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The Spectral Toolbox is a suite of analysis-resynthesis programs that locate relevant 

partials of a sound and allow them to be resynthesized at any specified frequencies. 

This enables a variety of routines includin g spectral mappings (sending all partials 

of a sound to fixed destinations), spectral morphing (continuously interpolating 

between the partials of a source sound and a destination) and Dynamic Tonality (a 

way of organizing the relationship between a family  of tunings and a set of related 

timbres). A complete application called the TransFormSynth concretely demonstrates 

the methods using either a one-dimensional controller such as a midi keyboard or a 

two -dimensional control surface (such as a MIDI guitar, a computer keyboard, or 

the forthcoming Thummer controller).  
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Introduction  

Wendy Carlos looked forward to the day when it would be possible to perform any 

sound in any tuning: ò...not only can we have any possible timbre but these can be 

played in any possible tuning... that might tickle our earsó (Carlos 1987b). The 

Spectral Toolbox and the TransFormSynth address two issues that have hindered the 

realization of this goal: the ability to specify and implement detailed control over the 

timbre/spectrum of the s ound, and a way to organize the presentation and physical 

interface of the infinitely many possible tunings. 

The analysis-resynthesis process at the heart of the Spectral Toolbox is a 

descendent of the Phase Vocoder (PV) (Dolson 1986; Moorer 1973). But where the 

PV is generally useful for time -stretching (and transposition after a resampling 

operation), the spectral resynthesis routine SpT.ReSynthesis allows arbitrarily 

specified manipulations of the spectrum. This is closely related to the spectral 

mapping  technique of Sethares (1998 and 1997) but can function continuously (over 

time) rather than being restricted to a single slice of time. In the simplest application 

SpT.Sieve, the partials of a sound (or a performance) can be remapped to a fixed 

template; for example, the partials of a cymbal can be made harmonic, or all partials 

of a piano performance can be mapped to the scale steps of N-tone equal 

temperament. By specifying the rate at which the partials may change, the spectrum 

of a source sound can be transformed into the spectrum of a  chosen destination 

sound, as demonstrated in the routine SpT.MorphOnBang. Neither the source nor the 

destination need be fixed. The mapping can be dynamically specified so that a 

source with partials at frequencies  is mapped to 

. For example, the SpT.Ntet routine can be used to generate sounds 

with spectra that align with scale steps of the N-tone equal tempered scale. 

Carlos (1987a) observed that òthe timbre of an instrument strongly affects what 

tuning and scale sound best on that instrument.ó The most complex of the routines, 
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the TransFormSynth, allows the timbre and the tuning to be coupled (or not) by the 

positioning of a two -dimensional slider (e.g., a joystick) where one dimension 

controls the amount of tempering of the tuning and the other dimension controls the 

amount of tempering of the timbre. The organization of the tunings builds on the 

invariance ideas of Milne, Sethares, and Plamondon (2007) and (2008) where 

keyboard layouts can be transpositionally invariant (all keys are fingered the same) 

as well as tuning invariant  (analogous chordal and melodic forms are fingered the 

same) throughout all tunings in a continuum. This provides a straightforward  

interface for user control and a tight integration over a large range of tunings and 

timbres. The synthesis, based on existing samples, provides a rich variety of sounds. 

A current version of the Spectral Toolbox (including all the routines mentioned abov e) 

can be downloaded from the Spectral Tools Homepage at 

http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html . It runs on Win dows and 

Mac OS using either Max/MSP (Cycling  õ74) or the free runtime version. The 

spectral manipulation routines are written in Java, and all programs and source code 

are released under the Creative Commons license. 

Analysis -Resynthesis  

In order to indiv idually manipulate the partials of a sound, it is necessary to 

locate them. The Spectral Toolbox begins by separating the signal (the most 

prominent tonal material) from the noise (rapid transients or other components that 

are distributed over a wide range  of frequencies). This allows the peaks to be treated 

differently from the noise and the basic flow of information in all of the routines is 

shown in Figure 1. This separation helps preserve the integrity of the tonal material 

and helps preserve valuable impulsive information such as the attacks of notes that 

otherwise may be lost due to smearing (Serra 1994). 

http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html
http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html
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The median of a set of numbers is the value that separates the larger half from the 

lower half; the median filter of length  takes the median of each successive set of  

values. The noise floor is approximated as the output of a median filter  applied to 

the magnitude spectrum.  Since peaks are rarely more than a handful of frequency 

bins wide, a median filter with length betw een  to  allows good 

rejection of the highs as well as good rejection of the nulls. For example, the left 

hand plot in Figure 2 shows the spectrum in a single 4096-sample frame from 

Joplinõs Maple Leaf Rag. The median filter, of length 35, provides a convincing 

approximation to the noise floor.  

Figure 1. The input sound is broken into frames and then analyzed by a series of overlapping FFTs. 

The partials (the peaks of the spectrum) follow the top path; they are mapped to their destination 

frequencies, then optionally processed in the frequency domai n. Similarly, the noise portion follows 

the bottom path  and may be processed in the frequency domain before summing and returning to the  

time dom ain. 
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For example, SpT.AnalySynth, whose help file is shown in Figure 3, can be used 

to demonstrate the separation of signal and noise. A sound file is chosen by clicking 

on the òopenó box; alternatively, it is possible to use a live audio input . Pressing the 

x begins play and displays the magnitude s of the signal and the noise (the scales are 

controlled by several boxes that are not shown in the Figure 3). When the ò% noiseó 

parameter is set to 0.5, the signal and noise are balanced and the output 

resynthesizes the input. With ò% noiseó set to zero, the output consists of only the 

signal path. When it is set to 1.0, the output consists of only the noise path. 

Experimenting with different values of the òthreshold multiplieró (which multiplies 

the noise floor by this factor) and the òmaximum # peaksó parameter affects how 

well the noise-signal separation is accomplished. For example, applying the values 

shown in the figure  to a version of Scott Joplinõs Maple Leaf Rag gives the Noisy Leaf 

Figure 2. A typical spectrum and the noise floor (the dark line) as calculated using the output of the 

median filter ( multiplied by a constant ). The noise floor is used to distinguish the peaks of the 

spectrum: the M  largest local maxima above the noise floor (shown by the small circles) are treated as 

significant partials and  processed through the top path of Fig. 1;  data below the noise floor is 

processed through the bottom path.  
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Rag (Spectral Tools Homepage), where both melody and harmony ar e removed, 

leaving only the underlying rhythmic pattern. 

One problem with standard short-time Fourier transform  processing is that the 

frequencies specified by the fast Fourier transform (FFT) are quantized to  where  

is the sampling rate and  is the size of the FFT window. The phase values from 

consecutive FFT frames can be used to refine the frequency estimates of the partials 

as is often done in the PV (Laroche and Dolson 1999; Moorer 1973).  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Suppose that two consecutive frames  and  separated by  seconds have a 

common peak in the th frequency bin of the magnitude spectrum (corresponding to 

a raw frequency estimate of  ). Let  and  be the phase values of the th bins 

and define . The refined frequency estimate is 

 (1) 

Figure 3. SpT.AnalySynth demonstrates the decomposition of the magnitude spectrum into signal (the 

top plot) and noise (the bottom plot). Parameters that affect the decomposition appear across the top. 

The proportion of signal to noise in the reconstructed signa l can be adjuÚÛÌËɯÉàɯÊÏÈÕÎÐÕÎɯÛÏÌɯɁǔɯ

ÕÖÐÚÌɂɯ×ÈÙÈÔÌÛÌÙȭ 

http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html
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The accuracy of this estimate has been shown to approach that of a maximum  

likelihood estimate (the value of the frequency  that maximizes the conditional 

probability of  given the data) for some choices of parameters (Puckette 1998). In 

practice, the frequency values reported are significantly more accurate than the raw 

frequency estimates. 

Similarly, in the resynthesis step, the destination frequencies for the partials can 

be specified to a much greater accuracy than  by adjusting the frequencies of the 

partials using phase differences in successive frames. To be explicit, suppose that the 

frequency  is to be mapped to some value . Let  be the closest frequency bin in 

the FFT vector (i.e., the integer  that minimizes ). The th bin of the output 

spectrum at time  has magnitude equal to the magnitude of the th bin of the 

input spectrum with corresponding phase  

 (2) 

Spectral Mappings  

Suppose that a source sound  has  partials  with magnitudes 

, and let  be  desired partials of the destination sound . 

The mapping changes the partialsõ frequencies while preserving the ir  magnitudes. 

Phase values then are created as in Equation 2. A key issue is how to assign the 

inpu t frequencies  to the output frequencies . Two methods that we have found 

useful are shown schematically in Figure 4. In each diagram, there are two sets of 

stacked lines that represent the peaks in the magnitude spectra of the source  (on 

the left) and the destination  (on the right). The arrows show how the assignments 

are made (and hence which partials of the source map to which partials of the 

destination). The dark dots represent frequencies that are not in  or  but are 

nonetheless needed when . 
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Multiphonics occur in wind instruments when the  coupling between the driver 

(the reed or lips) and the resonant tube evokes more than a single fundamental 

frequency. Their  sounds tend to be inharmonic and spectrally rich.  The two different 

assignment strategies, described in Figure 4, are contrasted by conducting a spectral 

morph (see òSpectral Morphingó, below) between pairs of clarinet multiphonics  . 

Each of the sound examples in Multiphonics1-2-3-4 (Spectral Tools Homepage) 

Figure 4. Two ways to align the partials of the source spectrum with the partials of the destination 

spectrum. The nearest neighbor assignment locates  that are close to , and these neighbors are 

paired. Zero amplitude partials are added to the list of destination  partials and assigned to  

whenever there are no nearby partials , and these are spaced between the nearest destination 

partials. Similarly, unassigned destination partials are mapped to partials of zero magnitude that are 

located midway between nearby source partials. The sequential alignment method assigns the lowest 

frequency peak in  to the lowest frequency peak in , then pairs the next-lowest frequencies, and so 

forth,  until all are exhausted. 

http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html
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presents two different multiphonics and then a 15 second morph between them. The 

various assignment strategies can cause significant differences in the motion of the 

sound. There are also other ways that the assignments might be made. For example, 

the sequential alignment might begin with the highest , rather than the lowest, 

partials. The partials with the maximum  magnitudes might be aligned, followed by  

those with the second largest, and so forth, until all are exhausted.  Or, alternatively,  

some important pair of  partials might be identified (e.g.,  the largest in magnitude, or 

the ones nearest the spectral centroid) and the others aligned sequentially above and 

below. Early experiments suggest that many of these methods lead to erratic results 

in which the pitch changes dramatically in response to small changes in the input 

sound. 

Applications of the Spectral Toolbox  

The analysis, spectral mappings, and resynthesis processes described in the 

previous sections enable a variety of routin es including fixed spectral mappings 

(sending all partials of a sound to fixed destinations), spectral morphing 

(continuously interpolating betwee n the partials of a source sound and a 

destination) and Dynamic T onality. These are described in the next few sections. 

Fixed Destinations  

Perhaps the most straightforward use of the spectral mapping technology is to 

map the input to a fixed destination sp ectrum . For example, since harmonic 

sounds play an important role in perception,  might be chosen to be a harmonic 

series built on a fundamental frequency  (i.e., ) as implemented in the 

SpT.MakeHarm routine of Figure 5. A sound is played using sfplay and the root  is 

chosen either by typing into the rightmost number box or by clicking  on the 

keyboard (this can easily be replaced with a  MIDI input). The input might be an 

inharmonic sound such as a gong (see harmonicgong at Spectral Tools Homepage), or 

it may be a full piece such as the 65 Hz Rag (Spectral Tools Homepage) which  maps 

http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html
http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html
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all partials of a performance of Joplinõs Maple Leaf Rag to integer multiples of 

. It is also possible to òplayó the mini-keyboard, to change the fundamental 

frequency of the harmonic series over time. Maple-makeharm (Spectral Tools 

Homepage) is a brief improvisat ion where the fundamental is changed as the piece 

progresses. One fascinating aspect is that there is a smooth transition from rhythm 

(when the piece is mapped to all harmonics of a low fundamental) to melody (when 

mapped to all harmonics of a high fundame ntal). 

 

 

 

 

 

 

 

 

 

 

 

 

 

Similarly, the SpT.Ntet routine maps all partials of the input sound to scale steps 

of the N-tone equal tempered scale. This can be used to create sounds that are 

particularly appropriate for usage in the  given N-TET scale (Sethares 1997) or to 

map a complete performance into an approximation of the òsameó piece in N-TET. 

For example, Maple5tet (Spectral Tools Homepage) maps all the partials of Joplinõs 

Maple Leaf Rag into a fixed 5-TET template. The more sophisticated Magic Leaf Rag 

(Spectral Tools Homepage) transforms the same piece into many different N-TETs, 

Figure 5. SpT.MakeHarm maps all partials of the input sound to a single harmonic series with root 

specified by the keyboard or by the rightmost number box. The three number boxes laÉÌÓÌËɯɁșɯ

×ÌÈÒÚȮɂɯɁÔÜÓÛÐ×ÓÐÌÙȮɂɯÈÕËɯɁÞÐËÛÏɯÖÍɯÔÌËÐÈÕɂɯÚÌÛɯÛÏÌɯ×ÈÙÈÔÌÛÌÙÚɯÍÖÙɯspectral peak detection and 

noise/signal separation. 3ÏÌɯÉÖßɯÓÈÉÌÓÌËɯɁÕÖÐÚÌɯÓÌÝÌÓɂɯÊÖÕÛÙÖÓÚɯÛÏÌɯÙÌÓÈÛÐÝÌɯÝÖÓÜÔÌÚɯÖÍɯÛÏÌɯÚÐÎÕÈÓɯÈÕËɯ

noise paths. These parameters are common to all routines in the Spectral Toolbox. 

http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html
http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html
http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html
http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html
http://www.cae.wisc.edu/~sethares/spectoolsCMJ.html
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using diffe rent tuning mappings  in a way that  is somewhat analogous to the change 

of chord patterns in a more traditional setting. The most general of the fixed 

destination routines is SpT.Sieve, which maps the input sound to a collection of 

partials specified by a user-definable table. 

Spectral Morp hing  

Spectral morphing generates sound that moves smoothly between a source 

spectrum  and a destination spectrum  over a specified time . Suppose that  has 

partials at  with magnitude  and  has partials at  

with magnitude . The two spectra are assumed to be aligned (using one of the 

methods of Figure 4) so that both have the same number of entries . Let  and  

be the noise spectra of  and . Let  be 0 at the start of the morph and be 1 at time 

. The morph then defines the spectrum at all intermediate times with log -spaced 

frequencies 

 (3)  

linearly -spaced intermediate magnitudes 

 (4)  

and interpolated noise spectra 

 (5)  

Logarithmic interpolation is used in Equation 3 because it preserves the 

intervallic structure  of the partials. The most common example is for harmonic 

series. If the source and destination each consist of a harmonic series (and if the 

corresponding elements are mapped to each other in the alignment procedure) , then 

at every , the intervening sounds also have a harmonic structure. This is shown 

mathematically in Appendix A and can be demonstrated concretely using 

SpT.MorphOnBang, which appears in Figure 6. 
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To explore the spectral morphing, we recorded Paris-based instrumentalist Carol 

Robinson playing a number of short multiphonics whose  timbres ranged from soft 

and mellow to noisy and harsh. Pairs of multiphonics were spectrally morphed so 

that each pair was about 20 seconds long. Some samples can be heard in Three 

Versions of Clarinet + Harmonics (Spectral Tools Homepage). A simple quarter -tone 

melodic line was written above the  multiphonic accompaniment analogous to the  

way a standard melody can be accompanied by block chords. There are two possible 

directions for the morph: to morph the clarinet into the multiphonics or  to morph 

the multiphonics into the clarinet.  

In the first case, the clarinet was set to be the source F and the multiphonics to be 

the destination G. The merging of the clarinet was, if anything, too successful 

because, while the effect is interesting, the changes to the spectrum of the clarinet 

render it, in many places, unrecognizable. Several examples are given in Three 

Figure 6. SpT.MorphOnBang can be applied to individual sounds or to complete musical 

performances. The time over which the morph occurs is specified by the slider and is triggered by the 

button on the right.  


