9. Analysis and esynthesis pocedures
(This section last updated June 2002)

This section preides tutorial information on thregnalysis/esynthesigechniques &ilable on the
ECMC SGI and Linux systems:

* phase wcoderprograms analyze the changing signal gnevithin hundreds or thousands @y
narrav frequeng bands; during resynthesis, the signal is reconstructgdmbdifications in pitch,
duration or other parameters can be introduced

» sms ("Spectral Modeling Synthesi¥) is a package of programs originallyvemped at CCRMA
(Stanford Un¥ersity) in which sounds aredded into a periodic (pitched) component, analyzed in a
manner similar to phaseeoder procedures, and a "stochastic" (aperiodic) component, analyzed as
filtered white noise.smsresynthesis techniques pide a broad range of sound modification possi-
bilities, including timbral morphing,ui work much better with certain types of sounds than with oth-
ers.

* linear predictor coding (Ipc) analysis and resynthesis programs do not attempt to capierng
frequengy component within a source soungdt bather to capture timeawying spectralormants(res-
onances, or emphasized navrirequeng bands). Spectral formant analyses createtpbgoftware

can be used with Eastman Csound Library instrument algorghymto produce aried resynthesis

of a sound, or with algorithmsynto create aybrid, cross-synthesized "child" sound tHzs some
characteristics of its tw/"parent” sounddpc resynthesis and cross-synthesis also can be performed
with themixvievsapplication.

All analysis/esynthesiprocedures (there are others in addition to the threewdwhere) inolve
two deps:
(1) time \arying spectral (timbral) and amplitude analysis, and sometimes pitch analysis as well, of a
source sound;
(2) resynthesis operations, in which this analysis data is used to createsaunelfile, generally
with modifications such as pitch shifting, timbral modifications, tinagpimg (epansion or contrac-
tion of the original duration) or formant shifting (changing the apparent sizeysicphcharacteris-
tics of the vibrating object)
In most cases:
« the source soundfile to be analyzed must be monophonic
Exceptions: Thamixvievs application can perform botpshase vocodeand (often less successfullpc analysis and
resynthesis ostereoas well as mono soundfiles. TR¥ Cprograms can be used with input soundfiles withram-
ber of input channels.

« the analysis and resynthesis operations are performed in succession, rather than simultaneously

First one performs spectral analysis of a source soundfitest often, the resulting analysis

data is written into a file, and the data within this analysis file is then used to perform resynthe-
sis. Onceone has obtained a usable analysis file, this file can be ugedimber of times to
performarious types of resynthesis.

Exceptions: The&€eresphase wcoder application stores the analysis data in RAM for immediate resynthesis, and pro-
vides no means to @& this analysis data permanently to a file.most of the®VC programs, analysis and resynthesis

are performed in a single, continuous operation, and the analysis isvemt ldavever, the PVC programpvanalysis

does write analyses to disk files, and these analysis files can then be usedwiththderesynthesis programs, such
astwarp.

Because these analysis files aeeyMaige — sometimes lger than the source soundfiles themsglv
— we dore them on thenddisks rather than on the smaller system dislker@dnaandsyrinx When you
launch aw of the analysis or resynthesis programs discussed here, the program automatioediyntoo
current vorking home soundfile directorg$FDIR), and will write all nev files you create to yo$SFDIR
unless you specify an alternagisibdirectory or path. In naming your analysis files, be sure that the name
you provide will indicate to you in the future that the file is a phas@der smsor Ipc analysis file (which
is not playable), rather than a soundfile.
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9.0 Analysis and resynthesis procedures

In addition, thesflib directories include aanal ("analysis file") subdirectorywhich in turn includes
the folloving subdirectories:

/sflib/analpv : includes phaseocoder analysis filesvailable to all users

We haveplaced only a fe files here, because phaseEeder analysis files tend to bery lage, and thg can be easily recre-

ated.

/sflib/analéms: includessmsanalysis files aailable to all users

/sflib/anallpc : includes linear prediction analysis filasigable to all users

All three of the techniques swayed here share certain common capabilitifEer example,analy-
sis/resynthesigorocedures generally priole independent control of pitch and duration, so that during
resynthesis one can change the pitch of a sound without altering its duration, arsae Notdhat this
generally is not possible with most haate or softare resampling techniques, such as thoseiged by
ECMC Csound Library algorithmsampandtsamp Some sequencgsgnal processing and plug-in pro-
grams, such asogic Audio, Reak, HyperprismandProTools provide time &pansion and contraction by a
different technique — by duplicating groups of samplesxtenel the duration, or eliminating groups of
samples to reduce the duratioith some periodic sounds thiowks fairly well, but artifacts and glitches
often result, especially with more conpkdunds.

Phase vocodersms and Ipc procedures each ¥& wnique capabilities — notvailable, or not
obtained as easily or with as much control, by means of the othdediniques. And each has limitations
and pitalls as well. Here are aviegeneral guidelines:

Most phase wcoderprocedures are compasadiy easy to use, presenting the user with redhtifew deci-
sions, loit offer a comparately narrov range of resynthesis modification possibilities, often limited to time
warping and/or pitch shifting. Heever, extensions to these basic proceduresilable within thePVC pro-
grams, preide maty additional possibilities for sound modification.

Advantayes: ease of use; oftenasks fairly well, and sometimesevy well, on a wide range of har
monic (pitched) and inharmonic sound sources; often the best or easiest methodwithusey

pitched or ery high pitched sounds, with acoustically comercussie ounds, with string tones,

and with most types of speech, especially if your resynthesis goakirdrestraightforvard or lim-

ited.

Limitations and disadvantges: time stretching often introduces aatits, notably a metallic or artifi-

cially "reverberant” or smearing qualjtgthough there are ays to minimize such distortion; pitch
shifting also shifts the formants (resonances) of a sound, often resulting in timbral changes or an arti-
ficial timbral quality; analyses often need to be custom tailored to anticipated types of resynthesis
modifications (an analysis thabvks well for one type of resynthesis modification maykapoorly

for other types of modifications)

sms pravides some unique possibilities for timbral, pitch and durational modification during resynthesis,
but is more complicated to use, and oftenrks much better with companatly simple harmonic (pitched)
sounds than with inharmonic or timbrally compseurce material or with speech.

Advantayes: considerable fiability in resynthesis operationsmstechniques are particularly well
suited for "morphing” between twtimbres, and for "detuning” a timbre by changing the frequenc
ratios between its partials; timeavping usually does not introduce temporal smearing

Limitations and disadvanggs: does not preide good resynthesis for mapercussie a inharmonic
timbres, or for most le pitched or \ery high pitched harmonic timbres, which may sound anemic or
"synthetic" after resynthesis; certain types of quasi-harmonic timbres with strong noise components,
including lov pitched string tones and piano tones, can bicdif or impossible to capture ade-
quately; complicated to use, sometimes requirivgrakattempts before a good analysis is obtained.

Ipc resynthesis wrks well with certain types of both pitched and inharmonic timbres (eadwinds, cro-
tales, maracas and, sometimescal tones and speech)tloften less well, or poorlwith other timbrally
comple types of timbres, such as piano and string tol@sss-synthesis is often easier and more success-
ful than timbral resynthesis.

Advantayes: Ipcis often the besmethod for the creation ofybrid, cross-synthesized timbres (tim-
bres in between those ofadvecoustic sources); unkknostphase vocodeandsmstechniques, pitch
shifting will not result in formant shifting (unless youamt it to); prewides a wide range of
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modification possibilities.

Limitations and disadvantgs: Ipc techniques are often the most complicated of the threeyadv

here, sometimes requiringveeal retries before the desired result is aofde works much better

with some types of timbres than with others, and sometimes producezyaduality or artécts;
resynthesis does not captepact frequeng ratios within a sound,ut rather a simplified,\@rly har

monic approximation of these ratios; silences within a sound source may result in amplitude pops,
chirps and hiccups.

In addition to the information preided here, | suggest that you consult the discussions of pbesdey
smsand linear prediction procedures, as well as altematialysis/resynthesis procedures, within Curtis
Roads Computer Music dtorial.

9.1. Phasé/ocoder procedures

On the ECMC SGI and Linux system«aml phase wcoder programs are/alable for use. Some
of these programs prale a limited range of resynthesis modification possibilities, and are coraglgrati
simple to use, while others pide more gtensve @apabilities, generally at some sacrifice in ease of use.
Some emplg a gaphical interce, others a Unix command-line synt&te four programs or packages
listed belaov currently are the best documented and most reliable of our pbesder applicationsUsers
are encouraged to try outdver more of these alternatis to determine which best suits theiorking and
musical preferences:
(1) Ceres: recommended primarily as an introductory application, or for applying particular modifi-
cations to isolated sounds, rather than for systematic useggsan rcellent display of the analysis
data (the best graphical display ofygmogram sureyed here), which can be useful in understanding
why timbres sound as tiielo; provides only a single analysis option; analyses and analysis settings
cannot be saed, kut the program does supply some useful additions to basic resynthesis options; rec-
ommended as especially for introductorgrivwith phase ecoding
(2) PVC : avery comprehense and paverful collection of programs that pride maty analysis
and resynthesis options. As a result of theseyraaalysis and sound modification options, the learn-
ing cune an be rather steeplhe PVC programs are run from a shell winvddby editing template
script files. Highly recommended for those whamt to eplore the full capabilities of phaseaod-
ing techniques.
(3) TheCsoundutility pvanal, used in conjunction withCsoundunit generatopvoc or with East-
man Csound Library instrumephavoc ; the analysis options gfvanalare limited, loit this method
provides considerable #ility, and also is by dr the best method to use if yoant to construct
complete melodies, chordal sonorities or compéatures, rather than isolated sounds, by means of
phase wcoder rgnthesis; bginning users can emplanalyses created withvanalin scores for
Library instrument algorithnphavo¢ advanced usersamiliar with Csound orchestra file design can
create theilown resynthesis algorithms, which might incorporate some receniloped opcodes
that pravide additional resynthesis modification possibilities.
(4) Mammut an idiosyncratic application, quite @&frent in approach from all of the others discussed
here, that requires axgerimental, heuristic, "leg’ get lucky” attitude, rather than a methodical or
systematic approach to sound modification. The resynthesis results are often surprising or unpre-
dictable — you may generate a lot @frgage soundfiles, then suddenly produce a real gem without
knowing exactly why. Recommended for those whodilo tinker and &periment.
(5) mixviews is a paverful application that can be used to perform yniypes of signal processing
operations (phaseoeoding is just one of its geral modules) within a soméat non-standard GUI
interface; initially this application may seem rather complicated to use; video a f&v unique
phase wcoing capabilities, particularly for editing and modifying analysis data, avetateof
mixvievs phase wcoder options can be appliedlpz analysis and resynthesis operations as well.
However, while the phaseacoder capabilities ahixvievs are serviceable, | do not find these to be
among the stronger features of the application. Compared with the four other applicati@shabo
phase wcoding techniques pvided by mixvievs do not preide ary particular special adntages.
Thus, we will deote comparatiely little time in class and in thiblsers’ Guideto phase @coding
techniques withmixviewvs, and you likely will use this application more&nsviely in your work with
LPC procedures.
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Unfortunately phase wcoder analysis files created with one application generally are not readable or
usable by other application€sound for example, can only read and process phasmder analysis files
created withpvanal and cannot open analysis files created wiilkvievs or PVC. Thus, if you use more
than one of these phaseceder applications, it is important to kmavhich of these applications created
each of your phaseoeoder analysis filesOne way to assure this is to use some consistent naming proce-
dure when creating analysis files, such as using consistent file REensiens or prefes.

Thus, if we hae aeated tw phase wcoder analysis files of th&flib/string soundfilevin.b3 one with thePVC program

pvanalysisand one wittpvanalfor use withCsound we might call these files

vin.b3.pveoor perhappvcanal.vin.b3 (PVC)
vin.b3.pvanal or vanal.f2vin.b3
(pvanal/Csound)

Alternatively, we might prefer to include a file nama&tension such agpvwhen naming all of these files,tto place them in

separate subdirectories, one of which contains all oPM@ analysis files, another of which includes all analysis files created

with the Csoundutility pvanal

The discussion belo focuses primarily — it not eclusively — on the four applications listed
above. Phase wcoder operations are the most widely used type of analysis/resynthesis procediias, on
dowsand Macintosh as well as Linux/Unix systenisr this reason, the discussion that falfoincludes
some generalized information applicable to almost all phaseder operations.

Analysis parameters

Various phase acoder analysis applications feif in the number of required and optionajuaments
that can or must be priled by the uselnd sometimes also in the scale or range of usatles for cer
tain parametersCeresand Csound pvanalprovide relatvely few analysis agument options, empying
default values that cannot be changed for most analysis parametgianiBg users may welcome this
"lack of complication." One problem with such programsyéay, is that if the resulting analysis does not
provide successful resynthesis, oonks with certain types of resynthesis modificationg, ot with oth-
ers, there is relatély little that the user can do to imp the analysis. Other programs, and in particular
the PVC programs, initially may confront us with more parameter decisions thanowiel \like; havever,
these "hooks" can pvale a means to impve an unsatishictory analysis, or to tailor an analysis to particu-
lar resynthesis goals.

A majority of phase @coder analysis programs include at least &malysis parameters:

(1) Frequency (speca) resolution :Number of FFT filters:

This value, often abbréatedN or FFT, determines the number &ast Fourier Transformbandpass filters

to be used in the analysihe agument must be an irger and a peer-of-two. Most often, the defilt
value is 1024.A higher \alue, such as 2048 ovan 4096, sometimes is necessary or desirable for adequate
frequeng resolution of compbetimbres. Occasionall\b12 filters works better The lager the number of
filters, the slaver the computation time, and thegar the resulting file.

The center frequencies of the filters avenespaced between 0 herz and the Nyquist frequéik2
of the sampling rate). The frequenesolution of the filters is
nyquist feq. / (FFT/2)
[the nyquist fequencydivided by the=FT value divided by 2 ]
Thus, with a 44100 herz soundfile and=HT size of 1024, the frequepncesolution is
22050/ (1024/2)= 22050/512 = 43.066 herz
In other words, the filters are centered about 43 herz apart, at 0 hz., 43 hz., 86 hz., and so on up to 22 kHz.
If the source soundfile had a 22k sampling rate, the filtetddinstead be centered 21.533 herz apart.

The goal in setting thEFT size is to set it high enough that no more than one freguweameponent
within the source sound spectrum lies withiry amdividual filter? but also, for reasons discussed helo
not to set this alue aly higher than necessary to ackeetis end. Thus, if the source sound is a high
pitched flute tone, aRFT size of 1024 will probably do just fine (the partials of the flute toneadntg far
apart). By contrast, if the sound you are analyzing igx@al, or a ery low piano tone (both of which may
contain partials that are closer in frequetitan 43 herz), a high&FT vaue of 2048 or een 4096 may

11f two frequencies lie within a single filter band, ytheill "fuse” into a single resynthesis frequgnaith
strong amplitude beating, resulting in timbral distorti@enerally this is undesirable and will sound badt b
in certain cases it can produce interesting modifications to a source sound.
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9.1 Phaseacoder procedures

yield better resultsHowever, some analysis programs, includipganal do not allov more than 1024 fil-
ters, although this limitation soon may be changed.

(2) Analysis period Window (Frame) Size

This parameterwhich also must be an iger and a peer-of-two, determines the number of samples
included in (and thus the duration of) each analysis frame (or "widdOften, this agument has a
default value equal to th&FT parameter (usually 1024), or else to twice the F&lle: Ifthe sampling
rate of the source soundfile is 44.1k and the frame size is set to 1024, each analysis frareageltize
amplitudes and frequencies of all spectral components deteated @eriod of about 23 milliseconds
(1024/44100 = .0232)If we increase the windo size to 2048 samples, each analysis frame will encom-
pass about 46 milliseconds of the source sound, which is adequate fosustined sounds with ampli-
tude, pitch and spectral\etopes that wolve rather slavly. For strongly pitched harmonic source sounds
(especially lav pitched sources), windosizes 2048, 4096, or else onewsr-of-two larger than the FFT
size, sometimes yields better frequenesolution than 1024 — if the analysis programvedicuch alues.

However, with phase vocodealgorithms there generally is a tradéloétween frequencresolution
and temporal resolution. HighFT values and (to a somdat lesser dree) high andrrame/WWhdow size
values generally produce better frequerfand thus timbral) resolution,ub poorer temporal resolution,
which may cause smearing or uemwted "reerberation” or "flanging." Thealues you choose fé&FT and
Windowsize will be determined in part, therefore, by whether you intend to be transpose the pitch of the
sound, or to alter its durationf we wish to stretch or shrink the duration of a source sourtdydt change
its pitch, laver FFT andW values, such as 512, may produce better resiflise will be performing both
pitch transposition and temporal modification during resynthesis, we may need to tryesahthFT and
frame size alues before finding the best compromise.

(3) Frame ofset

Each analysis frame is statigjeeaging the spectral content and amplitugter @ duration determined by

the windav size. If the analysis frames analyzed suceessbn-overlapping sgments of the source sound,
resynthesis ligly would result in discontinuities, glitches and loss in audio quality correct for this,

phase wcoder (and, alssmsand Ipc) analysis algorithms werlap the frames, so that each frame shares
mary samples both with the preceding frame and with the violig frame. A frame ofset (sometimes
calleddecimation value determines the number of samples between adjacent frames, and thus, in combina-
tion with theframe size/windowalue, the amount by which the framegedap. Of the phaseocoder
applications sumyed here, onlynixviewsrequires drame ofsetvalue.

Resynthesis parameters

Two resynthesis parameters are included in almost all pleesel®r resynthesis programs:
(1) Some method to specify changes in duration (tireping)
and
(2) Some method by which to specify pitch transpositions

Pitch transpositions often are specified by meansFoéguency Multiplierparameterwhose agument is a
multiplier for all of the frequenccomponents detected in the analysiglues of 0 and 1 typically lva o
effect. A value of .5 will transpose all of the frequgncomponents within the source soundmdoan
octave without afecting the duration. Aalue of 2 will raise the pitch of the soundfile an wetand a
value of 1.5 will shift the pitch up a perfect fifth. (Consult the online ECMC helpfitéaratios for other
pitch intenal ratios.) Havever, pitch shifts also will result in a corresponding shift in formants, which prob-
ably will not be noticeable in idiophonic soundst kvill be all too apparent (the so-called "munchkin” or
"sick canv" effect) when sounds with strong formants (suchasalvand string tones) are transposed up or
down by more than a minor third or so.

Time warping is specified inarious vays in diferent program.The PVCprograms include a timexpan-
sion/contaction factorparameterBy contrast,mixviewvs and Csoundsimply require the user to specify an

output duration for the resynthesis soundfifethe output duration is less than the duration of the analysis,
time compression results. (Each analysis frame is used for a shorter resynthesis duration than in the original
sound.) Wherthe output durationxeeeds that of the analysis, timeyansion results. (The reading of the
analysis frames is "sieed davn.") Althoughthis may seem simple, it can cause problems when significant
compression organsion (by adctor of 4 or greater) are performedit bhe Frame (window) sizand
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9.1 Phaseacoder procedures

Frame ofset (decimatiopanalysis parameters were not optimized for this much compressiompamston.

In addition to time warping and pitch shifting, the tamost basic and common types of sound modi-
fication procedures applied during resynthesis, some ploaseler programs — notably those in #¢C
package — prnade maiy other types of resynthesis modification possibilities that are controlled by addi-
tional parameters.

Simple soundfile examples

In thesflib/x directories of our SGI and Linux systems you can find a soundfile chitetspeel, a
fragment from the lgnning of the beleed soundfile voicetest A phase wcoder analysis ashortspeel
was wsed to create eight illustredéi resynthesized soundfiles, also located ingftib/x directory named
phaseoc.1 through phas&oc.8 These eight soundfiles originally were created with aw(obsolete)
NeXT phase wcoder applicatio®VC.app Howeve, snce these aralfrly rudimentary gamples of typical
phase wcoder sound modification procedures, these soundf@m@es could be created easily enough
with Ceres, PVC mixvigsor Csoundas well.

phas@ocl: straight resynthesis (should sound identical to the original)

Pitch shifting only:
phas&oc?2: pitch is lavered a perfect fourth (5 semitones)
phaseoc3 : pitt is lowered an octave
phas@oc4: pitch is raised a perfect fourth (5 semitones)
phas&oc5: pitch is raised an octe

Time warping only :
phas@oc6: time compression by adtor of 4 (the output duration is 1/4 of the input duration, anbd
events happen four times as quickly; each 256 input analysis frames are used to create 64 output
resynthesis frames)
phas@oc?: time expansion by adctor of 8 (the output duration is 8 times the input duration; each
256 input analysis frames are used to create 2048 output resynthesis frames)

Time warping AND pitch shifting :

phas@oc8: time epansion by adctor of 1.5 (64 analuysis frames are used to create 96 resynthesis
frames) and the pitch is raised by one semitone

9.1.1. UsingCERES

Ceresis agraphically-based phaseaoder analysis and resynthesis application originally written for
SGI systems by Oyvind Hammer (who also wrote the 8@l application) and subsequently ported to
Linux by several programmers.Hardcopy documentation is\ailable within the SGI DOCsand Linux
DOCshbinders in rooms 52 and 53, and you should consult this documentation before and while using the
application. A simplified tutorial summary is presented here. Another usage summanjidegin Dae
Phillips’ Linux Music & Soundext.

Cerescreates an analysis in RAM for immediate resynthesis, amieono means to wathe anal-
ysis data to a disk file. In addition, this does limit the size of soundfiles that can be anblgzexder, on
all of our SGI and Linux systems (and especially on Linux systexdkingandfirebird, which currently
have 512 MB of RAM, this rarely is much of a limitationThe application prgdes only one usesettable
analysis parameter: the numberFT filters to be used in all analyses you create after opening the pro-
gram. The defult value is 1024.

To dart Cereswith this defult FFT value, simply typeceresin a shell winda. Unless you append
an ampersand to this command li@efeswill tie up this shell windw for as long as it runs.
To st theFFT value to some other peer-of-two number such as 2048, type

ceres 2048

If you wish to change thisalue, you must quit the program and reopen it withva argument. Theuser
cannot adjust thErame (window) sizary other analysis parametealues, all of which are fed.
The program will open with a blank wingdcend menus foFile, Transform, Expor{rarely used) andet-
tingsnear the top, just under the titlebar
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Two resynthesis modes areadable: a fster ot lower quality mode (the dedilt) and a shkver kut
better quality mode. Almostwabys, you will want to change immediately to the higher quality mode:
» Under theSettingsmenu, click onResynthesisThen, in the n& window that opens, check the
Additive Synthesisox and click ofiOK]
You dso may wish to change the deft gray display to something more colorful:
» Agan under theSettingsmenu, selecDisplay, then change the dailt Grey (sic) colors default
either toHot or Cold colors.

To slect a soundfile for analysis, click &ile, then onLoad & Analyze In the selection winde
that opens, select or type in a soundfile and then cli¢iokhor tap a carriage return. Stereo input sound-
files can be usedubthe resynthesis output will be mono.

The analysis may taksome time. When it is completed, a timarying display of the frequencies within
the sound will be displayed.

Generallyit is best to perform straight resynthesis (no modifications) first to test the quality of the analysis.
To do this, selecSynth & Saveinder theFile menu. In the "dialog box" that opens, type in a name for the
output (resynthesized) soundfile and clicK©K] or tap a carriage return. When resynthesis is completed,
play this test soundfile. If it sounds good, you can proceed to create one or more additional resynthesis
soundfiles, this time with modifications. If the result is not good, your only recourse (other than quitting the
program and reopening it with anotlf&fT value) is to reduce the number of frequgromponents used

in resynthesis. @ do this, click on theTransformmenu, then orSieve then set théNumber of harmonics

value to some (pwer-of-two) number less than th&T value, then click ofOK], and then redo the resyn-
thesis.

Modifications

To perform time varping during resynthesis, click on tBettingsmenu, then oResynthesiand, in
the box that opens, seflane stetch factor (greater than 1. for timexpansion, less than 1. to compress the
duration).

All other available resynthesis modifications, whicheadt either pitch or timbre, are accessed under the
Transformmenu.
For pitch transposition,selectPitch shift and, in the box that opens, sefransposition facto("fre-
gueny multiplier") greater than or less than 1. (Consult the helpftehratiosin a shell windav for
equal tempered inteallic ratios.)
To introduce a continuouglissandoalso include aalue in theMultiplication per secondbox, agin
using thepitchratios file as a guide if necessaty we pace a alue of 1.059 in this box, the pitch
will ascend by one semitone (a frequematio of 1:1.059) during each second of the output sound-
file.
Checking theControl functionbox and setting &tatic flequencycan produce interestingfetts, in
which all of the frequenccomponents either dérge from, or corerge m, this fixed frequeng

After setting thePitch shift parameters, and wrother Transformoptions, as you wish, and closing
the boxes for these options, aigp selecSynth & Saveinder the~ile menu to perform resynthesis.

Although theFile menu also includes Rlay option, the soundfilesvailable for playing will not include annew, resynthe-
sized soundfiles you create wifleres You must play your output soundfiles from a shell wimdo some other application.

After experimenting with the time arping and pitch transposition options yided by Ceres you
also may wish toxplore some of the timbral modification optiongitable under th@ransformmenu, and
discussed (briefly) within the hardgofSeresdocumentation:
Sieve (which, as noted earliereduces the number of FFT frequencies used in resynthesis) will sim-
plify a timbral spectrum, especially when smallues (less than 20) are specifidllith asieve value
of 10, cereswill completely eliminate all bt the ten strongest (highest amplitude) frequencies within
the spectrum.An additional option enables us to change thlil® exponentially wer time, so that
the spectrum either becomes gradually less congplmore comple& (“richer").
Spectrum shifadds a fied positve a negdive rumber to each frequeppncomponent. Thifrequency
shifting "detunes" the timbre (altering the ratios between its frequencies, and usually making these
ratios more complg. Note that the dfect is quite dierent from pitch transposition, which presesv
theratios between the frequepcomponents of the spectrum.
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Filter applies aband ejectfilter to the analysis, filtering out a contiguous portion of the original
spectrum.

Averagesmooths out timearying changes in the frequgncomponents, \&raging the frequerycof

each componentver the full duration of the output soundfile. In this manmer could change ner

mal speech inflections into a monotone.

To useMove to pitt grid , first click on theSettingamenu and sele&rid scale and set this &lue to

Major, Minor, Pentatonicor Chromatic Then, in theMove to pit& grid, select a probability between

0 (no change in the original frequencies) and 1 (maximum chatigtlis parameter is set to al
frequeny components within the resynthesized soundfile will be shifted so that the resulting sound
outlines a major or minor chord, or a pentatonic or chromatic scale.

O Important note: If you create a series of resynthesis soundfiles in succ€ssamgenerally will
retain the preious resynthesisalues while adding changes you makhus, if you apply a pitch shift, and
then, in your net resynthesis, edit th8pectrum shifparameterthe precedinditch shift value likely will
be retained. This may or may not be what you intend. When in doubt, check throughidhe resynthesis
parameter settings under thansformmenu, and also the current setting of Tivae stetd factor, before
launching a resynthesis.

9.1.2. Usinghe PVC programs at Eastman

PVCis a collection of xcellent phaseacoder programs (currently the mostensive and paverful
phase wcoder programsvailable on the ECMC systems) written bau? Koonce. Documentation imtml
format is @ailable online through a link in thenlinedocgage of the ECMC web site (read the ECM&E v
sion rather thanaul Koonces ariginal version). Thisdocument, also included in the hardg&Gl DOCS
andLINUX DOCsbinders in the studios, has been edited by Allan Schindler to reflect ECMC usage, and
should be your principal starting point and reference sourcedid with thePVCprograms.

To dmplify usage of may (but by no means all) of thd®VC programs described in the html documenta-
tion, | have aeated local scripts, with the routine name foka by the etension.tp, ("template™) based
upon models praded by Koonce, that can be used to run these programsbfiin a list of currently
awailable ECMC templates for PVC programs, type
pvc.tp

To dbtain a summary on koto use one of these template scripts, type the script name witlynmants.
For example, typing

plainpvtp
will display a summary of o to use theplainputp template. © see a generiplainpv script without pro-
viding input and output soundfilegqaments, type:

plainpvtp -

The PVC programs most frequently used by ECMC usersplaimpy, pvanalysisand twarp. How-

eve, you may disceer that one of the other programs is ideally suited to a particular compositional appli-
cation.

There are some internal fdifences in ho the PVC programs wrk on our SGI and Linux systemsorF
example, on the SGI systems, the input soundfile must be in AIFF format, and output soundfiles also are
ultimately written in AIFF format, Wt (for rather complicated reasons) internal processing is done in
NeXT/Sun format. By contrast, on the ECMC Linux systems, input and output soundfiles can be either in
AIFF or in WAV E format. Despite these uneiiie-hood diferences, hoever, a cript that you create to run

a PVC program on either an ECMC Linux or SGI system will produaety the same result when run on

ary of our other systems.

In addition to thesep script templates, | ve aeated gample script files for man(but, agin, not for all)
of thePVCprograms. @ obtain a listing of thesexample files, type
pvce
To dsplay one or more of thesgamnple PVC script files through the paging program "less," type:
pvce filename(s)
To capture one or more of these files, type:
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gepvee filename(s) > filename
Hardcoyy of all of these gample files is @eilable in theECMC PVC Exampléesinder in the studios.

Soundfiles in theflib/x directory aist for all of these xxamples &cept for a fev that do not create sound-
files, ut instead create an analysis file or some other type of file.

To learn hav to useplainpy, the most basic program in the PVC package, gratimer PVVC program for
which an ECMCitp script templatesasts, | recommend the folldng steps:

(1) Read a portion of the online or hardgdpr ML documentation o®VCand find a program youamt to
try.
(2) Find out if an ECMC scriptxésts for the program by typing
pvc.tp
If an ECMC script doesxést:
(3) Find out whether one or more ECMgaeple files rist for the program by typing
pvce
and note the names ofample files for the progranin the case gplainpy, there are seral examples, and
we probably wuld beyin with exampleplainpvl
(4) Look at one of thexample files. ® see eampleplainpvl,for example, type
pvce plainpvl
or else consult the printout of this file in tBEMC PVC Examplebinder While studying this xample,
listen to the compiled soundfile in th#lib/xdirectory that vas created by thisxample file:
psfl plainpvl
(5) Look at, and listen to, othexamples created by the program, sucplasmpv2andplainpv3
(6) When you are ready to use the program yourself, obtain a template file for the pragranusBge
summary of hav to use an ECMCitp script, type the script name with n@aments:
plainpvtp
Then type

plainpvtp insoundoutsound
and, if eserything looks okay
Il > scriptfile

or else simply

plainpvtp insoundbutsound > scriptfile
to create a script file with analysis and resynthesis parameters that you can edit and then péarpwvun
(7) Next open this script file witli or some other e editor, changing some of the dmilt parameterai-
ues within the top half of the file to meet your resynthesis goals. Do not chatig@@mvithin the bottom
half of the file (after theOFFICE USE ONY" line except at the &y end of the script, where you can
remove any temporary gen function files you hee aeated. Theound sigr# senes as the comment sym-
bol for all PVCscripts, and all characters on a line that felthis symbol are ignored by t#®/C program.
(8) When your script file is readsun the program with the command

sh filename

(Note thatPVC scripts must be run by a Bourne shell, with sheommand. The Bourne shell, the oldest
type of Unix shell, diiers in some ways from thecshell [csH with which you probably are morarhiliar)
(9) When the job is completed, play the resulting soundfile. If youtarempletely happ with the result,
edit the script file agin and run it agin.

Phase @coder jobs sometimes can ¢ak bng time to run. ¥u can suspend gPVCjob in process at gn
time by typing "z ¢ontrol 2). However, on our SGI systems, the partially compiled output soundfile will be
in NeXT, not AIFF format, and will hee the temporary namgvcout Type
p pvcout
to play these partially completed soundfile. Resume compilation by t¢pimigfg. To kill the job, type™c
after resumption.On the Linux systems, you can suspend compilation to play a partially compiled sound-
file in the same manner; Wever, the partially compiled soundfile will ke the name you he provided
(rather tharpvcou), and will be in V& E format.
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For advanced and agnturous ECMC users: If youant to try to use a program, suchrasyfilter, for
which | have ot created an ECMQp script, you can find &l Koonces S.pogram_namescripts in the
directory

lusr/local/soundapps/PVC/SCRIPTS
However, these scripts will not ark out-of-the-box. Br one thing, therequire NeXT format input sound-
files, and for anothethey will not place you in your soundfile directory

Many of the parameteralues in thé®VVC programs can be controlled by means of tiragymg function
tables created wit@music @n outinesthat are bndled with thePVCdistribution. TheseCmusic gn ou-
tinesare similar in may respects t€sound gn outines but there are some importantfdifences as well,
as discussed and illustrated at length within the ECMIGion of the HTMLPVC documentation. Addi-
tional information on thesgen routines excerpted from FRichard Moores$ text Elements of Computer
Musig, first edition, is included as an appendix within the hard&@MC PVC Exampldsindet

9.1.3. Rerforming phase wcoder analysis and esynthesis with CSOUND

The Csounddistribution includes a standalone phaseader analysis program callpdanal and a
unit generator callegvocthat can be included within an orchestra file instrument to read in analysis files
and perform resynthesis. At Eastman, the stefmdvied in this process include:
(1) Usepvanalto create an analysis file.
(2) Use the local utilitypvlink to create a softink file, in your current wrking Unix directory that
"points to" this analysis file. See the online or harganpnpage forpvlink for details on using this
simple script.
(3) Use either an orchestra file that includes Eastman Csound Library algph#tvoc or else an
instrument algorithm of yourven design, to create a resynthesized soundfiteur ovn “instrument"
might be based upon the gengriavocalgorithm, tut include modifications onxéensions.)

A manpage forpvanalis available online, and in hardcggoth within theCsoundmanual itself and
in the SGI DOCsand LINUX DOCsbinders. Br a usage summary of the program, type the command
name with no gguments. The summary will look &khis:

Usage: panal [-n<frmsiz>] [-w<windéct> | -h<hopsize>] [-g | -G<latch>]
[-v | -V txtfile] inputSoundfile outputFFTfile

This is repulsie, but there is good mes: The program isairly robust. In most cases the flaggament
default values (some of which depend upon the sampling raiel adequatelyand the simple command
pvanal InpuBoundile OutpuAnalysisfile
often is suficient to produce a usable analysis. If not, you can treting with the-n algument and, if still

unsatisfied, with either thav or the-h agument.

« As dscussed earliethe -n (“frame size") ayument determines the number of samples analyzed within each analysis frame.
With 44.1k soundfiles, ang@rment of 1024 (the maximum alted, and also the dailt) generally wrks well, although there

are occasions when some of us wish we could raiseghis.v

« The-h ("hopsize") agument corresponds to tkeame ofsetparameter discussed earlier

« Alternatiely, in place of ah value, it is more common tepecify a-w ("window overlap") factor which has a deiult value

of 4. This specifies that thé ("hopsize," or "frame déet") value equals then "window size" divided by 4. If-n is set to

1024, the "hopsize"alue would be 256.The-w argument should notxeeed 8 frame sizalivided by 8).

pvanaland thephavocLibrary algorithm do not prdde the abndant modification possibilities of
such applications @efesor mixviavs With pvanal one
« cannot adjust the number BFT filters, an unfortunate limitation;
» one must analyze an entire input soundfile (it is not possible to analyze only a portion of the sound);
and
« the resulting analysis data currently cannot be edited by simple means
Despite these limitations, if youamt to create fthms, melodies, comptdextures or simply a lot of out-
put notes from one or more phasmoder analysis files, Csousdbility to resynthesize annumber of
simultaneous or succegsiautput notes in a single pass, with user contvet the relatve anplitudes and
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other phrasing characteristics of these notes, carvleale. Thescore file that producesilib/xexample
soundfilephavoc22for example, creates 22 output notes. One recoils at the tediumdhét e ivolved
in creating each of these resynthesis notes one at a time with one of our otheopbdse programs, and
then mixing them all together

For usage information on thphavocalgorithm, along with a score template anthraple scores,

consult theeastman Csound Libry binder A score template is obtained in the ustion:
getsc phavoc filename

Advanced users will find some recentlwdeped atensions to Csounsi’basic phase acoder resources.
pvaddcan be used to synthesize only a single frequeomponent, or groups of selected frequecam-
ponents, from an analysis file, "filtering out" all other frequencieser8epvadd opcodes could be
employed within an instrumentpvcross and pvinterp provide some basic cross synthesis possibilities
between tw source soundguvcrossmaps applies the timeawying amplitude &lues for each partial from
one analysis file to the frequgnealues desied from a second analysis filpvinterp can be used to
"morph" between tw sounds.vpvocenables one to apply timarnying alterationgo the amplitudes of the
frequengy components of a sound.

9.1.4. USingAMMUT

mammutis an ofbeat, phaseacoder based SGI application also written by Oyvind Hammer and
subsequently ported to Linux by other programmenammuiperforms an FFT analysis of an input sound-
file in a single windw rather than in successi framesa, and then uses thisétaged" analysis data to per
form various types of transformations on the souAd. a result of this unorthodox approach, the output
resynthesis often will souncery different from the original sound, and generally will not fallihe origi-
nal spectral eolution. The same parametealues applied to tovsound sources may produce startling dif-
ferent outputs.

Some ECMC users fa found mammutto be a highly intriguing application that produces results
that could not easily be obtained withyasmther DSP programOther users find the application simply
goofy. Procedures for running the application arevled in the ECMGhelpfile mammutand in the
SGI DOCsand LINUX DOCsbinders.

9.1.5. UsingMIXVIEWS

mixviensis a compreheng 351 and Linux application that alles us to perform arious types of
soundfile editing, analysis, simple mixing (such as cradm§ between tersoundfiles) and filtering opera-
tions. Inaddition, mixviewvs provides subroutines for performing phasseder analysis and resynthesis,
and alsdpc analysis and resynthesis in separate operatibike the dap and snd applicationsmixvievs
can be used instead of the bare-boned ¢asy-to-use) SGoundeditorapplication for editing soundfiles,
and also to applyarious DSP "décts" to these soundfiles (something that matrbe done wittrsoundedi-
tor). Here at the ECMC, lngever, mixviensis used most frequently to create linear prediction analysis files
for resynthesis with Csound.

Hardcopy documentation fomixviens is available in theSGI DOCsdocument in the studio. Mo
eva, this documentation is more useful as a reference by users who already understand the basic operation
of the program than as a tutorial introduction. No online HTH#lpis available within the application.

Although paverful, themixviavs program can at times bevleward to use.Each major signal pro-
cessing operation, such as performing a phaseder analysis, opens up ameindow ("view") that dis-
plays the data that results from this operation. This data is stored in RAM rather than written to a file, until
one e&plicitly performs aSaveoperation in this winde. The GUI interice does not folls some standard
X-windows corventions. Fr example, you cannot use the right mousédn to open a hidden menu and
"pop" this windav to the top of the stack. Rathéhe windav can only be selected by clicking on its title
bar With mary windows ("views") open simultaneouslhe title bar for the winde you want to actiate
often will be hidden, requiring that you miniaturize other wimsgdby clicking in the boad small dot near
the right edge of the titlebar) or elsewyadhem to the corners of the monitor displayorder to access the
desired winduv.

Eastman Computer Music Center Use®uide, Section 9 :Page IX: 11



9.1.5 Usingmi views

To open themixviawvs application, typemxv (short for ‘'MiXViews") in a shell windev. This will
open a blankmp ("temporary") windav with various menu choices under the titlebard place you in
your home soundfilefSFDIR) directory,

To open a soundfile (or some other type of file, such as a pbasder ofpc analysis file) for edit-
ing or use, click on th&ile menu and then sele€pen In the Openselection box that appears, select or
type in the name (and, if necessahe directory) of the soundfile or analysis file to be opened and tap a
carriage return, or else click Awindow will open displaying an amplitudeavdorm (or some
other type of data display) for the selected fileyou have qpened a soundfile, and wish to play it, select
Play under theSoundmenu. Selecting only a portion of a soundfile for playing, analysis or editing cannot
be done with the customary mouse dragging technique. Rather:

0 To =t abagyinning "edit" point for a selection, click in theavdorm display with thdeft mouse

button;

O To =lect anendpoint for the section, click on theawdorm display with themiddlemouse ht-

ton;

0 To =lect the entire soundfile ("select all"), clickyanere within the \avdorm display with the

right mouse bitton.
Soundfiles created (or else edited and theed3awith mixviavs are saed in AIFC rather tharAIFF for-
mat.

When you are done usimgixviavsyou may hae ®veal lage and miniaturized windes still open.
Even if you selecExit or Quit from one of these windes, each open windomust be closed, one by one,
and for each winde that contains unsad data, you will be relentlessly interratgd as to whether or not
you wish to see tis data.If you are absolutely CERAIN that you hae savel everything that you vant to
keep, you can simplify this repetié process by returning to the shell windérom which you launched
mixvievsand typing aontmol c. This will "pull the plug" onmixviews, aborting the program and closing all
of its open windws in a single step.

9.1.6. Usingmixviews to perform phase wcoder analysis and esynthesis
[Most of you can skip this subsection on usinigvievsto perform phaseocoder analysis and resynthesis.]
Creating a phase vocodanalysiswith mixvievs

To aeate a phaseoeoder analysis of a soundfile:
(1) Make aure that a winde for the source soundfile is open, and that yote tmlected the portion of this
soundfile to be analyzed. Thigjien must be highlighted.
(2) Under theAnalysismenu, seledPhase vocoder analysis
In the windav that opens, set the desired analysisi@s for the phas@goder analysis.
» TheFrame sizWindow sizgargument, discussed earligletermines the number of samples to be ana-
lyzed per frame. A suggested starting poadtie is1024
» The Frame ofsetand Frame iate alguments generally can be left@tmixviavs will then use defult
values for these guments.
» The FFT sizeargument, as usual, determines the number of bandpass filters to be ciéstatbault
value of 256 generally is too lav. A value of1024often works well.
Reminder: Increasing theFT value to 2048or higher yields better spectal resolutiant poorer temporal resolution. Gansely, a
value of 512 or 256 yields better temporal resolutiar,gmorer spectral resolution.
« If you will be performing time arping in your resynthesis, it usually is best to sEtree scalingralue
in this windav, and use a corresponding time scalirgdue in resynthesis.of example, aTime scaling
argument of4 will optimize the analysis for time stretching a resynthesis lagtf of 4, so that the dura-
tion of a resynthesized soundfile will be four times as long as the duration of the sound that has been ana-
lyzed.
Note, havever, that the resulting "custom” analysis file, optimized for a particular tkparsion &ctor probably will not yield good
resynthesis results if used for tirmempiession
(3) After setting these parameters, click@onfirmor tap a carriage return. When the analysis is donewa ne
window will open displaying this analysis dataotymay not find this display all that useful. Note that the analy-
sis data is in RAM, and is not\aal to a fie until you perform &aveoperation in this winde.

At ary time, nav or in the future when you open this analysis file, you can obtain information on the analysis parame-
ters by selectingile infounder theFile menu.
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Advanced users should note that ualikary other phase acoder programanixvievs allows one to edit and
alter the phaseocoder analysis data displayed in a windny means of arious operationsvailable under theEdit,
Modify andPvocmenus. These modification procedures sometimes can be useful in transforming sounds.

To perform phase vocodeesynthesiswith mixvievs:
(1) If a windaw for the phaseocoder analysis file to be used is not already open, open this analysis file, which
will load the data into RAM.Then select he much of the analysis is to be used in resyntheBisslect (high-
light) the entire file, click aywhere in the analysis display with tHght mouse btton; otherwise, use the left
and middle mouseuttons to select lggnning and end points within the analysis file.
(2) Within the analysis file winde, dick on File, then onNew Typeand then orsound He.
(3) In the "dialog box" that opens, set the soundfile headees and a name for the resynthesis soundfile.
(4) A blank nev soundfilewindow will open for the resynthesis soundfile data. In this winddick on Sound
then selecBynthesisthenPhase vocoderesynthesis
(5) Yet another "dialog box" will open, in which you must set the resynthesis parameters, including the desired
outputduration. This agument dedults toone secondand must almost alays be changed.
« If you donotwish to perform time arping, yourDuration argument should match the duration of the
phase wcoder analysis file.
* If youdowish to perform time arping, set th®uration agument to the desired output duration.
To launch the resynthesis, tap a carriage return, or cligRamfirm|
(6) When the resynthesis has been completed an amplitaxkornn display will appear and you can play the
resynthesized sound. If you dilkt, you can perform &aveoperation in the usual manner (sel8ewveunder the
File menu).

9.2. UsingSMS on the ECMC Linux systems

Spectal Modeling Synthesigs a paverful analysis/synthesis system created byieaSerra and
other programmers that has been undeeldpment for the better part of a decaderiginally, smswas
implemented on SGI systemgjtimost of the more recent\@dopment has been on Linux aidndows
platforms. Havever, newer \ersions of these programsvieaended to beumgy as you will see. Currently
yet another iteration of SMS is inwdopment — an open source, cross platform C++ library that should
become wailable in 2002 or 2203, and some day may supercede the Limsiom described in these
pages.

In the ECMC studios we are running aefiear old (lut still fully functional and robst) package of
SMS programs and related ECMC utilities on SGI syst&oana We dso a running a recentersion
(2.6.3) ofsms installed in June of 2002, on our Linux systems. These SGI and Lémsions of SMS are
completely incompatible; the programs and their parametdes diibstantiallyand analysis files created
on one of these platforms cannot be used on the. other

Even though this can cause some initial confusion, we are maintaining the oldezrSiGih wf SMS
on arcanafor the benefit of old timers alreadgnhiliar with it, and because it includes some significant
resources that do notork correctly or as well, in the ngver Linux version. Haevever, new wsers should
learn the Linux ersion, and it is highly unlédy that you will vant to talk the (considerable) time neces-
sary to master the SGlssion as well.All of the documentation in thit)sers’ Guide section, in the
LINUX DOCsbinder and in the online Linumanpages and Linuecmdelpfiles refers to the Linuxer
sion of SMS. Lgacy documentation on the SGlksion is maintained oarcanaand in theSGI DOCs
binder Do all of your work with SMS on the Linux systems.This includes vieing man pages, and
viewing and listening toxamples. The SMS documentation amdraple files orarcanarefer to the SGI
version of SMS, not to the Linuxavsion.

Overview:

smsis based on a spectral model in which sounds are made up @btmponents: gitched (also
called 'deterministi€¢) component, and aoise(also called fesidual' or "stodastic') component. When
analyzing a soundfilesmsfirst performs Burier transform procedures to identify the harmonic or inhar
monic partials within the sound.Unlike phase wcoder programs, ever, smsalso attempts to "connects
the dots," tracking each partial "trajectory" from frame to frame as a series of sinusoids that change in fre-
gueny and amplitude wer time. Theremaining portion of the sound, called tesidual which could not
be modeled by the frame-to-framepkution of these sinusoids, is then analyzed as filtered noise.
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smsanalysis/resynthesis is basically atatep process:

1) Createan analysis of a soundfile that models the pitch, amplitude and spgotutioa of the sound
over time. Thisanalysis is written to a (lge) file stored on thenddisk (along with your soundfiles),
but it is not playable.

2)  Usethis analysis file to synthesize amnsoundfile.

These tw basic steps, hwever, can be brokn davn into a series of smaller taskSMS prwides more

than fifty parameters for tailoring an analysis to the particular pitched, spectral and amptitutdereof

the source sound, andea more options for modifying this source sound during resynthesis. Because so
mary variable options arevailable during both of these operations, thespiarent walues are stored as
parameters within ASCII input files during both the analysis and synthesis stages.

Thus, seeral files are created when we (&S

(1) anASCII analysis pameterfile, which sets all of thealues to be used to create an analysis

(2) a binary datanalysis file

(3) generally a simpléest soundfilés then created in order to assesw Isaccessfully the analysis
has captured (modeled) theykaoomponents of the source sound

(4) anASCII synthesis pameterfile, which sets all of thealues to be used in re-synthesizing the
sound with modifications

(5) thesynthesis soundfile

The eecutablesmsprogram has tev modes that can be used to create both analysis files and synthesis
soundfiles:

sms analysis analysis_paneter_filgcreates an analysis file)

and

sms synthesis synthesis_graeter_filgcreates a synthesis soundfile)
However, | recommend that you wer run smsthis way. The smsparser isdirly primitive, and the program
often aborts when it encountergee trivial syntactical errors. Also, themsbinary has someugs, and
sometimes has trouble locating filesor Rhese reasons (and, more mundaniedause | hee touble
spelling both "analysis" and "synthesis"), aareated fie local scripts to simplify runningmson the
ECMC Linux systems:

(1) smsanaltp provides a template for creating an ASCII analysis parameter file

(2) smsanal runssmsin analysis mode to create an analysis file

(3) smstest used to test the quality of an analysis file

(4) smsynthtp provides a template for creating an ASCII synthesis parameter file

(5) smssynth runssmsin synthesis mode to create a soundfile
To saveyourself a lot of aggration and head scratching, yowal/s should usesmsanaland smssynth
rather than themscommand, to create analysis and resynthesis files. The entire procedure is summarized
in the folloving pages.All of the programs associated wigmsexcept a GUI callegmsrtsynthwhich you
may or may not choose to use, are run from a shell windgping ary of the commands abe with no
arguments will display a usage summaaryd manpages arewailable for each of these fwdilities.

9.2.1. SMSanalysis
Preparing analysis parameter files: smsanaltp

smsanaltpprovides a template for creating an input analysis parameterTile.template includes
analysis parameters filled in with deft values. Userghen can edit these defit values with a tet editor,
changing them as needed in order to obtain a better analysssyntax for obtaining a template is:
smsanaltp [flagption] inputsoundfile [outputanalysisfile]>[filename]

The inputsoundfileargument is the name ofraonophonic 44.1 k AIFF or WAV format soundfile.The
filename &tensions.aif, .aiff and.wavcan be omitted if you wish.df soundfiles in youSFDIRor in ary
of thesflib directories, you need type only the name of the soundfile, not its full patmpgut soundfiles
in directories that branch from yo®8FDIR include the subdirectory name(s).

The optionabutputanalysisfileagument is the name you wish tagito the outputsmsanalysis file.
If this agument is omitted, the analysis file will be nantest.smsl recommend that you include the file-
name &tension.smswhen naming albmsanalysis files.
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The optionaflag option determines the type of template you will get. There are fatants:

(1) a short, uncommente@mplate, the detlt version, is preided when no flag option is specified
immediately aftersmsanaltpon the command lineThis template includes only those analysis
parameters most frequently changed fronadifalues (such as the name of the input soundfile, the
name of the outpigms analysifile, and pitch detection parameters).

(2) a"verbosé (commented) short' template, selected with & flag. Thistemplate includes the
same parameters as #1 addout with usage comments for each parameter

(3) anuncommented "lorigemplate, selected with-kflag, which includes practicallgll sms analy-
sisparameters filled in with dadlt values.

(4) a commented Yerbosé)" long" template, selected with eitherla flag or with a-vl flag, identi-

cal to \ariant #3 abee except that most of the parameters include usage comments.
Beginning users generally will ant to seleccommentedemplates, while acinced users may prefer less
cluttereduncommentetemplates. Thehorttemplates generally will sti€e when analyzing companadly
simple sounds such as pitched string, wind aschltones. ¥u can alays add additional parameters to
the template if needed. by typing them in or by cutting-and-pasting them from another file or a shell win-
dow display. Long templates can be useful when analyzing acoustically more cosopleds such as idio-
phones and efironmental sounds, where maaf the dehult values may need to be alteredonsult the
smsanaltgnanual page for more detailed information.

Usage examples:
(1) smsanaltp bssn.a2
will display a short, uncommented template for analyzingfiil®windsoundfilebssn.a2
(2) smsanaltp -spinningsound spinningsound.sms > spinningsound.sms

will create a commented short template for analyzing your sousgfit@ingsoundor spinningsound.wav
spinningsound.aibr spinningsound.aflf and will write this template into a file nameginningsound.sms
in your current wrking Unix directory The analysis file also will be nameginningsound.sm&iving a
common name to an analysis file, and to the parameter file used to create it, is a common practice that | rec-
ommend.

(3) smsanaltp -I Section2/3voices.w&MS/3voices.sms 3voices.sms
will write a long uncommented template for analyzing the soun8Wiééces.wavn your soundfile subdi-
rectorySectionZnto a parameter file namedices2.sms your current warking Unix directory The anal-
ysis file that is specified in this parameter file will3weices.sms your soundfile subdirectoiyMS

See thenanpage forsmsanaltfor more details.

Becausesmsanalysis files can beswy lage, we alvays write them to thenddisk, rather than to the
smaller Unix system disk.dPameter files, by contrast, are small and are written along with other ASCII
files in your/homedirectory or (better) in subdirectories that branch from ymumefolder.

Let us follov the practice of creating an SMS analysis file for/#fig/windsoundfileoboebf3. We
will use a erbose short template:
smsanaltp obabf3 oboebf3.sms >smsoboetryl
When we open the parameter Blmsoboetrylwe will see this:

/I Include comments only atdiening of lines, NO after analysis paaimetes
InputSoundHe /sflib/wind/oboebf3
OutputSmsite /snd/allan/oboetryl
I #i##H#H GENERALARAMETERS ###HHHH#HHHHHHHHHHHHH
/I SineModel: 0 = no pitc analysis, 1 = harmonic, 2 = inharmonic; default=1
SineModel 1
/l window type : O (least smooth) to 11 (smoothest); default = 8
WinType 8
/l Frame 1ate of 344.532 is optimized for most 44.1k soundfiles
FrameRate 344.532
// BaginPos = skip time in % into input soundfilange 0 Peaginning) to 1. (end)
BegyinPos 0
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/[l EndPs = end time in % to stogading input soundfileange Oto 1.
Endpos 1
I #i##H#H### FUNDAMENTAL PITCH (for harmonic sounds) ####HHHHHHHHHHHH
Il PitchDetection: 1 = yes, 0 = do not perform, use DefaultiPds refeence
PitchDetection 1
/I lowest possiblenighest possible & default fundamental:
/I You almost always will want tdhange the 3 default values below
LowestPitt 40
DefaultPitch 75
HighestPitt 600
/l ATTACK REANALYSIS paametes ae useful for sounds with sharp atte; like pzzicati
/I AttadkReanalysis : 1 = analyze attba&wards 0 = analyze attds forwad
AttadkReanalysis 0
/I Next 3 pammetes anly used if AttakReanalysis is setto 1
/I nAttakReanalysisifames: numbey of frames to use inelanalyzing attac
nAttadkkReanalysisfames 20
Il AttadkReanalysisLowPittMargin and AttakReanalysisHighPittMargin:
I/l multipliers for how far fundamental can diate fom DefaultPitb during atadk
AttadkReanalysisLowPitdViargin 0.95
AttadkReanalysisHighPitdMargin 1.05
I #H#H#HH#HE RRTIALS #H T S
/I Number of partials (sines) : 0 to 400 ; default=60
nSines 60
Il Lowest fequency to seah for in input sound: 0 to 22050 hertz
Lowestkeq 20
// Highest fequency to seah for in input sound: 0 to 22050 hertz
Highestikfeq 11025
I ##### RESIDUAL (noise component) : #HHHHEH#H#
/l ResModel : not documentedinge 0 © 5; try another value ifesynthesized
/l noise component is bad
ResModel 4

Lines bginning with a double slast/ are cmomments, and any line that includes this // symbol
ANWHERE on the line will not be seen by SMS. Thus, you cannot include comments afteretephke
this:

LowestPitt 210 //WRONG!

This line will be deleted, and th®westPitt parameter will be set to its defit value of 40.

A discussion of all SMS analysis parametersvalable in the documerBMS Analysis &ametes,
awailable in theLINUX DOCsbinder and online on tHeOCspage of the ECMC web site.ithin this doc-
ument | hae included some braeked comments to note errors and omissions within the documentation.

If you wish, you can delete parameters withadéif values that you are sure you will noamt to
change. Hwever, do not delete théerameRatevalue of 344.532, which is necessary for 44.1k soundfiles
and which difers from the defult used by the SMS binary

The parameters are grouped intoefinits in the templateGenenl, Fundamental Pite, Attak
Reanalysis, &tials andresiduat
Geneal analysis paametes

SineModel: generally set this to 1, the &eifit, when analyzing most soundsjer® gpeech. Setting
SineModelo 2 may be necessary with certain inharmonic sounatsthiis will not ofer as map synthesis
modification possibilities. Do not use a 0 or else there will be no pitch analysis, and there will bayrelati
few synthesis modification possibilities.

WinType : the defult value of8 usually works well, and this parameter is not frequently changed.

Always keep theFrameRate 344.53he, as noted abe.

BegginPos and EndPbs respectiely allow us to skip into a soundfile when performing the analysis, and to

Eastman Computer Music Center Use®uide, Section 9 :Page IX: 16



9.2smsprograms

analyze only a portion of the soundfildowever, these ®lues must be gén as decimal percentages of the
total soundfile length, from 0 to 1., and not in seconds. Thus, for a soundfile with a 5 second duration, to
analyze only the portion of the soundfile from 1 second to 4 seconds, shesewuld be set to:
BeginPos .2
EndPos .8
Pitch tracking
If PitchDetectionis set tol the analysis will try to dract the time a&ring fundamental pitch of the sound.
If PitchDetectionis set to0 no pitch analysis will be performed and you will not be able to transpose the
sound during resynthesis.
It is almost alvays a good idea to change tBbefaultPitdh to the percefed pitch of the sound. Use the
ecmdelpfile herz or the ECMCmidinoteutility for help. This alue also determines the windaize, an
important parameteespecially for acoustically comptesounds. Usually thé owestPitth and Highest-
Pitch should be set respeatly to about 80 % andl20 % of theDefaultPitd value to allav for scoops,
vibrato and other pitchariations. Okiously a glissando may require a widariance.
ATTACK REANALYSIS
When theAttadkReanalysigparameter is changed from its delt 0 tol, the beginning of the soundfile will
be analyzed backavds. This can beevy useful for idiophones (including stribg pizzicati and piano tones)
that bein with a noise brst before settling into more periodic vibration. By analyzing the noist back-
wards, bginning at a point where the pitch and timbral spectrum are more stable, a better analysis often is
obtained.
When theAttadkReanalysiparameter is changed to 1 the other three indekttadkReanalysiparameters
come into play(They are ignored whem\ttadkReanalysiss 0.) nAttakReanalysisfames determines the
number of opening frames that will be analyzed backia. Wth the FrameRateof 344.532 frames per
second, settinghAttadkkReanalysisfamesto 115 or so will cause the first 1/3 second to be analyzed back-
wards. TheAttadkReanalysisLowPittMargin and AttadkReanalysisHighPitdMargin are multipliers for
DefaultPitdh values during the backavds analysis onlywhen the pitch dgation from the fundamental
often is much higher than during the steady state portion of the soomdevierally will vant to increase
the deéult nAttadkReanalysisfames, AttakReanalysisLowPitdMargin and AttackReanalysisHighPite
Margin values.
Partial frequencies
The nSines parameter sets the number of partial frequencies that SMS will try to identify and track.
Hwever, these sinusoids include not only steady state partiaiglgo brief frequenctrajectories that may
occut especially during the note attack, and thus you should set #hi® \higher than youxpect —
approximately double the number of presumed patrtials.
The goal here is to enable SMS to include all of the pitched components of the source sound within its pitch
analysis, so that if the sound subsequently is transposed during re-synthesis, only sbeape, breath
noise and/or other completely unpitched elements of the source sound will not be tranfpgsedet
nSinegoo lov some of the weade hut still audible pitched components may be included in the residual and
when you transpose the sound you might getamted "harmnizing" (some of the original pitch will sur
vive). If you set nSinestoo high, the pitched component may include glitches or otheaasifOften,
hwoever, a rasonable ballparkalue works just fine.
The Lowestlfeq andHighestiFeq amuments, which often can be left at aldfs, set the lwest possible
and highest possible frequencies that may occur in the source sound.
Residual

Often, theresidualis the weak spot in SMS analyses, and there areveiyatew parameters that ou can
adjust to try to impree a wor residual analysisThe ResModelparameterwhich has a range between 0
and 5 and a datilt value of 4, is not documented, and Vé&awo idea what defines the &Vmodels." Still,

if your pitch analysis is goodubthe residual is popyou might try changing this parameter

Before changing the dadilt analysis parametealues, it often is helpful to consider theexall acoustical
properties of the source sounflome fundamental considerations include:
* Does the sound ke a vell-defined pitch that we need to capture within the analysis, or is it essen-
tially inharmonic, lile a xare drum hit or aterfall?
« If the sound is pitched:
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O Is the spectrum essentially harmonic, as in masidwind, brass and arco string tones? Or
is the percejed pitch actually a "strik tone" within an essentially inharmonic spectrum, as in
gong tones, temple blocks and almost all idiophonic sounds? Sometimes the answer to this
guestion requires some acoustical\iamige. Wth piano tones, fone@amples, the "harmonics"
become progressly sharper and the tone hgins (and often ends) with noise components
produced by the hammer and dampers.
O How stable is the pitch? Is there a wide vibrato (as inyrsamg tones)?Are there glis-
sandi, scoops, random pitchvaiions or other types of pitch inflections?
» Does the sound & with a sharp or "noisy" attack or articulationgligano and pizzicato tones
and most idiophonic sounds? Such compiacks can be the most filiult portion of a sound to
capture successfully in an analysis.
» Does the sound change rapidlyeotime in amplitude and/or timbre, kmost idiophonic sounds,
or is there a "steady state" during most of the tone?

The /sflib/anal/smdlirectory contains SMS analyses ofaal sflib source sounds that can be used
for SMS synthesis. In addition, the analysis parameter files that created these analyses can be consulted for
illustrations of parameter settings farious types of soundsoDbtain a listing of thesexample parame-
ter files typelssmse
To view one or more of these analysis parameter files, tgassmsea flename(s)

As luck would have it, one of the xample analysis files is nametioebf3.smgthe same soundfile we set
out to analyze ah@), and the xample file looks lik this:

InputSoundHe /sflib/wind/oboebf3

OutputSmesite /sflib/anal/x/obodf3.sms

FrameRate 344.532

LowestPitt 200

DefaultPitdh 233

HighestPitt 270

nSines 80

These were the only parameters that had to be changed franitdefues in order to obtain a usable anal-
ysis of this oboe tone. Butsthot always this easy!

Creating an SMS analysis file : smsanal

Now that we hae an analysis parameter file we are ready to creat the actual analysis file with
smsanal Thesmsanakyntax is
smsanal inputfile
whereinputfile is the name of the analysis parameter file. The outpatmsfinalwill be an analysis file
with the name (and path) specified by @&putSmsite argument in our parameter file.

Actually, there is more to themsanalscript than meets the/e. It solves some tigs in the current
version of the SMS binangs roted in thesmsanal mapage, It to do so it ma& temporary copies of both
the input soundfile and the analysis parameter file. If you ab@rnaanajob these tw scratch files will
be left on the disk, one in your $SFDIR and one in your current Unix directory

While ansmsanalob is running, or after it has completed, check to see if there grerran mes-
sages, and if so check your analysis parameter file for errors.

Running smstest to test the quality of an analysis file

Before we gpend a lot of time and erpr devising synthesis modifications with our analysis file, we
should run a quick test to see if the analysis isgood — whether it has adequately modeled both the
pitched and noise components of the source sosntktestind smstestugre local utilities designed to
quickly test the quality ofmsanalysis files. Using the analysis file as input, it attempts te raakxact
clone of the original source soundfile. If this straight resynthesis sounds almost indistinguishable from the
original source sound we can karfiy certain that the pitched and noise components of that sowed ha
been modeled adequately in the analysis. If we are noyeiip the re-synthesis, we will need to neak
one or more corrections in our analysis parameter file , run it thremghnalagain and hope for better
results.smstestupvorks identically tosmstesexcept that it transposes the resynthesis up one semitone to
test pitch transposition of the analysis file.
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Thesmstessyntax is simple:

smstest [flg option] inputsmsanalysisfile [outputsoundfile]

or

smstestup [flg option] inputsmsanalysisfile [outputsoundfile]
whereinputsmsanalysisfiles the name (and, if the analysis is not located in $&KDIR path) of thesms
analysis file to be tested. The optionatputsoundfilargument is the name of the output soundfile, which
should include awavextension (if your vant a VAV E format output) or else aif or .aiff extension if you
want an AIFF format output. If you omit thesgtensions awavextension will be added by the script. If
you omit this agument entirelythe output soundfile will be namsthstest.wav

Three aailable flag options arevailable:
-1: specifies that only the pitched sinuosidal component be resynthesized
-2 : specifies that only the residual noise component be resynthesized
-3 : gpecifies that both the pitched sinuosidal component and the residual noise component be resyn-
thesized
If none of these flag options is included, theadéfis the same as th& option: both the pitched sinuosidal
and the residual (noise) components of the source sound will be resynthesized.

Example command linegt) The command

smstest scoolpdoo.sms
will createoutput soundfilsmstest.wausing both the pitched and residual data contained within the anal-
ysis filescoobgdoo.sms

(2) smstest -2 /snd/allan/SMS/insects2.3msetest
Result: Output soundfilaoisetest.wavs created, using only the noise component contained within the
analysis fildnsects2.sm# my soundfile subdirectolgMS

For reasons discussed in thmanpage forsmstest

 Even if the deéult pitched-plus-residual test soundfile seems successful, it often is a good idea to
run smsteswith the-2 flag as well to isolate only the residual component of the analysis.

* | recommend that in most cases you sisstestupather tharsmstest

9.2.2. SMSSynthesis

Once you do hae a god analysis filesmsprovides may ways to modify the original soundlhe
procedures for preparing and then running an SMS synthesis job are similar to the procedures for preparing
and running SMS analysis job8ecause there are so mggoossible synthesis options, these options are
consolidated within an ASClynthesis pameterfile. Generally this parameter file is created with the
ECMC scriptsmssynthtpThe deéult values proided by thesmssynthtgemplate will produce straight
resynthesis. Therefore we need to edit the template and change some ohulteadeiments in order to
produce the desired synthesis modifications. When the parameter file isweaded it to the ECMC
scriptsmssynthio create the synthesis soundfile. A GUI application caliedrtsynthdiscussed latercan
sometimes be useful in testing sound modification possibilities in realtime.

Most of the ligs in SMS are in its synthesis resources. Unfortunadeisw o the most pwerful
sound transformation resources of SMS synthesis do ot eorrectly or at al, in the current Linux er
sion of the program. En so, there are more than enough possibilitiesép kou bsy for a long time.
The basic types of synthesis transformatior@iable with SMS include:

Most commmon sound modifications:

(1) Time expansion or contraction without altering the pitch

(2) Amplitude alterations in the pitched component, the residual component, or both

(3) Pitch alterations

(4) Alterations in the harmonic or inharmonic frequeggectrum (timbre)

Additional modification possibilities:

(5) "Harmonization" -- the creation of 2, 3 or 4ttimically synchronized output notes ("chords")

(6) What the SMS authors callytridization" -- \arious types of cross-synthesis enypig interpo-

lations between twSMS analysis files

(7) Amplitude and frequeanodulation
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(8) Enhancement -- addingwéharmonic frequencies to a sound to brighten it. &ol fhave ot
achieved good results with the SM&nhhancememarameters.
Additionally, there are manparameters for (9Attributes which is neer defined or gplained clearly in
the SMS documentation, and for (1@hase Alignmentanother area that is poorly documented and with
which | havze had little successSMS also includes parameters for (b@xing multiple output notes logn-
ning at arbitrary times,ut unfortunately these parameters currently do rarkveorrectly Finally, there
are a fev miscellaneous (it sometimes important) parameters that do not yiohthe catgories abue.

Obtaining an SMS synthesis template : smssynthtp

The ECMCsmssynthtpitility provides a template for creating a synthesis parameterTiile.syntax is:
smssynthtp [flga options] inputanalysisfile [outputsoundfild} filename]

whereinputanalysisfilés the name of the input sms analysis file angbutsoundfilés the name of the out-

put synthesis soundfile, which should include av,vaif or .aif extension. If you do not supply autput-

soundfileargument the output soundfile name will be seéest.wav

The optionalflag argumentsadd parameters for cagieries 5 farmonizatiof through 8 énhancemeptn
the list abwe. Usage of thesBlag argumentds som&hat non-standard, and you definitely should read the
smssynthtp mapage to supplement the summary on that follo

By default, with no flag ajuments smssynthtgprovides an uncommented "short" template contain-
ing only the more frequently used SMS synthesis parameters fgodate1 through 4 ("Most common
sound modifications") alve. The flag options supplement this basic template with parameters for synthe-
sis mdification cagories 5 through 9 ale. These flag options g with a+ rather than the usual and
include:

+v : averbosdemplate with comments is supplied

+h : harmonizatiorparameters are added

+x : hybridization(cross-synthesis) parameters are added

+m : amplitde and frequerycmodulationparameters are added

+e : enhancemerartificial harmonic) parameters are added

Example command lines:

(1) smssynthtp trp.a4.sms
Result: A basic uncommented template for creating a synthesis soundfile from your analygia4ilems
will be displayed.The name of the output soundfile file will be setieist.wav

(2) smssynthtp +ysflib/anal/sms/kantil.3.sms himetal.wav > sms.himetall
Result: A commented (&rbose™) basic template faynthesizing a soundfile namadnetal.way using
the public domain analysis fileflib/anal/sms/kantil.3.sm#& written to a file namedms.himetalin your
current vorking Unix directory

(3) smssynthtp +vth +m SMS/myvoicems > smstest3-1
Result: A commented template that includes blo#tmonization and modulaton parameters is written to a
file namedsmstest3-1The input analysis file will benyvoicesmsin your SMSsoundfile subdirectorynd
the output soundfile will be naméeist.wav

(4) smssynthtp +v +x
Result: Only commented parameters for performiylgridization are displayed. There are no input or out-
put soundfiles, and none of the basic parameters is displayed.

Synthesis parameters

A complete summary listing of the marBMS synthesis parametergaments, along with their
default values and ranges, isalable in an HTML SMS SynthesisaPametes document aailable of the
DOCspage of the ECMC web site and in hardgaeyithin the LINUXDOCsbinder | have alded some
bracleted comments to this document to correct some errors and to include some ECMC anndftauions.
should refer to this document while reading the summary guidelines that. f88e also the HTML pages
titted Descriptions of many of the analysis and synthesiarpates within the SMS Manuabn thedocs
page of the ECMC web site.

If we type the command
smssynthtp +vsflib/anal/sms/pn.bf2.sms sms.pianowarp.wav > pianowarpl
the resulting filgpianowarplwill contain a commented basic template that lookes thks:
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/I Fn indicates a time varying function can be applied to thaipater
/I Do not use blank lines. Put all comments at the veginbangs of lines.
InputSmskte /sflib/anal/sms/pn.bf2.sms
OutputSoundie sms.pianowarp.wav
I #H###### GENERAL RRAMETERS ###H#HiHHHHTHHIHH
/I SamplingRate: sms default is 22050; ECMC default4100
SamplingRate 44100
/I Type: 1 thru 7, def7, 1 = sine only 2 = resid. only3 = sine + resid.
Type 3
/I TimeStetdh .0001 to 1000, defl : time epansion or contction multiplier
TimeStetd 1
/I NoUrvoicedTmeStetcing: if != 0, do not time warp woiced noise lrsts (eg. speed conso-
nants or the snap of a pizzicato)
NoUrvoicedTmeStetcing O
/I PhaseAlign defl ; reset to O or pitie transposition will not work
PhaseAlign 0
I #H##H# AMPLITUDE  ####H#H#HHHIHHHH
/I Oveasll pitched & residual amplitude multiplier : 0 to 5, def1
Amp 1
/I AmpSine: Amp. multiplier for ptled component: 0 to 5, defl
AmpSine 1
/I Amp. multiplier for gen harmonics including fundamental: 0 to 5, def
AmpSineEven 1
/I Amp. multiplier for odd harmonics: 0 to 5, defl
AmpSineOdd 1
/I AmpSineList: h1l al h2 a2 etc. : h values = harmonic nusnker values = amp. multiplies
/I AmpSineLis01.1121314151617181
/I AmpSpec: Amp. multiplier foesidual (noise) component: 0 to 5,.defl
AmpSpec 1
/I ResCombfilter : O (default) = do not yde= apply comb filter
ResCombfilter O
Il #i##H# FREQENCY #HHHHHHHHHHHHH
/I FreqSine: multiplier for all partial fequencies, 0 to 5., defl
FreqSine 1
/I FreqSineEven: multiplier for fundamental &en partials, O to 5., defl
FregSineEven 1
/I FreqSineOdd: multiplier for odd numbest partials, 0 to 5., def1l
FregSineOdd 1
/I FreqSineStetc: -.99 to 5, def= 0, multiplier for ratio of fund. & highest harmonic
FregSineStetch 0
/I FreqSineShift: 0 to 10000, def 0; hertz added to all partials
FregSineShift 0
/I SameSpediEnv 0 = transpse formants with ph¢ 1 = keep original formants
SameSpeaitEnv 0
/I ibratoWeight : O to 10, default = 1 : multiplier for viato depth
VibratoWeight 1

Here is a quick summary of Wwamost of these parameterk:
Generl parametes :
Type: if set to 1 only the pitched component is synthesized; if set to 2 only the noise component is synthe-
sized; if set to 3 both the pitched and noise components are synthegizedyorry about options 4 through 7,
which require a soundfile with the noise component rather than the residual data within the analysis file)
TimeStetch : multiplier for duration; dedult = 1; if > 1. time stretching results; if < 1. time compression
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results

NoUrvoicedTmeStetcing : if changed from the dafilt O to 1, noiseursts (such as consonants in speech
are singing) are not altered in duration when tinagping is in efect

PhaseAlign: an important and sometimes troublesome parameter; the templatdtdsfO (the original
phases of partials are not maintained); if you @ebage in synthesizing a sound, especially when transpos-
ing the pitch, try resettinBhaseAlignto 1; setting this parameter to 0 has generaltyrked better for me
than setting it to 1,0 not alays

Amp: amplitude multiplier for the entire signal (both pitched and noise components)

AmpSine amplitude multiplier for only the pitched component

AmpSineEvenamplitude multiplier for the "een" harmonics, including the fundamental, which is consid-
ered harmonic number O here; most peopeld consider these to be the "odd harmonics”

AmpSineOdd amplitude multiplier for "odd" harmonics onljput since SMS numbers the fundamental as
"harmonic number 0" rather than "harmonic number 1," most peoplédveonsider these to actually be
the "even" nubered harmonics

AmpSpec amplitude multiplier for only the residual component

ResCombfilter if changed from the datilt O to 1, the residual will be comb filtered; it generaflynot
necessary to do thisubit may help if you are ling trouble with the quality of the residual

FregSine: pitch multiplier; .5 = 1 octee down, 1.5 = perf. 5th up, etc.; see gmmmdelpfile pitchratiosfor

help

FregSineEven multiplier for only the "&en" numbered partials (these actually are the "odd"numbered par
tials including the fundamental)

FreqSineOdd multiplier for only the "odd" numbered harmonics (actually thenenumbered partials)
FregSineStetdh : if not set to 1. the sound will be detuned; if greater than 1., the partials will be further
apart in frequencthan in the original sound; if set to 1.33, faample, the highest partial will be raised in
frequeng by 33 %, and all other partials will be raised as wellFAfeqSineSetd is less than 1., the par
tials will be closer in pitch than in the original sound; withadue of .75, the frequenpof the highest par

tial will be only 75 % of its original alue

FregSineShift hertz added to each partial frequgnanother parameter that de-tunes the timbre; if set to
17.5, 17.5 hertz will be added to each partial frequenc

SameSpeaiEnrv : flag; defult is 0, no déct; if set to 1, SMS will try to maintain the original formants
(emphasized frequepbands) when a sound is tranposed

VibratoWeight : a multiplier for the depth of pitch vibrato inthe source soundadkfis 1, which has no
effect; if set to O vibrato is remved,; if set to a alue greater than 1., the vibrato will beaggerated

Editing the synthesis parameter file template

Let male sme changes to our template abd dter the sound:
TimeStetth 2.5
This will stretch the piano tone to 2.5 times its original duration
NoUnvoicedTmeStetcing 1
With this flag changed to 1, the initial attack of the piano tone will notfeeted by the time stretch
FreqSine .749
This will transpose the soundwlo a perfect fourth.
SameSpeattEnv 1
This will cause the original formants of the tone to be retained, rather than be shifted gerfect fourth
because of the pitch transpositionwe are performing.
FreqSineShift 17.3
By adding 17.3 hertz to each partial, this will detune the piano tone, which will sound sharp, "out of tune'
and somehat like a kell or gong.

Be sure to read themssynthtp mapage for instructions on editing synthesis parameter templates.
Comments shouldnly be placed at the gmnings of lines, neer after parameters. (All lines that include
the comment symbol // swhere on the line will be ignored.) Do not include blank lines, and place only
one parameter and itsgaiment on each line.

Creating an SMS synthesis file : smssynth
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Once you hee dited the synthesis parameter file to your satigbn, use the ECMC scripmssynth
to create the synthesis soundfile:

smssynth pameterfile
whereparameterfileis the name of your edited synthesis parameter Aikediscussed in thmanpage for
this script,smssyntltorrects a couple of irksomedps in SMS when it is run in synthesis mode.

Major b ugs and limitations

Two of the most paverful syntehsis resources of SMS, both of whidrkwery well in ur older SGI
version of SMS, are bran in the current Linuxersion we are running.

(1) Multiple output "notes"
The SMS authors frequently referdpnthesis pameter filesas 'scoe’ files and recommend naming them
with a .scoextension. Using théVlix and BeginEventime synthesis parameters, it should be possible to
define multiple output teents" ("notes"), bginning and ending at dédrent times and empjong different
syntehsis modifications, within a single synthesis parameter file wdmah@s we do with Csound score
files. Havever, the Mix parameter is partially brek. It can only be used to write the samples created by
the last "note" defined within a synthesis paramter file to axpsérg soundfile.(See ECMC rample
files sms3throughsms3-10for examples.) Sdor now, with the exception ofharmonization(in which the
two, three or four output "notes" ¢i@ and end simultaneouslgs a 'block chord"), SMS synthesis is lim-
ited to creating a single output "note."

(2) Time varying functions (evelopes)
In the SMS documentation of analysis and synthesis parameters you might note thparaareters are
designed to accept not ontpnstantarguments, bt also time arying functiondefinitions. SMS functions
are defined by pairs of timale breakpoints:
timel valuel time2 value2.. timeN valueN
For example, to apply an amplitudade-in during the first 5 % of the total duration of a synthesized "note,"
and a &de-out during the final 25 % of the synthesis duration, we could apply this function definition to the
Ampparamter:
Amp 00 051 .751.10
However, FUNCTIONS DO NO WORK CORRECTYL in the current SMS, and the function abawould
cause discontinuities. Functions WILL create an audible change in the pardnneterty during the first
one secondduration of the synthesis. it complex functions iwolving several breakpoint pairs, often
only the last evelope sgment will hare any dfect.
Because arglope functions do not ark correctly amplitude fades, , pitch glissandi and similar types of
time varying parameter changes generally will norkvcorrectly

Example synthesis parameter files and soundfiles

Use thelssmsg andgeisms& commands to list and display ECM&aenple SMS synthesis parame-
ter files. All of the synthesis pameterfiles hare bkeen compiled into correspondingaenple soundfiles
with the same name within tliflib/x directory Here are some notes on thegaraple files:

smsl-landsmsl-2 These tw Smilar examples illustrate the wvmost basic uses of SMS: for timeaxp-
ing and for pitch transposition. In both of theseamaple files, a violin tone is doubled in duration
(TimeStetd is set to2) and transposed dm a minor sixth EreSineis set to .63). The amplitudérhp
argument) also is reduced tecd clipping. The only diference between thesedvexamples is that in
smsl-2the SameSpeafEnv is changed from the dailt O to 1, so that the formants of the original violin
tone are retained and the resulting tone sounds more "nasal" and ma@r&dikn. (Examplesmsl-ihas a
"mellower" timbre, more like that of a viol, because the formants as well as the pited been shifted
down).

Examplessms2-1throughsms2-7illustrate independent control of thevéa" numbered and "odd" num-
bered harmonics. Keever, whatsmscalls the &veri' numbered harmonicsctually include the fundamen-

tal and harmonincs 3,5,7, etc., while whatscalls the bdd' numbered harmonicsctually includes har
monics 2,4,6, etc)(The SMS authors apparently consider the fundamental to be partial number 0 rather
than partial number 1. This i®ry annging!) In all of these ramples a violin tone is transposed up a
major second anSameSpedfErnv is set tol t oretain the formants of the original tone.

In examplesms2-1only the "&en" (actually the "odd") numbered harmonics are synthesized, along with
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the residual, and the timbre consequently soundswbatdike that of a stopped pipe (e.g. a clarindt).
sms2-2only the "odd" (actually the Yen") numbered harmonics are synthesized, and the pitch of the tone
therefore sounds an oegéove the fundamental.

sms2-3illustrates a "morph" from only the Ven" (actually the "odd") harmonics at thegib@ing of the
tone to only the "odd" (actually theven") harmonics by using timeawing functions with opposite trajec-
tories for theAmpSineEveand AmpSineOdgharameters. Remembirat time arying FUNCTIONS DO
NOT WORK PROPERLY in the presentersion of SMS. In this case, the "morph" should oceer the
entire duration of the noteubinstead occurs too quicklyer the first one second of the ton&ven
though this is not correct, theample still illustrates "morphing" between theotaets of harmonics. @
hear hav this example issupposedo sound, import this synthesis parameter file amsrtsynth

More tricks: Examplesms2-4is identical tosms2-lexcept that the “een” (actually the odd) numbered har
monics are transposed up an getd&Examplesms2-5is identical tosms2-2but now these harmonics are
transposed den an octae  that the fundamental pitch is heafixamplesms2-6synthesizes both sets of
harmonics, bt tranposed as isms&2-4andsms&2-5so that the odd harmonics become thendiarmon-
ics and vice grsa. Finallyexmaplesms2-7s identical to gamplesms2-6except thatSameSpeaitErnv is
set to0 so that the original formants are N@etained, and the timbre sounds quitéedént.

Example soundfilésflib/x/sms3actually is a composite, or mix, of ten synthesized violin pizzicato tone
transformations created byample SMS synthesis paramter figgss3andsms3-2hroughsms3-10 In dl

10 tones the pizzicato note is doubled in duratfiméStetch 2) but not during its initial attackNoUn-
voicedTmeStetching 1 By setting theMix parameter td in parameter filesms3-2throughsms3-10wve

mix the synthesis samples into a préstng soundfile (initially created by parameter flas3 rather than
creating a ne@ soundfile. Thisexample illustrates detuning using theeqSineStetch parameterand also
different timbral results that often can be aetieby setting thePhase Aligrparameter either to 1 or to 0).
See gample filesms3for the details.

Examplesms4-1, sms4-2, sms&a3dsms4-Zapply davnward transposition and then frequemshifting to
a prano tone to detune the timbre and shift the tone arious rgisters.

Examplessms.harm®ndsms.harmillustrate harmonizing.

Examplesms.modirst mangles the timbre of a piano tone (tranposing the toma danajor second, tran-
posing the een harmonics dan further by slightly more than an oegaand tranposing the odd harmonics
up by slightly more than an oe®) and then applies both amplitude modulation (tremolo) and fregquenc
modulation (vibrato) to the resulting sound.

Examplesms.hyblpresents one possiblg/liridization of a gmelan metallohpne and a bass choir tone.
tone.

Hybridization : caveat emptor

SMS "hybridization" (or cross-synthesis) requires the use af @malysis files within a synthesis
parameter file.Because timerying functions do not ark correctly in our currentarsion of SMS,
hybridization morphingprocedures (e.g. a piano tone seemlessly transforming inbcad tone) do not
work, except under ery limited conditiong.

Still, it is possible to create intriguingwesonic ofspring from two "parent” sounds, so long as the parame-
ter relationships between theawources remain fed throughout the duration of the synthesis "note.”

Hybridization between tavanalysis files can quickly becomery complicated.First, one can mak
all of the usual synthesis modifications, such as pitch transposition, to the data from the "source" (initial)
analysis file. Then, for marsynthesis parameters, one can choose whether
(1) to use the data from the "source" (initial) analysis file (if the correspohgbrglizingparameter
is set ta0); or
(2) to useinstead the data for this parameter from thleridizing (second) analysis file (if the corre-
spondinghybridizingparameter is set t); or

2 Several of the aailable SMS lybridization parameters, such HgbrizeEw and tybridizing parameters
whose name includes the stringeight, are specifially designed for "morphing." IMearot included most of
these parameters within thgthmidizing template prdded bysmssynthtpbut a fev of them are necessamsnd
require edits téwo parameters to implement a change in the sound.
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(3) if the hybridizing parameter is set to somalue between 0 and 1., to interpolateatug some-
where in between thealues in these twanalysis files

Under our currentersion of SMS | do not recommend trying to emypthybridizationprocedures,
especially for bginning SMS users. Since functions do narkvcorrectly it can be ditult or sometimes
even impossible to line up the twenalysis files temporally in a manner that yields usable musical results.
Hybridization procedures are documented poorly by the SMS authors, and sometimes youenittieha
of value to shw (or hear) for all you éérts. If youdo try emplgying hybridization procedures, | recom-
mend changing only one or tmparameters at a time and, step by step, seeing (hearing) wHet and
what does notAnd dont be draid to bail out if you are not makingwaprogress.

9.2.3. Usingsmsrtsynth to perform real time synthesis tests

The SMS distribtion includes a graphical application calkdsrtsynti{("SMSreal time synthesi§
that can be useful in testing out synthesis possibilities. This application is rathervprimigeveal
respects — there are Ryefeencessettings to set datilt paths, for xample, and the program has limita-
tions and bgs. Notablyyou cannot write a soundfile wigmsrtsynthyou can only test changes in synthe-
sis parameter settings, listening to the results in real timeekén when you hee arived a settings that
produce a good ressult, you cafpert these settings into a "score" fila synthesis parameter file) and,
with a little additional wrk, then ussmssynttio create a synthesis soundfile with these settihgs hes-
itant to recommeng@msrtsyntthecause it can bauggy at times.Sometimes it will become "stuck" and,
regardless of ap parameter changes you neakhot respond to these changé&till, the application some-
times can sz you a lot of typing and time whexgerimenting with synthesis possibilities.

smsrtsynthwill only display synthesis parameters thavddeen loaded.By default, the program
opens with a blank windg and in order to edit parameters you must click on tbedWarametes, then on
Add then highlight the parameter or (conseeg)tigroup of parameters youant displayed and click on
Select This is tedious when youamt to load displays for geral parametersGroups of parameter dis-
plays, called "Properties," can bevadto a fle and then loaded. | @ aeated seeral "properties” files,
with .prp filename &tensions, that you can load when you first opmsrtsynthFirst copy these "property”
files to the directory in which you will beasking with smsrtsynthby typing:

getsmsprp

The following .prp files will be copied to your directory:

smsrtsynth.prp: contains "properties” for editing the most commonly used SMS synthesis parame-

ters, similar to the "basic" short template obtained wittsthesynthtgommand with no options

The folloving three "properties” files include all of the parameter displagi$able in thesmsrt-

synth.prpfile, but also add more displays for editing additional parameters:

smsrtsynth.harm.prpadds widgets for editingarmonizatiorparameters

smsrtsynth.mod.prpadds displays for editinnodulationparameters

smsrtsynth.hyrbid.prpadds displays for editingybridizationparameters

One of the bgs insmsrtsynthis that it does not properly load analysis files. Before usimgrtsynth
therefore, you first should create a synthesis parameter file, sraggynthtpWhen you first opesmsrt-
synth begn by loading theprp file that suits your needsTo load a basic "property" template, click on
File, then onLoad Pioperties In the windav that opens, if you see the message "No matching files," click
on the*.prp button and then select the appropriptp file.

Next load a preiously created synthesis parameter file (also called a "scorstafile in SMS),
which must include the name of the analysis file to be used. CliEK&rthen onLoad scoe fie and select
the synthesis parameter file with which yoanivto eperiment.

Begin making changes in the parameteiues and press tfelay| button to hear the results. Changes
can be made in real time, and you can usé¢Libep| button to the right of thEStog button to loop the syn-
thesis continuouslyTo remove a mrameterselect it and click onthe[Remee] button. To add additional
parameters for editing click on th&dd] button.

When you hee arived & settings that merit séng, click onFile and then orkExport scoe fie and
save your settings to an ASCII fileThis file will look some&vhat more complicated than those you create
with smssynthtppecause each parameter will be defined as a tmyéng function:
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AmpSine 0 1.000000 1 1.000000
This means that at time O (thegirning of the noteAmpSinewill have a \alue of 1.00, and at timk(the
end of the note) it will (also) a a alue of1.00 Alas, the resulting synthesis parameter fdenot yet
ready for use bgmssynth If you display the file, you will see thamsrtsynttdoes not sz te filename
parameters or the names ofyanput or output files when itxports parameteralues, and it doeport a
setting for real time output (rather than writing the synthesis to a soundfile), which you damotTw
prepare thexported file for use bgmssyntluse the ECMC utilitfixsmsscag, which has the syntax:

fixsmsscar inputpaamterfile analysisfile [outputsoundfile]
where

nputpaamterfileis the name of the input sms analysis file ;

nalysisfileis the name of the sms analysis file to be used for synthesis and

utputsoundfilds the name of the output synthesis soundfile, generally includingva.aif or .aif

extension. The delult soundfile name, if you omit thisgaiment, igest.wav
Example:fixsmsfile cellotesti/c.gs2.sms cellotestl.wav
Result: The synthesis parameter &@lotestl created with smsrtsynth will be edited to that it can be used
by smssynth to synthesize a soundfiléne folloving 2 lines will be added at the top of the file:

InputSmske /snd/allan/cellotestl.sms
OutputSoundie cellotestl.wav

and the line setting thBynthesisOutpub 2 (for real time playback) will be remwed. File cellotestl now
will be ready to use witemssynth
See thdixsmsscar man page if you vant more information.

If smsrtsyntigets in a weird state and does not respond to your edits select the last parameter you

changed, click ofPropertie$ anthen orfOK] andif you are lucly smsrtsynttwill begin responding aajn.
If not, export your settings to a file (if youamt to s&e your work), quit and reopen the app.

9.3. LPCanalysis and esynthesis pocedures

Linear prdictive coding (Ipchlgorithms are based on estimation procedures (mathematical opera-
tions that try to predict what will come xteon the basis of what has already occurred within a linear
system)?

These techniques Y@ gplications in maw fields. For musical purposes, linear prediction routines
most often are used to determine the tirag/ng resonances, or formant frequencies, ofvangsound.

This data is stored as filter cbieients in a file. These filter cdiglients can then be used to resynthesize the
original sound, usually with changes in timbre, duration, or pitch, or to "cross-breed" it with some other
sound to produce ahrid offspring with some characteristics of both "paren#s."talking cello” would be

a gmplistic exkample ofsuch cross-synthesis.

Most of thelpc programs and utilities we use are based upon procedures originadlgpdgsl by Rul Lanslk and others at
Princeton Uniersity, and subsequently modified at MITThe musical results of these techniques are perhaps best kmough such
compositions as Langls Idle Chattey Just Moe Idle ChatterGuy’'s Harp andSix Fantasies on aéem by Thomas Campio&harles
Dodge, best knan today for his wrk with fractal compositional algorithms, also createebse works in the early to mid 1980s
based almost entirely dpc techniques. Mancompositions realized here at the Eastman Computer Music Cieatading compact
disc recordings of myven computer wrks, also mal extensize use oflpc and related analysis/resynthesis techniques.

Like phase vocodersms and other types adinalysis/esynthesigprocedures, linear prediction is a
two-step process thahiolves

(1) analysis of a sound source (almostags monophonic)
followed by

3 Tutorial introductions tdpc procedures are included &n Analysis/Synthesisutbrial by Richard Cann
(reprinted on pages 114-144kaundations of Computer Musiedited by Roads and Siva), and in an article
by Paul Lansly in Chapter 1 ofCurrent Directions in Computer MusicA more technical and detailed introduc-
tion can be found iMhe Use of Linear Rdiction of Spedcin Computer Music Applicationby James A.
Moorer, Journal of the Aidio Engineering Societyol. 227 number 3, March 1979, dianing on page 134.
TheLPC discussion within Road€omputer Music Otorial also is recommended.
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(2) resynthesis operations, in which we use this analysis data to creatsaundfile.

Thelpc analysis stage itself is generally aotatep process, consisting first of@ectal analysis folleved
by a separatpitch analysis, which then is nged into the spectralpC) analysis file.

Ipc techniques can be fun to useit bhey can also be time-consuming and at times frustratifag.
usable, high qualitypc spectral and pitch analysis frequently is morédaift to obtain than a correspond-
ingly usable phaseocoder analysis of the same soundfifeveral tries, or possibly some "massaging”
(editing and smoothing) of the analysis data may be necessary teeablkeielesired result, aridc proce-
dures vork much better in some instances than in oth&stermination and patience oftenu{bnot
always) will be ravarded. Themore complicated your initial sound source or resynthesis procedures, the
more likely you are to encounter problems.

On the up side, leever, Ipc procedures dér some unique possibilities for modifying, shaping and
combining acoustic sound®itch, timbre and duration can become independently controllable dimensions.
Once we hee aeated a successful analysis of a soundfile, we can use this analysis data to yreate an
ber of resynthesizedaviations or transformations of the original souddoor slam might be stretched to
a duration of six seconds, or transposed to tiyéster of a bass drum, or "played” as a pitch melodipe
used as a resonator for violin tones.

Eastman software for performing Ipc analysis and esynthesis
0 At Eastman, the recommendedynto perform atpc analysison a soundfile is witmixviews:*

O To performlpc resynthesis two methods are recommended:
(1) mixviews : Generally this is the easier method, and is recommended for resynthesis of isolated
sounds
(2) Csound: Eastman Csound Library algorithrasyn provides mag modification possibilities for
resynthesis, while a Library module calledyn offers similar possibilities for cross-synthesis
between tw sound sources. These algorithms are particularly recommended wheragbtowreate
manyresynthesized sounds (e.gyttims, melodies, chords, complextures, and so on).

9.3.1. LPCAnalysis Procedures

An Ipc analysis consists of filter cdigients that represent the strongest formants (resonances), and
their relatve anplitudes, of the source sound ae@y spaced time inteals, calledvindowsor frames

The resulting analysis data is in a binary floating point format, and includes a special type of Tread#ata cannot be

played or otherwise used dla rormal soundfile; it can be displayed only Ipg software designed for this purpose (and not

by Unix programs such &sit), and it is useful only as input boc resynthesis softare.

Some good nes: Unlike the may phase wcoder analysis procedures syed earlier
mixvievswrites analysis files in a format that can can be used for subsequemsypthesis either by
Csoundor by mixviews.

Spectal analysis paameter values

When performing the spectral (formant) portion of the analysis, the user mustwoabasic decisions:
» how mary filter polesto use, and
» how mary analysis frames to create for each second of sound; dahie an be praded either in
terms of drame ofsetargument or else in terms offeame ate argument

In setting thesealues, and also the the pitch parametguments that will follas, keep in mind that, for
historical reasons, and to consedsk space, the daiilt values generally are optimized fomler sampling
rates, such as 22k, rather than for 44.1k soundfilegact, in some casdpc resynthesis procedures will
work betterwith 22k soundfiles than with 44.1k source souridewever, most of your vork likely will be

4 An alternatve sandalone program callépanal, distributed withCsoundand documented at the end of the
Csoundmanual, preides a Unix command line syntax for performipg spectral and pitch analysis. Wever,
as of this writing (Csoundersion 3.49), there are a number of problems with this program, and it is not recom-
mended. Unless the recently addadlag is included on the command line to perform pole stabilization, analy-
ses of speech and other sounds that change rapidly in timbral formants tend to produce obnoxious chirps and
pops. If a-aflag is included, the resulting analysis file is only readable by Csound unit getgnegon not by
the more pwerful Ipfresonopcode used in Eastman Csound Library algorittesgnandxsyn
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done on 44.1k soundfiles, and you wilkmt to change some of the delt values to achiee ketter results.

Analysis: Resynthesis
mixviens mixvievs  Csound
Default Maximum Maximum  Maximum
Number ofpoles 34 64 64 c.50
Frame ofset 220 500
or
Frame mate (0)

The Pdes amgument determines the number of separate filterficimeits (partial frequencies) that
will be analyzed and written into each analysis frame. The more cotmgdimbral spectrum of a source
sound, and the Veer its pitch, the higher you should set thédue. A \alue of 34 poles specifies that the 17
strongest frequeyccomponents of the source sound will b#racted. In setting thpolesvalue, the basic
rule of thumb is:

Determine hav mary spectral frequencies youamt to analyze. Double this number and, if it does

not exceed the maximumalue allaved, use it as yolpolesamgument. 44.1k soundfiles often require

higher \alues than 22 k soundfiledlote, havever, that while up to 64 pole can be used in resynthe-
sis withmixviewvs Csound has a Wer limit, which seems to be about 50, and a Csound job will abort
when it encounters dpc analysis file with "too mari poles.

When analyzing 44.1k sounds with comptanbral spectra, such as a tone in the bottogister of
the cello, or most percussi unds, alues such as 40, 50 or (if you will be usimixviews rather than
Csoundto perform resynthesisyen 64 may be appropriateWhen analyzing acoustically simpler sounds,
such as a flute tone that may contain only eight or ten significant pgrtlsrguments between 16 and
24 often vork well. Specifying too may poles may result, upon resynthesis, in amplitude beating,
unwanted "re@erberation,” "flanging," smearing, or other types of spectral distortion, especially when the
pitch is transposed or the duration is stretched.

When analyzing @cal sounds, aalue of som&here between 20 and 30 generally is recommended
for an initial try If the resynthesis sounds thin, dull or fred, try increasing thisalue, lut keep in mind
your ultimate resynthesis goalkligherpole values may produce a ‘avmer" resynthesis if the pitch is not
transposed, W if you do eventually perform pitch transposition, or shift the formants, the original pitch of
the source soundfile may bleed through, producingaated "harmonizing."

For advanced users: Sometimes, deliberately "underspecifying" the number of poles wittsayalue of 16 or so for a rich
vocal bass or trombone tone, or for a peragssiund — can create interesting timbrdieefs upon resynthesis, simplifying
the timbre such that only its "sleton” remains.

The Frame ofsetargument, gien in samples, determines (somleat indirectly) hav frequently the
analysis will be updated (that is,wanary analysis windavs will be created to represent each second of
sound). Vith the mixvienvs default value of 220, the first analysis frame willgie at sample 0, the second
frame at sample number 220, the third frame at sample number 440, and so on.

If we are analyzing &4.1k soundfile th§pc analysis will be updated roughlyesy five milliseconds
[ 220/ 44100 = .0049886 seconds ]
and theframe ate, which equals theampling atedivided by therame ofset or the number of frames per
second, will be 200.45
[44100 / 220 = 200.45455 frames per second ]

Almost surely this update rate is much higher than necessary for good signal represemtatiamalysis
update rate of 100 frames per second iBcsenft for all lut the most compieand rapidly changing timbres
and amplitudes. Inatt, at higher sampling rates the aléf frame ofset value of mixviens can cause
ovespecificity (unduly lage analysis files, needlessly long run times for the analysis and oftexct,im f
poor analysis, since each analysis wimdmcompasses such aiportion of the source sound)lhe

5 For the curious: Actuallythis is an wersimplification. Ipc analysis programs typically create double the

number of usespecified analysis frames, whiclvedap (sharing man of the same samples with adjacent
frames, as in phas@&oder analysis procedures) in order tosgmediscontinuities during resynthesis.

Eastman Computer Music Center Use®uide, Section 9 :Page IX: 28



9.3Ipc analysis procedures

default frame ofsetvalue provided bymixviews actually is optimized for 22k soundfiles, where it will cre-
ate updatesvery 10 milliseconds, or 100 frames per each second of sound.
O When analyzingl4.1k soundfiles, therefore, you generally will ackddetter results by changing
theframe offsetvalue t0400 or 500

Most users rarely fiddle with the alterwvatFrame iate argument (which, agjn, equals theampling
rate divided byframe ofsetvalue). Havever, if you wish, you can set thisgament to a desiredalue,
which mixviavsthen will use in place of the currently speciffegime ofsetagument.

Setting pitb analysis agument values:

For string, wind, sung and spek sounds, accurate pitch data is essential toaegigigh quality
resynthesis. Hwever, pitch tracking sometimes is the mostfidiilt or least successful portion kpic anal-
ysis. Infact, mary noise-like, percussie a otherwise aperiodic timbres (such as a maraca roll) may not
yield a usable pitch analysis, and the spectral analysis data may be all that is needed for successful resyn-
thesis. This can be trueen for such seemingly pitched, or quasi-pitched, timbres as crotales and temple
blocks.

The more compbethe pitch contour and spectralobution of a sound source, the moreelik the
pitch etractor algorithm will hae trouble accurately tracking the pitclrundamental frequencies belo
100 herz, or ab@ 1000 herz, may be di€ult or even impossible to captureGlissandos, rapid or wide
vibratos and other pitch inflections may not be captured accur@tedyrapidly changing pitch of spek
sounds can be particularly figult to capture.

In this area, as in certain aspectépafspectral analysisnixvievs provides some handy tools waiable with LPC.app If we
can get close to an accurate pitch analysis mittvievs, we can applying a simple smoothing operation,vited in the application,
that can significantly impke the quality of the pitch data.

The principalpitch analysisarguments, and their dailt values, are summarized in the feliog table:

Pitch analysis guments: mixviews
Default ~ Maximum

Frame size  (number of samples in each fram¢) 350 1000

Frame ofset  (number of frames per second) 200 505

Frame @ate )

Highest estimateddquency(herz) 1000

Lowest estimateddguency(herz) 100

The frame sizevalue should be siitiently lage so that each frame encompasses at least one com-
plete frequeng cycle of the vavdorm. The maximum &lue allaved by mixviensis 1000. The deéult
value of 350, agin, seems to be optimized for 22k soundfiles.

O For 44.1k soundfile, this dafilt often should be raised to about 500.

0 Use higher alues folow pitched tones, leer values forhigh pitched tones.

(The lover the pitch of a tone, the longer itawdength period, and the more samples required to representyedeh ¢

Generallythe Frame ofsetargument should be set to about 1/2fiteane sizevalue.

To provide the analysis programwith some initial help, so that it does not migtaksrong harmonic
or a resonant frequepndor the fundamental pitch,\@ areful attention to theligh estimateandLow esti-
matearguments. Thesevo aguments respecttly specify the highest andwest possible fundamental
frequencies that you belie may occur within the soundfildf you know the approximate pitch of a source
soundfile, you can use tielpfile herz or else the Eastmamidinotescript, to find the frequegaf this
pitch. The narrever the range between thitggh boundaryandLow boundarwalues you pruide, the more
likely your pitch analysis will be successful.wwer, be careful not to specify a pitch range that is too nar
row, or the analysis may miss pitch inflections, especially during attagkso, remember that the
perceved pitch of a sound does notvadys coincide with the plsical frequencies of a timbre, particularly
in the case of the stekiones of percuss unds.

Example Ipc and pitch aguments:
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To help users in their initial attempts to maslge resynthesis and cross-synthesis procedures, we
have daced seeral Ipc analysis files in thésflib/anal/lpcdirectory of botharcanaandsyrinx These analy-
sis files also hae keen used inxample scores for Eastman Csound Library algorithesgn, xsyrand
Ipcpitch. The table belw provides most of the spectral and pitch analysisiarents used to create some of
these public domain analysis files.

LP ANALYSIS PITCHANALYSIS
Poes:  Fame FFame Dur: Frame  Fame High Low
offset: ate: size:  offset: est.: est..
[default mixvievsargument:] [34] [200] [EOF] | [350] [200] [1000] [100]
Analysis file:
sopl.fs4.lpc 24 441 100 8.47 | 1000 441 400 320
source soundfilesflib/voice/sopl.fs4.snd
crt.fs5.1pc 34 200 110.25 5.46 Not performed
source soundfilgsflib/pec/crt.fs5.snd
22voicetest.lpc 34 200 100.25 7.26 500 200 310 90
source soundfilesflib/x/voicetest.sn{@2k)
maracamoll.lpc 34 400 100.25 7.26 Not performed
source soundfilgsflib/pec/maracaroll.snd(44k version)
vc.p.c3.lpc 34 200 220.5 2.28 350 150 200 125
source soundfilesflib/string/vc.p.c3.snd
sdrum1.boll.Ipc 34 504 87.32 1.64 Not performed
source soundfilgsflib/pec/sdruml.boll.snd
oboed4.Ipc 34 200 220.5 2.62 | 1010 200 350 261
source soundfilesflib/wind/oboed4.snd
fl.ed.lpc 20 504 87.32  3.47 | 1010 505 369 310
source soundfilesflib/wind/fl.e4.snd

Notes on these analysis files:

» Note that the sampling rate of theicetestsource soundfile is 22k rather than 44.1 k, simply because | had better luck ana-
lyzing a 22k cop than the 44.1 k original soundfil&/hen using an analysis file desil from a 22k source soundfile (includ-

ing ary analysis files within'sflib/anal/lpcwhose name fagns with the prefix22), we also must empjoa 2k sampling rate in

our resynthesis jobs.

« Although it might at first seem surprising, no pitch analysis is required for successful resynthesis of the crotale tone
(crt.fs5.1pg; the f#5 pitch we hear is a striktone — a result of certain quasi-harmonic ratios within a basically inharmonic
timbral spectrum.

« The snare drum brush roll analyssiuml.boll.lpc) captured the lver frequencies of the source sound better than the
higher frequencies(One can compensate for this, sevhat, by boosting therightnessscore parameter for Library algo-
rithm resyn or by processing the resynthesized soundfile through an EQoretauch as with thgQ application, and boost-

ing higher frequencies.)n addition, the analysis file produced an attack and decay that are more abrupt than the original.

* The cello pizzicato tone analysigc(p.c3.Ipg results in significant amplitude loss in resynthesis, which can be restored by
boosting the amplitude multipliergument inresynto about 2.0.

Special poblems in analyzing spokn and percussive sound sources:

The analysis and resynthesis of speech presents some special problems, and it is recommended that
you do not attempt to analyze and resynthesizeespskund sources until youveagained some xperi-
ence withlpc analysis and resynthesis proceduréBe three mostexing problems are

« the rapidly changing pitch inflections of speech, which in some casesxuesdghe capabilities of

Ipc pitch tracking algorithms;

« rapid changes in timbral spectrum, particularly on consonants; and, especially

« the may brief silences (e.g. from glottal stops) that often occur within speech.
Occasionallythe Ipc analysis ®alues that result from consonants, brief silences andsileaces produce
horrendous noiseubsts (resynthesis amplitudalues &r in excess of 32767). Wh mixvievs these gener
ally can be eliminated byperforming pole stabilization and smoothing smoothing operations on the
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analysis data.

For similar reasons, quasi-pitched percuss®unds with ery sharp attack and decay transients can
be dificult or impossible to analyze and resynthesize succesdfallyexample, | hae had little luck with
tom toms, timbales or most other types of drum sounds.

The problem of silences within sounds can leeyvannging. Ipc analysis programs, including
mixviens, typically have dfficulty even when confronted with brief silences (as short as 20 or 30 millisec-
onds, if this duration is greater than the duration of a single analysis framedftendwill abort with an
error message such as

"Cannot analyze &mes with zeramplitudé' (mixviews)
or the cryptic auss ill conditioned If an analysis aborts with such an error message, first determine the
source of the problem:

* If you are analyzing a continuous tone or sound, the silence may well be atyth®ginning or

very end of the sound, due to inadequate trimmimg.cbrrecting this by eliminating this g@ning

or ending silence. (Wh mixvievs make a ®lection by draggingwer a the input soundfile ewveorm,

but leave aut the silence.)

* If you are analyzing speech or someother sound source that may incledé lsgef silences, the

best solution is to ge the analysis program something to analyze during these silences. The

/sflib/anal/lpcdirectory includes a "soundfile" callstibaudionois@esigned solely for this purpose.

Open this soundfile in a wewindow, then select (dragver) a duration that matches the duration of

the soundfile to be analyzed. Then, in the wimab the soundfile to be analyzed, selbtik under

the Edit menu. The samples from tkebaudionoisevindow (which are inaudible) will be med in

with (added to) the sampleales for the source signal, eliminating the zero amplitude "silences."

Do not s&e tis altered ersion of the source soundfile.

Peaforming LPC spectral and pitch track analysis with MIXVIEWS

(1) Openmixviens (by typingmxvin a shell windar) and then open the soundfile to be analyzed:
» UnderFile, selectOpen In the selection box that appears, choose or type in the name (and, if nec-
essarythe directory path) of the soundfile to be analyzed.
(2) A soundfile windowvill open with an amplitude display of this soundfile.
In this windav, you must select (highlight) the portion of the soundfile to be analyzed.
To slect the entire soundfile, click yamhere within the \avdorm display with the right mouse dtton. T select only a por
tion of the complete soundfile, click with theft mouse bitton to select thbeginning point, and with theniddlemouse ltton
to select arndpoint. Theregion of the soundfile to be analyzedanshould be highlighted.
Reminder: ke particular care in making this selectioli.the soundfile includesven a lrief silence
at the bginning or end, use the left and middle moustdns to delete this silence —dtbnone of
the actual sound avdform — from the selection to be analyzed.
(3) In the soundfile windm, dick on Analyze then onLPC & Pitch Envelope
This will initiate first anpc spectral analysis, thenpétch analysis. Before each of these analyses, a "dialog
box" will open in which you must set the parameters for the analysis.

(4) Within the Ipc analysisdialog box you must set either

O aFrame siz€in samples; defult = 220, ot higher alues often wrk better))

ora

O Frame iate(default, in herz, is 0)
If the Frame ateis left at zero, thealue for the=rame ofsetwill be used. If thé-rame @teis set to ap value, this alue will be used
for the analysis, and tHgame ofsetvalue will be ignored.

Generally it is easier to deal with tReame ofsetvalue. If you are analyzing a 44.1k soundfile, rais-
ing the Frame ofsetvalue to 400 or 500 (in order to create approximately 100 analysis frames for
each second of sound), usually will produce a better analysis, and alswaibsg bginning or end-
ing frame of zero amplitude.

After setting these tasvalues click onConfirm| tolaunch the analysis.
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If, while performing the analysisnixvievs encounters frames with zero amplitude, it will display the error message
Cannot analyze &mes with zeramplitude
If this happens, you should abort the analysis, reset the soungdfde te be analyzed (or else mix in some subaudio noise)
and try agin:
* In the error message box, click [@K]
« A Pitch Track analysis dialog box will appedn this box, abort the pitch analysis by clicking@ance]

(5) After performing thdpc spectral analysisnxvwill open two windows:
O A full screen windw will include four graphical displays of thec data

» The top displaygenerally of little interest, graphs thesidual signal Resid. R produced by
the analysis.
» The second displayS{gnal B, very similar to the display within theoundfile window
graphs the root-mean-square amplitude of the soundfile
« The third display shas theError function produced during tHpc analysis.
For tones with a well defined pitch, such as an arco violin tone, #hie will remain ery close to 0 throughout the
analysis, and its display mayem appearto be blank.
» The bottom displaywhich is blank, is reseed for pitch track data, which has not yet been
performed.

O Superimposed on tHpc data display winde will be a dialog box in which you set parameters for
a ptch analysis. Generallyt is best to perform a pitch analysis at this time, and return tipthdis-
play later

(6) In thePitch Track Analysisbox:
Even if you are dealing with an aperiodic signal without a well defined pitch, you should perform a
pitch analysis. In this box you must set the "pitch track" paramakaees for
» Frame sizdin samples; defult = 350 samples ; maximum = 1000)
» Frame ofset(in samples; defult = 200 samplegNumber of frames per second)
» Frame iate (default = 0)(As in thelpc dialog box, this flag parameter generally can be ignored.)
» High Feq. Boundaryhighest estimated frequendn herz; deéult = 1000)
» Low Freq. Boundarylowest estimated frequeypdn herz; de&ult = 100)

With 44.1 k soundfiles, raising tli@ame sizeto 500, or to the maximum 1000, and perhaps raising the
Frame ofsetvalue as well, may produce a better analysis.
Adjust thehigh andlow estimated pitchalues to a narwer range.

After setting thesealues, click ofiConfirm| ortap a carriage return to launch the pitch analysis.

(6) After the pitch analysis has been performed a wingddl open that displays the pitch datdréquency
ervelopé) and, agin, an amplitude emlope of the source soundfile.

If you see abrupt discontinuities in the pitchv@ape display (other than during the attack) which
you belize may be erroneous (not a true reflection of the actual piteiape of the source sound-
file) you can smooth out these discontinuities. Seleagiandor editing, then, under tidodify win-
dow, slectsmooth curveYou can perform this "smoothing” operation on the selectidneseeral
times in succession if necessary

("Smoothing" of the pitch track data also can be performedele, eter meging this data into thipc analysis.)

Advanced users should note that the pitch data also can be modifedbims\wother ays (for &ample, reersed, or
cross &ded with another pitch analysis_) rious operationsvailable under thédit andModify menus.

If the pitch data looks okagelect the rgion to be used by clicking in the display with the mousesTect
and highlight the entire pitch analysis for inclusion withinlgmfile, click arywhere within the display
with the right mouseuiton.

Now move this windav out of the vay, either byminimizingthe windav (by clicking in the small box near
the right edge of the titlebar),,dess commonhby dragging it on its titlebar to a corner of the monitor dis-
play.

Although it is possible to sa tis pitch data to a file, it is more common to discard the data aftgimmétr
into anlpc analyis file.

(7) Return to thépc analysis window To meme the currently selected pitch data into thisalysis, select
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meige ptch data under thd.PC menu. The data from the pitch track wimdnow should appear in the bot-
tom display freq. in within the Ipc windev.

A highly recommended additional step: Makure that the entirépc display still is highlighted. Then,
under theLPC menu, selecstabilize fames This operation will search for abrupt discontinuities within the
Ipc data, which can result in chirps, bloops, maxamp white noise and othectartitiring resynthesis, and
will smooth out these discontinuities through a process of interpolation.

The LPC menu also contains a selection calljust pith deviation, Choosing this option will open
another box in which one setalues by which the pitch track data can be smoothed.
(Alternatively, though much less commonlyitch inflections can bexaggerated by this operation.)

Advanced users: Note thamanous additional types of modification of thpe data are ilable under theEdit and Modify
menus.

(8) At this point, it usually is best tosathelpc data to a file.The filename should end with thetension
pc. Otherwise mixvievswill not be able to reopen this file in the future.

To obtain information on the analysis parameters that created this file, either aoy time in the future,
selecffile informationunder therile menu.

9.3.2. LPCResynthesis

In Ipc resynthesis two synthetic audio signals

— a ptched pulse train avdorm with exactly harmonic partials, and

— white noise
are mixed to form a compositeri ver (source) signal, which then is filtered through the tizeying reso-
nances praded by the filter coditients of aripc analysis file. Pitch data from the analysis file controls the
pitch of the pulse train oscillatcand the relatie anplitudes of the pitched and noise components are con-
trolled by the (time arying) error coeficients within the analysis. If the source sound thas wnalyzed
was an oboe tone, the pitched component (the pulaggwvill be dominant in the resynthesis; if a maraca
was analyzed, the dvier might consist entirelyor almost entirely of white noise.

The combination of pulse aveand broad band noise models some acoustic sounds (such as the
human wice) much better than other sounds (such as a piano tbhe)act harmonicity of the pulse
train also does not match the frequeratios of an acoustipiano tone, in which harmonics become pro-
gressvely "sharper"). Thus, ocal tones generaly are better candidatetpforesynthesis than piano tones.
However, Ipc analyses of piano tones may ypeosey useful inlpc cross synthesisin this resynthesis tech-
nigue, some other acoustic sound, such as a trumpet or gong tone, is usedengia gidce of the syn-
thetic pulse train and white noise), and is processed through the resonances and amdibmke afrthe
piano tone.

Peforming Ipc resynthesis with mixviews
After creating anpc analysis file withmixviavs it is a good idea to test this analysis immediately by

performinglpc resynthesis. Ithe analyis does not produce resynthesis of acceptable gyalitwill need
to redo it, changing some of the analysis parameters.

To performIpc resynthesis witmixviews, follow these steps:
(1) Open a winde for thelpc analysis file, if it is not already open, and, select th@reof this analysis to

be used in resynthesis.
To slect the entire analysis file, clickyavhere within the display with thiéght mouse bitton.

(2) Under therile menu, seledNew Type thenSound file

(3) In the Create N&v Soundfilebox that opens, set the folling parameter alues for this resynthesis
soundfile:
* an outputduration (The de&ult value ofone secon@dlmost alvays must be changed.)
In setting the outpudluration argument, you determine whether or not timarping will be
applied during resynthesis.oTperform "straight" resynthesis, with no timepansion or
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compression, youduration agument should match the duration of theanalysis. Ifyoudo
wish to perform time warping, simply set this gument to the desired output duration.
* thesampling ate, which should match the sampling rate of the soundfile thatamalyzed
If the sampling rate does not match the sampling rate dpthie you will be warned loit alloved to continue if you wish.
The formants and duration of the resulting output soundfile will not be "correct," and, unless youygeblugkobably will
not like the resulting resynthesis.
» anamefor the nev soundfile.
After setting these parameters, click on[tBenfirm| box.

(4) A blank nev soundfile windev will open. Under th&Soundmenu, selecBynthesisand thenLPC resyn-
thesis Yet another "dialog" box will open, in which you can set resynthegisrants for
» Gain factor (default = 1.)
If the resulting soundfile is too loud or too soft, the resynthesis job can be redone aathi¢hiijusted.
» Unvoiced theshold (default = 1.0)
This agument determines the fraragor value abovewhich the drver for resynthesis will consist entirely of white noise.
 Voiced theshold (default = 0.0)This agument determines the fraraeror value belowwhich the dnver for resyn-
thesis will consist entirely of a pitched pulse train.

Actually, snce thelpc error data_alvays will be between 0 and 1., and most often Wwel®, these tw default thresholds
always will result in a drer that is a mixture ofwhite noise and a pitched pulse train.
* Voiced/urvoiced amp factor(default = 3.0)
By default, the amplitude of the pulse train component of the resynthesis wiil be three times the amplitude of the white
noise component.
The deéult values for these four parameters often are a goguhiieg point. Havever, to achieve hgh
quality audio resynthesis, or a particular timbral qualitgometimes will be necessary to neaidjust-
ments in thesealues.
Ipc error data abwe 3 or so is typical of percussi, unpitched soundsReducing theéJnvoiced thesholdto a \alue of .8, or
perhaps .5, ornven lower, and raising theé/oiced Thesholdvalue slightly perhaps to .02 or so, may produce better resynthesis.
To increase the noise component within a resynthesis (often important for high fsegesolution and attack noise),
decrease thg. in theVoiced/UrvoicedparameterTo reduce the noise component, increase thiiges

After setting these parameters, tap a carriage return or clic&rdimmto begin resynthesis compilation.

(5) After resynthesis has been completed,aadorm display of the resulting sound will appeard you
can play this sound. If you are hgppith the results, perform &aveoperation. If not, and if you wish to
redo the resynthesis within this windoselectremove from the Edit menu to delete the current resynthe-
sized sound, and then, depending upon what you wish to change, return either to step 3 orgtep 4 abo

Peforming Ipc cross synthesis with MIXVIEWS

To usemixviavsto filter a soundfile through the formant data from aipresly createdpc analysis
file, follow these steps:

(1) Open a soundfile. In theemform display select all or a portion of this soundfile to use as zedtd be
filtered through the resonances of the analysis.

(2) Make a opy of this selection. This precaution will assure that you do not aréelvtly destrp data in
the original soundfile.
Under theEdit menu, selecCopy to Nev.
A new window will open, with a cop of the wavdorm display Perform all further vark in this coy
window.

(3) Change the format of the soundfile gdpm 16 bit intger to floating point.
Applying the filter codfcients from aripc analysis to an inteer soundfile often results irery high amplitude alues and, as a
result, maxamp white noiseoBvoid this, the drrer selection should be ceerted tofloating pointsformat, in which all sam-
ple values range between 0 and 1.

» Under theSoundmenu, selec€hang sample format
* In the box that opens, the deft nev format should be set fitoating point If not, click on this
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button, then orConfirm
(After corversion to floating point format, the soundfile gagill can be played.)

(4) Open a winde for an Ipc analysis file, and select thegren (often the entire analysis) to use as a filter
source. Then minimize this windo

(5) Filter the floating point dver copy through the formants of tHpc file data:
» Under theModify menu, selecFilter, thenLPC Formant
* A box will open in which you can set@ain factor(default = 1.). Then click onConfirmto per
form the cross synthesis operation.

(6) When the cross-synthesis is completed, play the resulting sound.
If you wish to s&e this sound, it first must be cearted from floating point back to 16 bit iger format.
To do this:
* Make certain that the whole mesoundfile, or the rgion you wish to sa, is ®lected and high-
lighted. Then
» Under theSoundmenu, selec€hang sample format
* In the box that opens, click di6 bit linearif this button is not already selected, and then click on

* Now perform a sa@e qeration on the soundfile in the normal manner

Peforming Ipc resynthesis and asss-synthesis with Csound

In order to compile a resynthesis or cross-synthesis soundfil€adtiing one must create a suitable
orchestra file algorithm and a companion score file amplify this process, the Eastman Csound Library
includes seeral instrument algorithms and processing modules (subroutines included within some other
instrument) designed tadilitate \arious types olpc resynthesis operations. These resources include:

resyn— creates resynthesis soundfiles
Xsyn and gxsyn— create a cross-synthesis soundfiles

Ipcpitch, xsynpitb andgxsynpitth — read in the pitch track data from Bt analysis file and pass it
to some instrument (such as algoriteamp)

Manual documentation, along with the customary score templatesamgble scores for these algo-
rithms, are included within thEastman Csound Libry binder aailable in the studio.Soundfiles com-
piled from these algorithms andxample scores are located, as usual, insfhiex directory. Advanced
users may wish to write theimm resynthesis and cross-syntheSsoundalgorithms for particular pur
poses, perhaps using the generic Library algorithms we pavided as models.The unit generators
Ipslotandlpinterpol, introduced in 1996, enable one to interpolate betweertwiore analysis files.

Creating a link to an analysisilE : LPLINK

In addition to preparing orchestra and score files @s@undresynthesis job, leever, the user also
must create Ank to each analysis file to be used. In order for us to be able to specify patfica@nalysis
files in a score parameteZsound requires that these analysis files be cilétl where# is an intger
(Ip.1, Ip.3, Ip.14 and so on). Furthermore, the analysis file must be located in the same directory from
which you submit &soundjob. As previously noted, at Eastman we store analysis files osnfeisks,
rather than in user directories on the smaller system disks, sinceghesilee of these files could quickly
fill up the /u partition of the system diskTherefore, it is necessary to create a Ummk file calledlp.#
(where# is an intger) which "points to" the desired analysis file on yanadirectory Example:

Iplink myvoicdpc 2
Result: This command will create a link file called? in your current werking Unix directorythat points
to analysis filemyvoicelpc in your $SFDIRdirectory See the manual page dplink for more details and
options, or else type the commadptink with no aguments. Beure to remee theselp.#link files as soon
as thg are no longer needed.
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