered and are referenced thus in the score.Csound instruments are similar to patches on a hardware synthesizer. Each instrument consists ofa set of �unit generators,� or software �modules,� which are �patched� together with �i/o� blocks� i, k, or a variables. Unlike a hardware module, a software module has a number of variable"arguments" which the user sets to determine its behavior. The four types of variables are:setup onlyi-rate variables, changed at the note ratek-rate variables, changed at the control signal ratea-rate variables, changed at the audio signal rate

- 92 -Orchestra Statements: Each statement occupies a single line and has the same basic format:resultactionargumentsTo include an oscillator in our orchestra, you might specify it as follows:a1oscil10000, 440, 1The three "arguments" for this oscillator set its amplitude (10000), its frequency (440Hz), and itswaveshape (1). The output is put in i/o block "a1." This output symbol is significant inprescribing the rate at which the oscillator should generate output�here the audio rate. We couldhave named the result anything (e.g. "asig") as long as it began with the letter "a".Comments: To include text in the orchestra or score which will not be interpreted by theprogram, precede it with a semicolon. This allows you to fully comment your code. On each line,any text which follows a semicolon will be ignored by the orchestra and score translators.Tutorial InstrumentsToot 1: Play One NoteFor this and all instrument examples below, there exist orchestra and score files in the Csoundsubdirectory tutorfiles that the user can run to soundtest each feature introduced. The instrumentcode shown below is actually preceded by an orchestra header section similar to that shown above.If you are running on a RISC computer, each example will likely run in realtime. During playback(realtime or otherwise) the audio rate may automatically be modified to suit the local d-a converters.The first orchestra file, called toot1.orc, contains a single instrument which uses an oscil unit toplay a 440Hz sine wave (defined by f1 in the score) at an amplitude of 10000.instr 1 a1oscil10000, 440, 1 outa1endinRun this with its corresponding score file, toot1.sco : f104096101; use "gen1" to compute a sine wave i104; run "instr 1" from time 0 for 4 seconds e; indicate the "end" of the scoreToot 2: �P-Fields�The first instrument was not interesting because it could play only one note at one amplitude level.We can make things more interesting by allowing the pitch and amplitude to be defined byparameters in the score. Each column in the score constitutes a parameter field, numbered from theleft. The first three parameter fields of the i-statement have a reserved function:p1 = instrument numberp2 = start timep3 = duration

- 93 -All other parameter fields are determined by the way the sound designer defines his instrument. Inthe instrument below, the oscillator’s amplitude argument is replaced by p4 and the frequencyargument by p5. Now we can change these values at i-time, i.e. with each note in the score. Theorchestra and score files now look like:instr2 a1oscilp4, p5, 1; p4=ampout a1; p5=freqendinf104096101 ; sine wave; instrumentstart duration amp(p4)freq(p5)i201 2000 880i21.51 4000440i231 8000220i24.51 16000110i261 3200055 eToot 3: EnvelopesAlthough in the second instrument we could control and vary the overall amplitude from note tonote, it would be more musical if we could contour the loudness during the course of each note.To do this we’ll need to employ an additional unit generator linen, which the Csound referencemanual defines as follows:krlinenkamp, irise, idur, idecarlinenxamp, irise, idur, ideclinen is a signal modifier, capable of computing its output at either control or audio rates. Sincewe plan to use it to modify the amplitude envelope of the oscillator, we’ll choose the latter version.Three of linen’s arguments expect i-rate variables. The fourth expects in one instance a k-ratevariable (or anything slower), and in the other an x-variable (meaning a-rate or anything slower).Our linen we will get its amp from p4.The output of the linen (k1) is patched into the kamp argument of an oscil. This applies anenvelope to the oscil. The orchestra and score files now appear as:instr 3 k1 linenp4, p6, p3, p7 ; p4=amp a1 oscilk1, p5, 1 ; p5=freqouta1 ; p6=attack timeendin; p7=release time f1 0 4096 10 1 ; sine wave; instr start duration amp(p4) freq(p5) attack(p6) release(p7) i30110000 440 .05.7 i31.5110000 440 .9 .1 i331 5000 880 .02.99 i34.51 5000 880.7.01 i36 220000 220 .5.5e

- 94 -Toot 4: ChorusingNext we’ll animate the basic sound by mixing it with two slightly detuned copies of itself. We’llemploy Csound’s "cpspch" value converter which will allow us to specify the pitches by octaveand pitch-class rather than by frequency, and we’ll use the "ampdb" converter to specify loudnessin dB rather than linearly.Since we are adding the outputs of three oscillators, each with the same amplitude envelope, we’llscale the amplitude before we mix them. Both �iscale� and �inote� are arbitrary names to make thedesign a bit easier to read. Each is an i-rate variable, evaluated when the instrument is initialized.instr 4; toot4.orc iamp = ampdb(p4); convert decibels to linear amp iscale = iamp * .333; scale the amp at initialization inote = cpspch(p5) ; convert �octave.pitch� to cps k1lineniscale, p6, p3, p7; p4=amp a3oscilk1, inote*.996, 1 ; p5=freq a2oscilk1, inote*1.004, 1; p6=attack time a1oscilk1, inote, 1; p7=release time a1=a1 + a2 + a3outa1endin f1 0 4096 10 1 ; sine wave; instr start duration amp(p4) freq(p5) attack(p6) release(p7) i4 01 75 8.04.1 .7 i4 11 70 8.02.07 .6 i4 21 75 8.00.05 .5 i4 3 1 70 8.02.05 .4 i4 41 85 8.04.1 .5 i4 51 80 8.04 .05 .5 i4 62 90 8.04 .03 1eToot 5: VibratoTo add some delayed vibrato to our chorusing instrument we use another oscillator for the vibratoand a line segment generator, linseg, as a means of controlling the delay. linseg is a k-rate or a-rate signal generator which traces a series of straight line segments between any number ofspecified points. The Csound manual describes it as:krlinseg ia, idur1, ib[, idur2, ic[...]]arlinseg ia, idur1, ib[, idur2, ic[...]]Since we intend to use this to slowly scale the amount of signal coming from our vibrato oscillator,we’ll choose the k-rate version. The i-rate variables: ia, ib, ic, etc., are the values for the points.The i-rate variables: idur1, idur2, idur3, etc., set the duration, in seconds, between segments.

- 95 -instr 5; toot5.orc irel = .01 ; set vibrato release time idel1 = p3 - (p10 * p3); calculate initial delay (% of dur) isus = p3 - (idel1- irel); calculate remaining duration iamp = ampdb(p4) iscale = iamp * .333; p4=amp inote = cpspch(p5); p5=freq k3linseg0, idel1, p9, isus, p9, irel, 0 ; p6=attack time k2oscilk3, p8, 1; p7=release time k1lineniscale, p6, p3, p7; p8=vib rate a3oscilk1, inote*.995+k2, 1; p9=vib depth a2oscilk1, inote*1.005+k2, 1; p10=vib delay (0-1) a1oscilk1, inote+k2, 1 outa1+a2+a3endin f 1 0 4096 10 1; insstrtdurampfrq atk rel vibrt vibdpth vibdel i5038610.00 .1.776.4 i5438610.02 1.26 6.4 i5848610.04 215 6.4 eToot 6: GensThe first character in a score statement is an opcode, determining an action request; the remainingdata consists of numeric parameter fields (p-fields) to be used by that action. So far we have beendealing with two different opcodes in our score: f and i. I-statements, or note statements,invoke the p1 instrument at time p2 and turn it off after p3 seconds; all remaining p-fields arepassed to the instrument.F-statements, or lines with an opcode of f, invoke function-drawing subroutines called GENS.In Csound there are currently seventeen gen routines which fill wavetables in a variety of ways.For example, GEN01 transfers data from a soundfile; GEN07 allows you to construct functionsfrom segments of straight lines; and GEN10, which we�ve been using in our scores so far,generates composite waveforms made up of a weighted sum of simple sinusoids. We have namedthe function �f1,� invoked it at time 0, defined it to contain 512 points, and instructed GEN10 tofill that wavetable with a single sinusoid whose amplitude is 1. GEN10 can in fact be used toapproximate a variety of other waveforms, as illustrated by the following:f1 0204810 1; Sinef2 0204810 1.5 .3 .25.2 .167 .14 .125.111; Sawtoothf3 0204810 10 .3 0.2 0 .14 0.111 ; Squaref4 0204810 11 1 1.7 .5 .3 .1 ; PulseFor the opcode f, the first four p-fields are interpreted as follows: p1 - table number - In the orchestra, you reference this table by its number. p2 - creation time - The time at which the function is generated. p3 - table size - Number of points in table - must be a power of 2, or that plus 1. p4 - generating subroutine - Which of the 17 GENS will you employ. p5 -> p? - meaning determined by the particular GEN subroutine.

- 96 -In the instrument and score below, we have added three additional functions to the score, andmodified the orchestra so that the instrument can call them via p11.instr 6; toot6.orc ifunc = p11; select basic waveform irel = .01; set vibrato release idel1 = p3 - (p10 * p3); calculate initial delay isus = p3 - (idel1- irel); calculate remaining dur iamp = ampdb(p4) iscale = iamp * .333; p4=amp inote = cpspch(p5); p5=freq k3linseg0, idel1, p9, isus, p9, irel, 0; p6=attack time k2oscilk3, p8, 1 ; p7=release time k1lineniscale, p6, p3, p7; p8=vib rate a3oscilk1, inote*.999+k2, ifunc; p9=vib depth a2oscilk1, inote*1.001+k2, ifunc; p10=vib delay (0-1) a1oscilk1, inote+k2, ifuncouta1 + a2 + a3endin f1 0 2048 10 1 ; Sine f2 0 2048 10 1 .5 .3 .25 .2 .167 .14 .125 .111 ; Sawtooth f3 0 2048 10 1 0 .3 0 .2 0 .14 0 .111 ; Square f4 0 2048 10 1 1 1 1 .7 .5 .3 .1 ; Pulse; ins strt durampfrqatkrelvibrt vibdpth vibdel waveform(f) i60 2868.00.03.769.81 i63 2868.02.03.769.82 i66 2868.04.03.769.83 i69 3868.05.03.769.84eToot 7: CrossfadeNow we will add the ability to do a linear crossfade between any two of our four basic waveforms.We will employ our delayed vibrato scheme to regulate the speed of the crossfade.instr 7 ; toot7.orc ifunc1 = p11 ; initial waveform ifunc2 = p12 ; crossfade waveform ifad1 = p3 - (p13 * p3) ; calculate initial fade ifad2 = p3 - ifad1 ; calculate remaining dur irel = .01 ; set vibrato release idel1 = p3 - (p10 * p3); calculate initial delay isus = p3 - (idel1- irel); calculate remaining dur iamp = ampdb(p4) iscale = iamp * .166; p4=amp inote = cpspch(p5) ; p5=freq k3linseg0, idel1, p9, isus, p9, irel, 0 ; p6=attack time k2oscilk3, p8, 1 ; p7=release time k1lineniscale, p6, p3, p7; p8=vib rate a6oscilk1, inote*.998+k2, ifunc2; p9=vib depth a5oscilk1, inote*1.002+k2, ifunc2; p10=vib delay (0-1) a4oscilk1, inote+k2, ifunc2; p11=initial wave

- 97 - a3oscilk1, inote*.997+k2, ifunc1; p12=cross wave a2oscilk1, inote*1.003+k2, ifunc1; p13=fade time a1oscilk1, inote+k2, ifunc1 kfade linseg 1, ifad1, 0, ifad2, 1 afunc1 = kfade * (a1+a2+a3) afunc2 = (1 - kfade) * (a4+a5+a6) outafunc1 + afunc2endin f1 0 2048 10 1 ; Sine f2 0 2048 10 1 .5 .3 .25 .2 .167 .14 .125 .111 ; Sawtooth f3 0 2048 10 1 0 .3 0 .2 0 .14 0 .111 ; Square f4 0 2048 10 1 1 1 1 .7 .5 .3 .1 ; Pulse; ins strt dur amp frq atk rel vibrt vbdpt vibdel startwave endwave crosstime i7 0 5 96 8.07 .03 .1 5 6 .99 1 2 .1 i7 6 5 96 8.09 .03 .1 5 6 .99 1 3 .1 i7 12 8 96 8.07 .03 .1 5 6 .99 1 4 .1Toot 8: SoundinNow instead of continuing to enhance the same instrument, let us design a totally different one.We’ll read a soundfile into the orchestra, apply an amplitude envelope to it, and add some reverb.To do this we will employ Csound’s soundin and reverb generators. The first is described as:a1soundin ifilcod[, iskiptime][, iformat]soundin derives its signal from a pre-existing file. ifilcod is either the filename in double quotes,or an integer suffix (.n) to the name "soundin". Thus the file "soundin.5" could be referencedeither by the quoted name or by the integer 5. To read from 500ms into this file we might say:a1soundin"soundin.5", .5The Csound reverb generator is actually composed of four parallel comb filters plus two allpassfilters in series. Although we could design a variant of our own using these same primitives, thepreset reverb is convenient, and simulates a natural room response via internal parameter values.Only two arguments are required�the input (asig) and the reverb time (krvt).arreverbasig, krvtThe soundfile instrument with artificial envelope and a reverb (included directly) is as follows:instr 8; toot8.orc idur= p3 iamp= p4 iskiptime= p5 iattack= p6 irelease = p7 irvbtime = p8 irvbgain = p9 kamp linen iamp, iattack, idur, irelease asig soundin"soundin.aiff", iskiptime arampsig = kamp * asig aeffect reverb asig, irvbtime arvbreturn = aeffect * irvbgain out arampsig + arvbreturnendin

- 98 -; ins strt dur amp skip atkrel rvbtime rvbgain i801.30.03.11.5.2 i821.30.1.11.3.2 i83.52.25.30.5.12.1.2 i84.52.25.30.01.11.1.2 i852.25.3.1.01.11.1.1eToot 9: Global Stereo ReverbIn the previous example you may have noticed the soundin source being "cut off" at ends of notes,because the reverb was inside the instrument itself. It is better to create a companion instrument,a global reverb instrument, to which the source signal can be sent. Let’s also make this stereo.Variables are named cells which store numbers. In Csound, they can be either local or global, areavailable continuously, and can be updated at one of four rates�setup, i-rate, k-rate, or a-rate.Local Variables (which begin with the letters p, i, k, or a) are private to a particular instrument.They cannot be read from, or written to, by any other instrument.Global Variables are cells which are accessible by all instruments. Three of the same fourvariable types are supported (i, k, and a), but these letters are preceded by the letter g to identifythem as �global.� Global variables are used for �broadcasting� general values, for communicatingbetween instruments, and for sending sound from one instrument to another.The reverb instr99 below receives input from instr9 via the global a-rate variable garvbsig. Sinceinstr9 adds into this global, several copies of instr9 can do this without losing any data. Theaddition requires garvbsig to be cleared before each k-rate pass through any active instruments.This is accomplished first with an init statement in the orchestra header, giving the reverbinstrument a higher number than any other (instruments are performed in numerical order), andthen clearing garvbsig within instr99 once its data has been placed into the reverb.sr = 18900; toot9.orckr = 945ksmps = 20nchnls = 2; stereogarvbsig init 0; make zero at orch init timeinstr 9 idur = p3 iamp = p4 iskiptime= p5 iattack = p6 irelease = p7 ibalance = p8 ; panning: 1=left, .5=center, 0=right irvbgain = p9 kamp linen iamp, iattack, idur, irelease asig soundin"soundin.aiff", iskiptime arampsig= kamp * asig outsarampsig * ibalance, arampsig * (1 - ibalance) garvbsig= garvbsig + arampsig * irvbgainendin

- 99 -instr 99; global reverb irvbtime= p4 asig reverbgarvbsig, irvbtime; put global signal into reverb outsasig, asig garvbsig = 0; then clear itendinIn the score we turn the global reverb on at time 0 and keep it on until irvbtime after the last note.; insstrtdurrvbtime; toot9.sco i9909.852.6; insstrtduramp skipatkrelbalance(0-1) rvbsend i901.50.02.11.2 i922.50.03.10.3 i93.52.25.50.9.1.5.1 i94.52.25.501.2.10.2 i952.25.50.2.11.3eToot 10: Filtered NoiseThe following instrument uses the Csound rand unit to produce noise, and a reson unit to filter it.The bandwidth of reson will be set at i-time, but its center frequency will be swept via a line unitthrough a wide range of frequencies during each note. We add reverb as above.garvbsig init 0instr 10; toot10.orc iattack=.01 irelease =.2 iwhite =10000 idur =p3 iamp =p4 isweepstart =p5 isweepend =p6 ibandwidth =p7 ibalance =p8 ; pan: 1 = left, .5 = center, 0 = right irvbgain =p9 kamplineniamp, iattack, idur, irelease ksweeplineisweepstart, idur, isweepend asigrandiwhite afiltresonasig, ksweep, ibandwidth arampsig=kamp * afilt outs arampsig * ibalance, arampsig * (1 - ibalance) garvbsig=garvbsig + arampsig * irvbgainendininstr 100 irvbtime=p4 asigreverb garvbsig, irvbtime outs asig, asig garvbsig=0endin

- 100 -; insstrt durrvbtime ; toot10.sco i1000151.1 i10015105; insstrt duramp stswp ndswp bndwthbalance(0-1) rvbsend i1002.055000500 20.5.1 i1031.0515005000 30.5.1 i1052.058501100 40.5.1 i1082.0511008000 50.5.1 i108.5.0550001000 30.5.2 i109.5.0510008000 40 .5.1 i1011.5.055002100 50 .4.2 i1012.5.0521001220 75 .6.1 i1013.5.0517003500 100 .5.2 i10155.018000800 60.5.15eToot 11: Carry, Tempo & SortWe now use a plucked string instrument to explore some of Csound’s score preprocessingcapabilities. Since the focus here is on the score, the instrument is presented without explanation.instr 11asig1pluckampdb(p4)/2, p5, p5, 0, 1 asig2pluckampdb(p4)/2, p5 * 1.003, p5 * 1.003, 0, 1out asig1+asig2endinThe score can be divided into time-ordered sections by the S statement. Prior to performance,each section is processed by three routines: Carry, Tempo, and Sort. The score toot11.sco hasmultiple sections containing each of the examples below, in both of the forms listed.The Carry feature allows a dot (�.� ) in a p-field to indicate that the value is the same as above,provided the instrument is the same. Thus the following two examples are identical:; insstart dur amp freq|; insstartdur amp freq i1101 90 200| i110 1 90 200 i111. . 300| i111 1 90 300 i112. . 400| i112 1 90 400A special form of the carry feature applies to p2 only. A "+" in p2 will be given the value ofp2+p3 from the previous i statement. The "+" can also be carried with a dot: ; insstart duramp freq|; insstart dur amp freq i110 1 90 200| i11 0 190200 i .+ . .300| i111190300 i .. .. 500| i11 2190500The carrying dot may be omitted when there are no more explicit pfields on that line:; insstartdurampfreq|; insstart dur amp freq i11 0 1 90 200| i11 0190200 i11+ 2| i11 1290200 i11| i113290200

- 101 -A variant of the carry feature is Ramping, which substitutes a sequence of linearly interpolatedvalues for a ramp symbol ( < ) spanning any two values of a pfield. Ramps work only onconsecutive calls to the same instrument, and they cannot be applied to the first three p-fields.; ins startdurampfreq|; ins start durampfreq i110190200| i110190200 i .+.<<| i111185300 i ...<400| i112180400 i ...<<| i113175300 i ..470200| i114470200Tempo. The unit of time in a Csound score is the beat�normally one beat per second. This canbe modified by a Tempo Statement, which enables the score to be arbitrarily time-warped.Beats are converted to their equivalent in seconds during score pre-processing of each Section. Inthe absence of a Tempo statement in any Section, the following tempo statement is inserted:t 0 60It means that at beat 0 the tempo of the Csound beat is 60 (1 beat per second). To hear the Sectionat twice the speed, we have two options: 1) cut all p2 and p3 in half and adjust the start times, or2) insert the statement t 0 120 within the Section.The Tempo statement can also be used to move between different tempi during the score, thusenabling ritardandi and accelerandi. Changes are linear by beat size (see the Csound manual). Thefollowing statement will cause the score to begin at tempo 120, slow to tempo 80 by beat 4, thenaccelerate to 220 by beat 7:t 0 120 4 80 7 220The following will produce identical soundfiles: t 0 120 ; Double-time via Tempo; insstartdurampfreq|; insstartdurampfreq i110.590200| i110190200 i .+.<<| i .+.<< i ...<400| i ...<400 i ...<<| i ...<< i ..270200| i ..470200The following includes an accelerando and ritard. It should be noted, however, that the rampingfeature is applied after time-warping, and is thus proportional to elapsed chronological time. Whilethis is perfect for amplitude ramps, frequency ramps will not result in harmonically related pitchesduring tempo changes. The frequencies needed here are thus made explicit.t 0604400860; Time-warping via Tempo;insstartdurampfreqi110170200i .+.<500i ...90800i ...<500i ...70200i ...901000i ...<600i ...70200i ..890100

- 102 -Three additional score features are extremely useful in Csound. The s statement was usedabove to divide a score into Sections for individual pre-processing. Since each s statementestablishes a new relative time of 0, and all actions within a section are relative to that, it isconvenient to develop the score one section at a time, then link the sections into a whole later.Suppose we wish to combine the six above examples (call them toot11a - toot11f) into one score.One way is to start with toot11a.sco, calculate its total duration and add that value to every startingtime of toot11b.sco, then add the composite duration to the start times of toot11c.sco, etc.Alternatively, we could insert an s statement between each of the sections and run the entire score.The file toot11.sco, which contains a sequence of all of the above score examples, did just that.The f0 statement, which creates an "action time" with no associated action, is useful in extendingthe duration of a section. Two seconds of silence are added to the first two sections below.; insstartdurampfreq; toot11g.sco i110290100 f 04; The f0 Statements ; The Section Statementi110190800 i .+..400 i ....100f 05si110 49050eSort. During preprocessing of a score section, all action-time statements are sorted intochronological order by p2 value. This means that notes can be entered in any order, that you canmerge files, or work on instruments as temporarily separate sections, then have them sortedautomatically when you run Csound on the file.The file below contains excerpts from this section of the rehearsal chapter and from instr6 of thetutorial, and combines them as follows:;insstartdurampfreq; toot11h.sco i110170100; Score Sorting i .+.<< i ...<< i ...90800 i ...<< i ...<< i ...70100 i ...901000 i ...<< i ...<< i ...<< i ...70< i ..89050 f1 0 2048 10 1; Sine f2 0 2048 10 1 .5 .3 .25 .2 .167 .14 .125 .111; Sawtooth f3 0 2048 10 1 0 .3 0 .2 0 .14 0 .111; Square f4 0 2048 10 1 1 1 1 .7 .5 .3 .1 ; Pulse

- 103 -; insstrtdurampfrqatkrel vibrt vibdpth vibdelwaveform i602869.00.03.165.41 i622869.02.03.165.4 2 i642869.04.03.165.43 i664869.05.05.165.44Toot 12: Tables & LabelsThis is by far our most complex instrument. In it we have designed the ability to store pitches in atable and then index them in three different ways: 1) directly, 2) via an lfo, and 3) randomly. Asa means of switching between these three methods, we will use Csound’s program controlstatements and logical and conditional operations.instr 12 iseed = p8 iamp = ampdb(p4) kdirect = p5 imeth = p6 ilforate = p7 ; lfo and random index rate itab = 2 itablesize = 8 if (imeth == 1) igoto direct if (imeth == 2) kgoto lfo if (imeth == 3) kgoto randomdirect: kpitch table kdirect, itab ; index "f2" via p5 kgoto continlfo: kindex phasor ilforate kpitch table kindex * itablesize, itab kgoto continrandom: kindex randh int(7), ilforate, iseed kpitch table abs(kindex), itabcontin: kamp linseg 0, p3 * .1, iamp, p3 * .9, 0 ; amp envelope asig oscil kamp, cpspch(kpitch), 1 ; audio osc out asigendin f1 0 2048 10 1; Sine f2 0 8 -2 8.00 8.02 8.04 8.05 8.07 8.09 8.11 9.00; cpspch C major scale; method 1 - direct index of table values; ins startdurampindex methodlforaterndseed i120.5867100 i12.5.586610 i121.586510 i121.5.586410 i122.586310 i122.5.586210 i123.586110

- 104 - i123.5.586010 i124.586010 i124.5.586210 i125.5864 10 i125.52.586710s; method 2 - lfo index of table values; insstartdurampindex method lforaterndseed i1202860210 i123286022 i126286024 i129286028 i12122860216s; method 3 - random index of table values; insstartdurampindex methodrndrate rndseed i120286032.1 i123286033.2 i126286034.3 i129286037.4 i12122860311.5 i12152860318.6 i12182860329.7 i12212860347.8 i12242860376.9 i122728603123.9 i123058603199.1Toot 13: Spectral FusionFor our final instrument, we will employ three unique synthesis methods�Physical Modeling,Formant-Wave Synthesis, and Non-linear Distortion. Three of Csound’s most powerful unitgenerators�pluck, fof, and foscil, make this complex task a fairly simple one. The ReferenceManual describes these as follows:a1 pluck kamp, kcps, icps, ifn, imeth [, iparm1, iparm2]pluck simulates the sound of naturally decaying plucked strings by filling a cyclic decay bufferwith noise and then smoothing it over time according to one of several methods. The unit is basedon the Karplus-Strong algorithm.a2 fof xamp, xfund, xform, koct, kband, kris, kdur kdec,iolaps, ifna, ifnb, itotdur[, iphs][, ifmode]fof simulates the sound of the male voice by producing a set of harmonically related partials (aformant region) whose spectral envelope can be controlled over time. It is a special form ofgranular synthesis, based on the CHANT program from IRCAM by Xavier Rodet et al.a1 foscil xamp, kcps, kcar, kmod, kndx, ifn [, iphs]foscil is a composite unit which banks two oscillators in a simple FM configuration, wherein theaudio-rate output of one (the "modulator") is used to modulate the frequency input of another (the"carrier.")

- 105 -The plan for our instrument is to have the plucked string attack dissolve into an FM sustain whichtransforms into a vocal release. The orchestra and score are as follows:instr 13; toot13.orc iamp = ampdb(p4) / 2; amplitude, scaled for two sources ipluckamp = p6; % of total amp, 1=dB amp as in p4 ipluckdur = p7*p3; % of total dur, 1=entire dur of note ipluckoff = p3 - ipluckdur ifmamp = p8; % of total amp, 1=dB amp as in p4 ifmrise = p9*p3; % of total dur, 1=entire dur of note ifmdec = p10*p3; % of total duration ifmoff = p3 - (ifmrise + ifmdec) index = p11 ivibdepth = p12 ivibrate = p13 iformantamp = p14; % of total amp, 1=dB amp as in p4 iformantrise= p15*p3; % of total dur, 1=entire dur of note iformantdec= p3 - iformantrise kplucklinsegipluckamp, ipluckdur, 0, ipluckoff, 0 apluck1pluckiamp, p5, p5, 0, 1 apluck2pluckiamp, p5*1.003, p5*1.003, 0, 1 apluck=kpluck * (apluck1+apluck2) kfmlinseg0, ifmrise, ifmamp, ifmdec, 0, ifmoff, 0 kndx=kfm * index afm1fosciliamp, p5, 1, 2, kndx, 1 afm2fosciliamp, p5*1.003, 1.003, 2.003, kndx, 1 afm=kfm * (afm1+afm2) kfrmntlinseg0, iformantrise, iformantamp, iformantdec, 0 kviboscilivibdepth,ivibrate,1 afrmnt1fof iamp, p5+kvib, 650, 0, 40, .003, .017, .007, 4, 1, 2, p3 afrmnt2fof iamp, (p5*1.001)+kvib*.009, 650, 0, 40, .003,.017,.007, 10,1,2,p3 aformnt=kfrmnt * (afrmnt1+afrmnt2) outapluck + afm + aformntendinf1 0 8192 10 1; sine wavef2 0 2048 19 .5 1 270 1; sigmoid rise;ins st drmpfrqplkmpplkdrfmpfmrisfmdecindxvbdpvbrt frmp fris i130 580 200.8.3.7.2.358153 .5 i13+ 8 80100..4 .7.35.357163 .7 i13. 13 8050..3.7.2.46143 .6

- 106 -When Things Sound WrongWhen you design your own Csound instruments you may occasionally be surprised by the results.There will be times when you’ve computed a file for hours and your playback is just silence, whileat other times you may get error messages which prevent the score from running, or you may hangthe computer and nothing happens at all.In general, Csound has a comprehensive error-checking facility that reports to your console atvarious stages of your run: at score sorting, orchestra translation, initializing each call of everyinstrument, and during performance. However, if your error was syntactically permissable, or itgenerated only a warning message, Csound could faithfully give you results you don’t expect.Here is a list of the things you might check in your score and orchestra files:1. You typed the letter l instead of the number 12. You forgot to precede your comment with a semi-colon3. You forgot an opcode or a required parameter4. Your amplitudes are not loud enough or they are too loud5. Your frequencies are not in the audio range - 20Hz to 20kHz6. You placed the value of one parameter in the p-field of another7. You left out some crucial information like a function definition8. You didn’t meet the Gen specificationsSuggestions for Further StudyCsound is such a powerful tool that we have touched on only a few of its many features and uses.You are encouraged to take apart the instruments in this chapter, rebuild them, modify them, andintegrate the features of one into the design of another. To understand their capabilities you shouldcompose short etudes with each. You may be surprised to find yourself merging these little studiesinto the fabric of your first Csound compositions.The directory ’morefiles’ contains examples of the classical designs of Risset and Chowning.Detailed discussions of these instruments can be found in Charles Dodge’s and Thomas Jerse’sComputer Music textbook. This text is the key to getting the most out of these instrumentalmodels and their innovative approaches to signal processing. Also recommended are the designsof Russell Pinkston. They demonstrate techniques for legato phrasing, portamento, randomvibrato, and random sequence generation. His instrument representing Dx7 OpCode�Editor/Librarian patches is a model for bringing many wonderful sounds into your orchestra.Nothing will increase your understanding more than actually Making Music with Csound. Thebest way to discover the full capability of these tools is to create your own music with them. Asyou negotiate the new and uncharted terrain you will make many discoveries. It is my hope thatthrough Csound you discover as much about music as I have, and that this experience brings yougreat personal satisfaction and joy.Richard Boulanger - March 1991 - Boston, Massachusetts - USA

- 107 -Appendix 3: An FOF Synthesis Tutorialb y J.M.ClarkeUniversity of HuddersfieldThe fof synthesis generator in Csound has more parameter fields than other modules. To help theuser become familiar with these parameters this tutorial will take a simple orchestra file using justone fof unit-generator and demonstrate the effect of each parameter in turn. To produce a goodvocal imitation, or a sound of similar sophistication, an orchestra containing five or more fofgenerators is required and other refinements (use of random variation of pitch etc.) must be made.The sounds produced in these initial explorations will be much simpler and consequently lessinteresting but they will help to show clearly the basic elements of fof synthesis. This tutorialassumes a basic working knowledge of Csound itself. The specification of the fof unit-generator(as found in the main Csound manual) is:ar fof xamp xfund xform koct kband kris kdur kdec iolaps ifna ifnb itotdur [iphs] [ifmode]where xamp, xfund, xformcan receive any rate (constant, control or audio) koct, kband, kdris, kdur, kdeccan receive only constants or control rates iolaps, ifna, ifnb, itotdurmust be given a fixed value at initialization [iphs][ifmode]are optional, defaulting to 0.The following orchestra contains a simple instrument we will use for exploring each parameter inturn. On the faster machines (DECstation, SparcStation, SGI Indigo) it will run in real time.sr = 22050kr = 441ksmps = 50instr1a1fof15000, 200, 650, 0, 40, .003, .02, .007, 5, 1, 2, p3outa1endinIt should be run with the following score:f1 0 4096 10 1f2 0 1024 19 .5 .5 270 .5i1 0 3eThe result is very basic. This is not surprising since we have created only one formant region (avocal imitation would need at least five) and have no vibrato or random variation of the parameters.By varying one parameter at a time we will help the reader learn how the unit-generator works.Each of the following "variations" starts from the model. Parameters not specified remain asgiven.xamp = amplitudeThe first input parameter controls the amplitude of the generator. At present our model uses aconstant amplitude, this can be changed so that the amplitude varies according to a line function:a2linseg0, p3*.3, 20000, p3*.4, 15000, p3*.3, 0a1fofa2, ......(as before)...

- 108 -The amplitude of a fof generator needs care. xamp does not necessarily indicate the maximumoutput, which can also depend on the rise pattern, bandwidth, and the presence of any "overlaps".xfund = fundamental frequencyThis parameter controls the pitch of the fundamental of the unit generator. Starting again from theoriginal model this example demonstrates an exaggerated vibrato:a2oscil20, 5, 1a1fof15000, 200+a2, etc........fof synthesis produces a rapid succession of (normally) overlapping excitations or granules. Thefundamental is in fact the speed at which new excitations are formed and if the fundamental is verylow these excitations are heard as separate granules. In this case the fundamental is not so much apitch as a pulse speed. The possibility of moving between pitch and pulse, between timbre andgranular texture is one of the most interesting aspects of fof. For a simple demonstration try thefollowing variation. It will be especially clear if the score note is lengthened to about 10 seconds.a2expseg 5, p3*.8, 200, p3*.2, 150a1fof 15000, a2 etc........koct = octaviation coefficientSkipping a parameter, we come to an unusual means of controlling the fundamental: octaviation.This parameter is normally set to 0. For each unit increase in koct the fundamental pitch will dropby one octave. The change of pitch is not by the normal means of glissando, but by graduallyfading out alternate excitations (leaving half the original number). Try the following (again withthe longer note duration):k1linseg0, p3*.1, 0, p3*.8, 6, p3*.1, 6a1fof15000, 200, 650, k1 etc.........This produces a drop of six octaves; if the note is sufficiently long you should be able to hear thefading out of alternate excitations towards the end.xform = formant frequency; ifmode = formant mode (0 = striated, non-0 = smooth)The spectral output of a fof unit-generator resembles that of an impulse generator filtered by aband pass filter. It is a set of partials above a fundamental xfund with a spectral peak at theformant frequency xform. Motion of the formant can be implemented in two ways. If ifmode = 0,data sent to xform has effect only at the start of a new excitation. That is, each excitation gets thecurrent value of this parameter at the time of creation and holds it until the excitation ends.Successive overlapping excitations can have different formant frequencies, creating a richly variedsound. This is the mode of the original CHANT program. If ifmode is non-zero, the frequency ofeach excitation varies continuously with xform. This allows glissandi of the formant frequency.To demonstrate these differences we take a very low fundamental so that the granules can be heardseparately and the formant frequency is audible not as the center frequency of a "band" but as apitch in its own right. Compare the following in which only ifmode is changed:a2line400, p3, 800a1fof15000, 5, a2, 0, 1, .003, .5, .1, 3, 1, 2, p3, 0, 0a2line400, p3, 800a1fof15000, 5, a2, 0, 1, .003, .5, .1, 3, 1, 2, p3, 0, 1In the first case the formant frequency moves by step at the start of each excitation, whereas in thesecond it changes smoothly. A more subtle difference is perceived with higher fundamentalfrequencies. (Note that the later fof parameters were changed in this example to lengthen theexcitations so that their pitch could be heard easily.)

- 109 -xform also permits frequency modulation of the formant frequency. Applying FM to an alreadycomplex sound can lead to strange results, but here is a simple example:acarrline400, p3, 800index=2.0imodfr =400idev=index * imodframodsig oscilidev, imodfr, 1a1fof15000, 5, acarr+amodsig, 0, 1, .003, .5, .1, 3, 1, 2, p3, 0, 1kband = formant bandwidthkris, kdur, kdec = risetime, duration and decaytime (in seconds) of the excitation envelopeThese parameters control the shape and length of the fof granules. They are shaped in threesegments: a rise, a middle decay, and a terminating decay. For very low fundamentals these areperceived as an amplitude envelope, but with higher fundamentals (above 30 Hz) the granulesmerge together and these parameters effect the timbre of the sound. Note that these fourparameters influence a new granule only at the time of its initialization and are fixed for its duration;later changes will affect only subsequent granules. We begin our examination with lowfrequencies.k1line.003, p3, .1; krisa1fof15000, 2, 300, 0, 0, k1, .5, .1, 2, 1, 2, p3Run this with a note length of 10 seconds. Notice how the attack of the envelope of the granuleslengthens. The shape of this attack is determined by the forward shape of ifnb (here a sigmoid).Now try changing kband:k1linseg0, p3, 10; kbanda1fof15000, 2, 300, 0, k1, .003, .5, .1, 2, 1, 2, p3Following its rise, an excitation has a built-in exponential decay and kband determines its rate. Thebigger kband the steeper the decay; zero means no decay. In the above example the successivegranules had increasingly fast decays.k1linseg.3, p3, .003a1fof15000, 2, 300, 0, 0, .003, .4, k1, 2, 1, 2, p3This demonstrates the operation of kdec. Because an exponential decay never reaches zero it mustbe terminated gracefully. kdur is the overall duration (in seconds from the start of the excitation),and kdec is the length of the terminating decay. In the above example the terminating decay startsvery early in the first granules and then becomes progressively later. Note that kband is set to zeroso that only the terminating decay is evident.In the next example the start time of the termination remains constant, but its length gets shorter:k1expon.3, p3, .003a1fof15000, 2, 300, 0, 0, .003, .01 + k1, k1, 2, 1, 2, p3It may be surprising to find that for higher fundamentals the local envelope determines the spectralshape of the sound. Electronic and computer music has often shown how features of music wenormally consider independent (such as pitch, timbre, rhythm) are in fact different aspects of thesame thing. In general, the longer the local envelope segment the narrower the band of partialsaround that frequency. kband determines the bandwidth of the formant region at -6dB, and kriscontrols the skirtwidth at -40dB. Increasing kband increases the local envelope’s exponentialdecay rate, thus shortening it and increasing the -6dbB spectral region. Increasing kris (theenvelope attack time) inversely makes the -40dB spectral region smaller.

- 110 -The next example changes first the bandwidth then the skirtwidth. You should be able to hear thedifference.k1linseg100, p3/4, 0, p3/4, 100, p3/2, 100; kbandk2linseg.003, p3/2, .003, p3/4, .01, p3/4, .003; krisa1fof15000, 100, 440, 0, k1, k2, .02, .007, 3, 1, 2, p3[In the first half of the note kris remains constant while kband broadens then narrows again. Inthe second half, kband is fixed while kris lengthens (narrowing the spectrum) then returns again .]Note that kdur and kdec don’t really shape the spectrum, they simply tidy up the decay so as toprevent unwanted discontinuities which would distort the sound. For vocal imitations theseparameters are typically set at .017 and .007 and left unchanged. With high ("soprano")fundamentals it is possible to shorten these values and save computation time (reduce overlaps).iolaps = number of overlap spacesGranules are created at the rate of the fundamental frequency, and new granules are often createdbefore earlier ones have finished, resulting in overlaps. The number of overlaps at any one time isgiven by xfund * kdur. For a typical bass note the calculation might be 200 * .018 = 3.6, and fora soprano note 660 * .015 = 9.9. fof needs at least this number (rounded up) of spaces in whichto operate. The number can be over-estimated at no computation cost, and at only a small spacecost. If there are insufficient overlap spaces during operation, the note will terminate.ifna, ifnb = stored function tablesIdentification numbers of two function tables (see the fof entry in the manual proper).itotdur = total duration within which all granules in a note must be completedSo that incomplete granules are not cut off at the end of a note fof will not create new granules ifthey will not be completed by the time specified. Normally given the value "p3" (the note length),this parameter can be changed for special effect; fof will output zero after time itotdur.iphs = initial phase (optional, defaulting to 0).Specifies the initial phase of the fundamental. Normally zero, but giving different fof generatorsdifferent initial phases can be helpful in avoiding "zeros" in the spectrum.

- 111 -Appendix 4: Hetro - an Adsyn Analysis ProgramHETROhetro - hetrodyne filter analysis module for the Csound adsyn unit generatorSYNOPSIShetro [flags] infilename outfilenameDESCRIPTIONhetro takes an input file of audio samples, decomposes it into component sinusoids, andoutputs a description of the components in the form of breakpoint amplitude and frequency tracks.Analysis is conditioned by the control flags below. A space is optional between flag and value.-s<srate>sampling rate of the audio input file. The default value is 20000.-b<begin>beginning time (in seconds) of the audio segment to be analyzed. The default is 0.0-d<duration>duration (in seconds) of the audio segment to be analyzed. The default of 0.0means to the end of the file. Maximum length is 32.766 seconds.-f<begfreq>estimated starting frequency of the fundamental, necessary to initialize the filteranalysis. The default value is 100 (cps).-h<partials>number of harmonic partials sought in the audio file. Default is 10. Maximum 50.-M<maxamp> maximum amplitude summed across all concurrent tracks. The default is 32767.-m<minamp> amplitude threshold below which a track is dormant and will not contribute to outputsummation. Typical values: 128 (48 db down from full scale), 64 (54 db down),32 (60 db down), 0 (no thresholding). The default is 32.-n<brkpts>initial number of analysis breakpoints in each amplitude and frequency track, priorto thresholding (-m) and standard data reduction. The initial points are spreadevenly over the duration. The default is 256.-l<cutfreq>substitute a 3rd order Butterworth low-pass filter with cutoff frequency cutfreq (incps), in place of the default averaging comb filter. The default is 0 (don’t use).EXAMPLEA typical call to hetro might be:hetro-s44100 -b.5 -d2.5 -h16 -M24000 audiofile.test adsynfile7This will analyze 2.5 seconds of a file "audiofile.test", recorded at 44100 Herz, beginning .5seconds from the start, and place the result in a file "adsynfile7". We request just the first 16harmonics of the sound, with 256 initial breakpoint values per amplitude or frequency track, and apeak summation amplitude of 24000. The fundamental is estimated to begin at 100 Hz. Amplitudethresholding is at 60 db down. The Butterworth LPF is not enabled.FILE FORMATThe output file contains time-sequenced amplitude and frequency values for each partial ofan additive complex audio source. The information is in the form of breakpoints (time, value,time, value, ....) using 16-bit integers in the range 0 - 32767. Time is given in milliseconds, andfrequency in Hertz (cps). The breakpoint data is exclusively non-negative, and the values -1 and-2 uniquely signify the start of new amplitude and frequency tracks. A track is terminated by thevalue 32767. Before being written out, each track is data-reduced by amplitude thresholding andbreakpoint consolidation.

- 112 -A component partial is defined by two breakpoint sets: an amplitude set, and a frequency set.Within a composite file these sets may appear in any order (amplitude, frequency, amplitude ....;or amplitude, amplitude..., then frequency, frequency,...). During adsyn resynthesis the sets areautomatically paired (amplitude, frequency) from the order in which they were found. Thereshould be an equal number of each.A legal adsyn control file could have following format:-1 time1 value1 ...timeK valueK 32767; amplitude breakpoints for partial 1-2 time1 value1 ...timeL valueL 32767; frequency breakpoints for partial 1-1 time1 value1 ...timeM valueM 32767; amplitude breakpoints for partial 2-2 time1 value1 ...timeN valueN 32767; frequency breakpoints for partial 2-2 time1 value1 ..........-2 time1 value1 ..........; pairable tracks for partials 3 and 4-1 time1 value1 ..........-1 time2 value1 ..........

- 113 -Appendix 5: The LpcAnal ProgramLPCANALlpcanal - linear predictive coding analysis module for the Csound lp generatorsSYNOPSISlpcanal [flags] infilename outfilenameDESCRIPTIONlpcanal performs both lpc and pitch-tracking analysis on a soundfile of 16-bit audiosamples, to produce a time-ordered sequence of frames of control information suitable for Csoundresynthesis. Analysis is conditioned by the control flags below. A space is optional between theflag and its value.-b<begin>beginning time (in seconds) of the audio segment to be analyzed. The default is 0.0-d<duration>Duration (in seconds) of the audio segment to be analyzed. The default of 0.0means to the end of the file.-p<npoles>Number of poles for analysis. The default is 34, which is also the maximum.-h<hopsize>Hop size (in samples) between frames of analysis. This determines the number offrames per second (srate / hopsize) in the output control file. The analysisframesize is hopsize * 2 samples. The default value is 200.-C<string>Text for the comments field of the lpfile header. The default is the null string.-P<mincps>Lowest frequency (in cps) of pitch tracking. -P0 means no pitch tracking.-Q<maxcps>Highest frequency (in cps) of pitch tracking. The narrower the pitch range, themore accurate the pitch estimate.-v<verbosity> Level of terminal information during analysis. 0 = none, 1 = verbose, 2 = debug.The default is 0."infilename" should be a monaural soundfile of 16-bit linear samples, currently with an IRCAMsoundfile header. If the name does not begin with ’.’ or ’/’, the file is expected in the directoryindicated by the environment variable SFDIR. Output is directed to "outfilename" in the current orspecified directory.EXAMPLEThe commandlpcanal -p26 -d2.5 -P100 -Q400 audiofile.test lpfil22will analyze the first 2.5 seconds of file "audiofile.test" in SFDIR, producing srate/200 frames persecond, each containing 26-pole filter coefficients and a pitch estimate between 100 and 400 Hertz.Output will be placed in "lpfil22" in the current directory.FILE FORMATOutput is a file comprised of an identifiable header plus a set of frames of floating pointanalysis data. Each frame contains four values of pitch and gain information, followed by npolesfilter coefficients. The file is readable by Csound’s lpread.lpcanal is an extensive modification of Paul Lanksy’s lpc analysis programs.

- 114 -Appendix 6: The PvAnal Programb y Dan EllisMIT Media LabPVANALpvanal - Fourier analysis module for the Csound pvoc unit generatorSYNTAXpvanal [flags] infilename outfilenameDESCRIPTIONpvanal converts an audio file (time-domain) into a series of short-time Fourier transform(STFT) frames at regular points throughout the analysis file (a frequency-domain representation).The output file can be used by pvoc to generate audio fragments based on the original sample,with timescales and pitches arbitrarily and dynamically modified. Analysis is conditioned by theflags below. A space is optional between the flag and its argument.-n<frmsiz>STFT frame size, the number of samples in each Fourier analysis frame. Must be apower of two, in the range 16 to 16384. For clean results, a frame must be largerthan the longest pitch period of the sample. However, very long frames result intemporal �smearing� or reverberation. The bandwidth of each STFT bin isdetermined by sampling rate / frame size. The default framesize is the smallestpower of two that corresponds to more than 20 milliseconds of the source (e.g. 256points at 10 kHz sampling, giving a 25.6 ms frame).-w<windfact> Window overlap factor. This controls the number of Fourier transform frames persecond. Csound’s pvoc will interpolate between frames, but too few frames willgenerate audible distortion; too many frames will result in a huge analysis file. Agood compromise for windfact is 4, meaning that each input point occurs in 4output windows, or conversely that the offset between successive STFT frames isframesize/4. The default value is 4. Do not use this flag with -h.-h<hopsize> STFT frame offset. Converse of above, specifying the increment in samplesbetween successive frames of analysis (see also lpcanal). Do not use with -w.EXAMPLEThe commandpvanal asound.irc pvfilewill analyze the soundfile asound.irc using the default frmsiz and windfact to produce the filepvfile suitable for use with pvoc.FILESThe output file has a special pvoc header containing details of the source audio file, theanalysis frame rate and overlap. Frames of analysis data are stored as float, with the magnitudeand ’frequency’ (in Hz) for the first N/2 + 1 Fourier bins of each frame in turn. ’Frequency’encodes the phase increment in such a way that for strong harmonics it gives a good indication ofthe true frequency. For low amplitude or rapidly moving harmonics it is less meaningful.DIAGNOSTICSPrints total number of frames, and frames completed on every 20th.AUTHOR: Dan Ellis, dpwe@media-lab.media.mit.edu

- 115 -Appendix 7: Csound for the Macintoshb y Bill GardnerMIT Media LabIntroductionThis document describes the Macintosh verson of the Csound program and assumes the reader isalready familiar with the Csound program as described in the Csound Users Manual. Csound isprimarily intended for the UNIX operating system and hence its operation is specified throughcommand line arguments. The Macintosh version of Csound surrounds this mechanism with thestandard Macintosh user interface primitives, e.g. menus and dialog boxes. After the userspecifies the Csound input files and options using the Macintosh user interface, Macintosh Csoundcreates the UNIX command line and invokes Csound appropriately. All subsequent Csoundoutput is directed to a console window (or optionally to a listing file). Output sound files arecreated in Digidesign’s Sound Designer II format or optionally in AIFF format.Orchestra and Score file selection dialogWhen Csound is launched, it automatically brings up the main file selection dialog. This dialog hasfields for the required input orchestra and score files, the output sample file, and optionally a MIDIfile and output listing file. Only the output file name may be explicitly typed in, the other fieldsmust be filled by clicking on the corresponding Select button, which will bring up a standardMacintosh file selection dialog. Because the orchestra and score file names usually differ only inthe filename extension (".orc" for orchestra files and ".sco" for score files), Csound only requiresthat you select one of the two; the other file name will be automatically formed by changing theextension appropriately. If an output file is selected (in the Options dialog), then the output filename is similarly created with the extension ".snd".Users familiar with Csound will recall that Csound expects all sound files to live in a singledirectory called the SFDir (for sound file directory). On UNIX, this directory is specified via aUNIX shell environment variable. On the Macintosh, the user must select this directory. This canbe done by clicking on the SFDir button next to the output file text item. This brings up the SoundFile Directory selection dialog which shows the current sound file directory. When shipped, thiswill be blank. The sound file directory must be set up properly in order that outputfiles may be created. Clicking on the Select button brings up a standard file selection dialog.Navigate to the directory you want to use for sound files, and then click on the Save button.Finally, click on the Save Settings button so that Csound will remember this directory when it isrun in the future.If an input MIDI file is desired, click on the MIDI file checkbox. This brings up a file selectiondialog which can be used to select a MIDI file.If a listing file is desired, click on the listing file checkbox. This bring up a file selection dialogwhich can be used to specify an output listing file. If a listing file is selected, Csound will routealmost all output to the listing file. Certain messages will still appear in the console window.The Smp Fmt and Options buttons bring up other dialogs for setting the Csound output sampleformat and options, respectively. These are described later in this document.After all the files and options have been set up, click on the OK button to run Csound. If the filesand options are incorrectly set up, Csound will report an error by printing an appropriate messageto the console window. After the score file has been processed, Csound will display the message

- 116 -"*** PRESS MOUSE BUTTON TO EXIT ***". Pressing the mouse button will cause Csoundto exit back to the Macintosh Finder. It is not possible to process multiple files withoutrelaunching Csound.Clicking on the Cancel button causes the file selection dialog to disappear. The dialog can bebrought back by selecting the Choose Orchestra and Score menu item in the Csound menu. Notethat cancelling the dialog does not cause Csound to forget the settings of the various options. Thisis particularly useful if you want to select extra options explicity by using the �Enter commandline...� menu item.Csound menuThis section describes the menu items available in the Csound menu. To access the menu items thefile selection dialog must be cancelled as described above.Choose Orchestra and Score...Selecting this menu item brings up the main file selection dialog described above.Options...Selecting this menu item brings up the options dialog containing checkboxes for each Csoundoption. These are each described below:Note amplitudesWhen checked, causes information regarding note amplitudes to be displayed. Correspondsto the -m1 option in UNIX Csound.Samples out of rangeWhen checked, causes information regarding out of range samples to be displayed.Corresponds to the -m2 option in UNIX Csound.WarningsWhen checked, causes information regarding out of range samples to be displayed.Corresponds to the -m4 option in UNIX Csound.No table graphicsWhen checked, suppresses the display of Csound wavetables. Corresponds to the -d optionin UNIX Csound.Diagnostic messagesWhen checked, causes diagnostic messages to be displayed. Corresponds to the -v option inUNIX Csound.Initialize processing onlyWhen checked, causes Csound to only perform initialization of orchestras and no otherprocessing. Corresponds to the -I option in UNIX Csound.

- 117 -No sound outputWhen checked, suppresses the output of a sound file. Corresponds to the -n option in UNIXCsound.Change file typesWhen checked, Csound will change the file creator field of the selected orchestra and scorefiles. This lets the Macintosh Finder know that the files are associated with the Csoundapplication. Thus, if you subsequently double-click on one of these files from the Finder,Csound will be executed using the selected file as input.Output Sample Format...Selecting this menu item brings up the output sample format dialog which controls the format ofthe output sample file. All sound files are created as Digidesign Sound Designer II format files,unless the -A option is specified in the command line, which causes Csound to create AIFF (AudioInterchange File Format) files. The radio buttons select the sample format and default to 16-bitinteger. The 8-bit integer, 8-bit a-law, 8-bit m-law, 16-bit integer, 32-bit integer, and 32-bit floatformats correspond to the -c, -a, -u, -s, -l, and -f options, respectively, in UNIX Csound. Notethat 8-bit a-law format is not supported. If the no header checkbox is checked, this suppresses theoutput of a sound file header; only the raw samples are output. This corresponds to the -h optionin UNIX Csound. The blocksize controls how many samples are accumulated before writing tothe output sample file. This corresponds to the -b option in UNIX Csound. Note that all inputfiles must be either Digidesign Sound Designer II format, AIFF format or raw 16-bit samples.Sound File Directory...Selecting this menu item brings up the sound file directory dialog. This dialog is described abovein the file selection dialog section.Sampled Sound Directory...Selecting this menu item brings up the sampled sound directory dialog. This dialog allows theuser to specify the directory where Csound will look for sampled sound files to be loaded intofunction tables. This corresponds to the SSDir shell environment variable in UNIX Csound. Ifno directory is specified, Csound will look for sampled sounds in the sound file directory,described earlier.Enter Command Line...Selecting this menu item brings up the command line dialog. The command line dialog is used fordirectly entering a UNIX command line to invoke Csound. This is useful for specifying obscurearguments to Csound which are not otherwise supported in the Macintosh interface. (The AIFFfile option -A is one such option). The dialog comes up with a command line that corresponds toall currently selected files and options. The command line appears in a Macintosh text edit field forediting. When specifying file name arguments that contain spaces, enclose the argument indouble-quotes. Click on OK to invoke Csound with the specified arguments, or click on Cancel toexit the dialog without executing Csound.

- 118 -Save SettingsSelecting this menu item causes all option settings to be remembered for the next time Csound isexecuted.QuitSelecting this menu item causes Csound to exit to the Macintosh Finder.This documentation written on February 10, 1992 byBill Gardner, MIT Media Laboratory, Music and Cognition Group,20 Ames Street, Cambridge MA 02139.internet: billg@media-lab.media.mit.edu

- 119 -Appendix 8: Adding your own Cmodules to CsoundIf the existing Csound generators do not suit your needs, you can write your own modules in Cand add them to the run-time system. When you invoke Csound on an orchestra and score file, theorchestra is first read by a table-driven translator ’otran’ and the instrument blocks converted tocoded templates ready for loading into memory by ’oload’ on request by the score reader. To useyour own C-modules within a standard orchestra you need only add an entry in otran’s table andrelink Csound with your own code.The translator, loader, and run-time monitor will treat your module just like any other provided youfollow some conventions. You need a structure defining the inputs, outputs and workspace, plussome initialization code and some perf-time code. Let’s put an example of these in two new files,newgen.h and newgen.c:typedef struct {/* newgen.h - define a structure*/OPDSh;/* required header*/float*result, *istrt, *incr, *itime, *icontin; /* addr outarg, inargs*/floatcurval, vincr;/* private dataspace*/longcountdown;/* ditto*/} RMP;#include "cs.h"/* newgen.c - init and perf code*/#include "newgen.h"void rampset(p)/* at note initialization:*/ register RMP *p;{if (*p->icontin == 0.)p->curval = *p->istrt;/* optionally get new start value */p->vincr = *p->incr / esr;/* set s-rate increment per sec. */p->countdown = *p->itime * esr;/* counter for itime seconds */}void ramp(p)/* during note performance:*/ register RMP *p;{register float *rsltp = p->result;/* init an output array pointer */register int nn = ksmps;/* array size from orchestra*/do {*rsltp++ = p->curval;/* copy current value to ouput */if (--p->countdown >= 0)/* for the first itime seconds,*/p->curval += p->vincr;/*ramp the value*/} while (--nn);}Now we add this module to the translator table entry.c, under the opcode name rampt:#include "newgen.h"voidrampset(), ramp();/* opcodedspacethreadoutarginargs isub ksubasub */{ "rampt",S(RMP),5,"a","iiio", rampset, NULL,ramp },

- 120 -Finally we relink Csound to include the new module. Under Unix this means changing theMakefile in three places:1. Add the name newgen.o to the variable OBJS.2. Add the name newgen.h as a dependency for entry.o3. Create a new dependency,newgen.o:newgen.hNow run ’make csound’. If your host is a Macintosh, simply add newgen.h and newgen.c to oneof the Csound segments and invoke the C compiler.The above actions have added a new generator to the Csound language. It is an audio-rate linearramp function which modifies an input value at a user-defined slope for some period. A ramp canoptionally continue from the previous note’s last value. The Csound manual entry would look like:arramptistart, islope, itime [, icontin]istart - beginning value of an audio-rate linear ramp. Optionally overridden by a continue flag.islope - slope of ramp, expressed as the y-interval change per second.itime - ramp time in seconds, after which the value is held for the remainder of the note.icontin (optional) - continue flag. If zero, ramping will proceed from input istart . If non-zero,ramping will proceed from the last value of the previous note. The default value is zero.The file newgen.h includes a one-line list of output and input parameters. These are the portsthrough which the new generator will communicate with the other generators in an instrument.Communication is by address, not value, and this is a list of pointers to floats. There are norestrictions on names, but the input-output argument types are further defined by character stringsin entry.c (inargs, outargs). Inarg types are commonly x, a, k, and i, in the normal Csoundmanual conventions; also available are o (optional, defaulting to 0), p (optional, defaulting to 1).Outarg types include a, k, i and s (asig or ksig). It is important that all listed argument names beassigned a corresponding argument type in entry.c. Also, i-type args are valid only at initializationtime, and other-type args are available only at perf time. Subsequent lines in the RMP structuredeclare the work space needed to keep the code re-entrant. These enable the module to be usedmultiple times in multiple instrument copies while preserving all data.The file newgen.c contains two subroutines, each called with a pointer to the uniquely allocatedRMP structure and its data. The subroutines can be of three types: note initialization, k-rate signalgeneration, a-rate signal generation. A module normally requires two of these�initialization, andeither k-rate or a-rate subroutines�which become inserted in various threaded lists of runnabletasks when an instrument is activated. The thread-types appear in entry.c in two forms: isub,ksub and asub names; and a threading index which is the sum of isub=1, ksub=2, asub=4. Thecode itself may reference global variables defined in cs.h and oload.c, the most useful of whichare:floatesruser-defined sampling ratefloatekruser-defined control ratefloatensmpsuser-defined ksmpsintksmpsuser-defined ksmpsintnchnlsuser-defined nchnlsintodebugcommand-line -v flagintinitonlycommand-line -I flagintmsglevelcommand-line -m levelfloatpi, twopiobvious constantsfloattpidsrtwopi / esrfloatsstrcodspecial code for string arguments

- 121 -Function tablesTo access stored function tables, special help is available. The newly defined structure shouldinclude a pointerFUNC *ftp;initialized by the statementftp = ftpfind(p->ifuncno);where float *ifuncno is an i-type input argument containing the ftable number. The stored table isthen at ftp->ftable, and other data such as length, phase masks, cps-to-incr converters, are alsoaccessed from this pointer. See the FUNC structure in cs.h, the ftfind() code in fgens.c, and thecode for oscset() and koscil() in ugens2.c.Additional spaceSometimes the space requirement of a module is too large to be part of a structure (upper limit65535 bytes), or it is dependent on an i-arg value which is not known until initialization.Additional space can be dynamically allocated and properly managed by including the lineAUXCH auxch;in the defined structure (*p), then using the following style of code in the init module:if (p->auxch.auxp == NULL)auxalloc(npoints * sizeof(float), &p->auxch);The address of this auxilliary space is kept in a chain of such spaces belonging to this instrument,and is automatically managed while the instrument is being duplicated or garbage-collected duringperformance. The assignmentchar *auxp = p->auxch.auxp;will find the allocated space for init-time and perf-time use. See the LINSEG structure in ugens1.hand the code for lsgset() and klnseg() in ugens1.c.File sharingWhen accessing an external file often, or doing it from multiple places, it is often efficient to readthe entire file into memory. This is accomplished by including the lineMEMFIL*mfp;in the defined structure (*p), then using the following style of code in the init module:if (p->mfp == NULL)p->mfp = ldmemfile(filname);where char *filname is a string name of the file requested. The data read will be found between(char *) p->mfp->beginp;and(char *) p->mfp->endp;Loaded files do not belong to a particular instrument, but are automatically shared for multipleaccess. See the ADSYN structure in ugens3.h and the code for adset() and adsyn() in ugens3.c.String argumentsTo permit a quoted string input argument (float *ifilnam, say) in our defined structure (*p), assignit the argtype S in entry.c, include another member char *strarg in the structure, insert a lineTSTRARG( "rampt", RMP) \in the file oload.h, and include the following code in the init module:if (*p->ifilnam == sstrcod)strcpy(filename, unquote(p->strarg));See the code for adset() in ugens3.c, lprdset() in ugens5.c, and pvset() in ugens8.c.

- 122 -Appendix 9: A CSOUND QUICK REFERENCEVALUE CONVERTERSftlen(x)(init-rate args only)int(x)(init- or control-rate args only)frac(x) �dbamp(x) �i(x)(control-rate arg; only)abs(x)(no rate restriction)exp(x) �log(x)�sqrt(x) �sin(x) �cos(x) �ampdb(x)�PITCH CONVERTERSoctpch(pch)(init- or control-rate args only)pchoct(oct) �cpspch(pch) �octcps(cps) �cpsoct(oct)(no rate restriction)PROGRAM CONTROLigotolabeltigotolabelkgotolabelgotolabeli f ia R ib igoto labeli f ka R kb kgoto labeli f ia R ib goto labeltimout istrt, idur, labelMIDI CONVERTERSiampampmidiiscal[, ifn]kaftaftouchiscalkchprchpressiscalkbendpchbendiscalivalmidictrlinumkvalmidictrlinum

- 123 -SIGNAL GENERATORSkrlineia, idur1, ibarlineia, idur1, ibkrexpon ia, idur1, ibarexpon ia, idur1, ibkrlinseg ia, idur1, ib[, idur2, ic[...]]arlinsegia, idur1, ib[, idur2, ic[...]]krexpseg ia, idur1, ib[, idur2, ic[...]]arexpseg ia, idur1, ib[, idur2, ic[...]]krphasorkcps[, iphs]arphasor xcps[, iphs]irtableindx, ifn[, ixmode][, ixoff][, iwrap]irtableiindx, ifn[, ixmode][, ixoff][, iwrap]krtablekndx, ifn[, ixmode][, ixoff][, iwrap]krtableikndx, ifn[, ixmode][, ixoff][, iwrap]artableandx, ifn[, ixmode][, ixoff][, iwrap]artableiandx, ifn[, ixmode][, ixoff][, iwrap]kroscil1idel, kamp, idur, ifnkroscil1iidel, kamp, idur, ifnkroscilkamp, kcps, ifn[, iphs]kroscilikamp, kcps, ifn[, iphs]aroscilxamp, xcps, ifn[, iphs]aroscilixamp, xcps, ifn[, iphs]arfoscilxamp, kcps, kcar, kmod, kndx, ifn[, iphs]arfoscilixamp, kcps, kcar, kmod, kndx, ifn[, iphs] ar1 [,ar2]loscil xamp, kcps, ifn[, ibas][, imod1,ibeg1,iend1][, imod2,ibeg2,iend2]arbuzzxamp, xcps, knh, ifn[, iphs]argbuzzxamp, xcps, knh, kih, kr, ifn[, iphs]aradsynkamod, kfmod, ksmod, ifilcodarpvocktimpnt, kfmod, ifilcod[, ispecwp]arf o f xamp, xfund, xform, koct, kband, kris, kdur, kdec,iolaps, ifna, ifnb, itotdur[, iphs][, ifmode]arpluck kamp, kcps, icps, ifn, imeth [, iparm1, iparm2]krrandxamp[, iseed]krrandhkamp, kcps[, iseed]krrandikamp, kcps[, iseed]arrandxamp[, iseed]arrandhxamp, xcps[, iseed]arrandixamp, xcps[, iseed]

- 124 -SIGNAL MODIFIERSkrlinenkamp, irise, idur, idecarlinenxamp, irise, idur, ideckrlinenrkamp, irise, idec, iatdecarlinenrxamp, irise, idec, iatdeckrenvlpxkamp, irise, idur, idec, ifn, iatss, iatdec[, ixmod]arenvlpxxamp, irise, idur, idec, ifn, iatss, iatdec[, ixmod]krportksig, ihtim[, isig]artoneasig, khp[, istor]aratoneasig, khp[, istor]arresonasig, kcf, kbw[, iscl, istor]araresonasig, kcf, kbw[, iscl, istor]krmsr,krmso,kerr,kcpslpread ktimpnt, ifilcod[, inpoles][, ifrmrate]arlpreson asigarlpfreson asig, kfrqratiokrrmsasig[, ihp, istor]nrgainasig, krms[, ihp, istor]arbalanceasig, acomp[, ihp, istor]krdownsampasig[, iwlen]arupsamp ksigarinterpksig[, istor]krintegksig[, istor]arintegasig[, istor]krdiffksig[, istor]ardiffasig[, istor]krsampholdxsig, kgate[, ival, ivstor]arsampholdasig, xgate[, ival, ivstor]ardelayridlt[, istor]delaywasigardelayasig, idlt[, istor]ardelay1asig[, istor]ardeltapkdltardeltapixdltarcombasig, krvt, ilpt[, istor]aralpassasig, krvt, ilpt[, istor]arreverbasig, krvt[, istor]OPERATIONS USING SPECTRAL DATA TYPESdsigoctdownxsig, iocts, isamps[, idisprd]wsignoctdftdsig, iprd, ifrqs, iq[, ihann, idbout, idsines]wsigspecscalwsigin, ifscale, ifthreshwsigspecaddmwsig1, wsig2[, imul2]wsigspecdiffwsiginwsigspecaccmwsiginwsigspecfiltwsigin, ifhtimspecdispwsig, iprd[, iwtflg]ksumspecsum wsig[, interp]

- 125 -SENSING & CONTROLktemptempestkin, iprd, imindur, imemdur, ihp, ithresh, ihtim, ixfdbak,istartempo, ifn[, idisprd, itweek]kx, kyxyiniprd, ixmin, ixmax, iymin, iymax[, ixinit, iyinit]tempoktempo, istartempoSOUND INPUT & OUTPUTa1ina1, a2insa1, a2, a3, a4inqa1soundinifilcod[, iskptim][, iformat]a1, a2soundinifilcod[, iskptim][, iformat]a1, a2, a3, a4soundinifilcod[, iskptim][, iformat]outasigouts1asigouts2asigoutsasig1, asig2outq1asigoutq2 asigoutq3asigoutq4asigoutqasig1, asig2, asig3, asig4a1, a2, a3, a4panasig, kx, ky, ifn[, imode][, ioffset]SIGNAL DISPLAYprintiarg[, iarg,...]displayxsig, iprd[, iwtflg]dispfftxsig, iprd, iwsiz[, iwtyp][, idbouti][, iwtflg]