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Abstract (i.e. a model having a single component type) that is
capable of representing at high fidelity a wide variety of
sounds, including non-harmonic, polyphonic, impulsive,

We introduce the use of the method of reassignmen@nd noisy sounds. THeeassigned Bandwidth-Enhanced

in sound mode"ng to produce a Sharper, more robussound Modeis robust under tranSfOfmation, and the fi-

additive representation. ThReassigned Bandwidth- delity of the representation is preserved even under time-

Enhanced Additive Modelollows ridges in a time- dilation and other model-domain modifications. The ho-

frequency analysis to construct partials having both siimogeneity and robustness of the reassigned bandwidth-

nusoidal and noise characteristics. This model yield€nhanced model make it particularly well-suited for such
greater resolution in time and frequency than is possiblénanipulations as cross synthesis and sound morphing.
using conventional additive techniques, and better pre-

serves the temporal envelope of transient signals, even iReassigned bandwidth-enhanced modeling and render-

modified reconstruction, without introducing new com- ing and many kinds of manipulations, including morph-

ponent types or cumbersome phase interpolation algoing, have been implemented in an open-source C++ class

rithms. library, Loris, and a stream-based, real time implementa-
tion of bandwidth-enhanced synthesis is available in the
Symbolic Sound Kyma environment.

0 Introduction
1 Time-Frequency Reassignment

The method of reassignment has been used to sharpen

spectrograms to make them more readable [1], to Mearpg giscrete short-time Fourier transform is often used
sure sinusoidality, and to ensure optimal window align-5g the hasis for a time-frequency representation of time-

ment in analysis of musical signals [2]. We use\qrying signals, and is defined as a function of time index
time-frequency reassignment to improve 8andwidth- 514 frequency indek as

Enhanced Additive Sound Model The bandwidth-

enhanced additive representation is similar in spirit to 0 o)k
traditional sinusoidal models [3, 4, 5] in that a wave- Xu(k) = > hl—-n)z(l)e” ~ 1)
form is modeled as a collection of components, called I=—00

N-1

i hDa(n+De= %" (2)

partials, having time-varying amplitude and frequency

envelopes. Our partials are not strictly sinusoidal, how-

ever. We employ a technique Bandwidth Enhancement =

to combine sinusoidal energy and noise energy into a

single partial having time-varying amplitude, frequency, whereh(n) is a sliding window function equal to for

and bandwidth parameters [6, 7]. We use the methoa < —% andn > % (for N odd), so thatX,, (k) is

of reassignment to improve the time and frequency esthe N-point discrete Fourier transform (DFT) of a short-

timates used to define our partial parameter envelopesime waveform centered at time

thereby improving the time-frequency resolution of our

representation, and improving its phase accuracy. As a time-frequency representation, the STFT provides
relatively poor temporal data. Short-time Fourier data

The combination of time-frequency reassignment ands sampled at a rate equal to the analysis hop size, so

bandwidth enhancement yields a homogeneous modelata in derivative time-frequency representations is re-




ported on a regular temporal grid, corresponding to then the vicinity of ¢ = 7 (i.e., for an analysis window
centers of the short-time analysis windows. The sam<¢entered at timeé = 7), the point of maximum spectral
pling of these so-calleftame-basedepresentations can energy contribution has time-frequency coordinates that
be made as dense as desired by an appropriate choisatisfy the stationarity conditions
of hop size. Temporal smearing due to the long analy-
sis windows needed to achieve high frequency resolution 0 B
presents a much more serious problem that cannot be re- Oow prw)+w-(t=m)] = 0 3)
lieved by denser sampling. 0

y Ping 50w tw-(t-7)] = 0 4)
Though the short-time phase spectrum is known to con- . i )
tain important temporal information, typically, only the Where¢ (7,w) is the continuous short-time phase spec-
short-time magnitude spectrum is considered in the timet"Um andw - (£ — 7) is the phase travel due to periodic
frequency representation. The short-time phase spectruﬁ’?c'"at'on [s_a]. The stationarity conditions are satisfied
is sometimes used to improve the frequency estimate@t the coordinates
in the time-frequency representation of quasi-harmonic

sounds [8], but it is often omitted entirely, or used only i = 17— M (5)

in unmodified reconstruction, as in the Basic Sinusoidal P Ow

Model, described by McAulay and Quatieri [3]. o = w (6)
T

It has been shown that partial derivatives of the' shortyepresenting, respectively, the group delay and instanta-
time phase spectrum can be used to substantially improvgeous frequency.

the short-time time and frequency resolution [9], and an

efficient short-time Fourier transform-based implemen'Discretizing Equations (5) and (6) to compute the time
te}tipn has been developed that does not require compleé%d frequency coordinates numerically is difficult and
division [1]. unreliable, because the partial derivatives must be ap-
proximated. These formulae can be rewritten in the form
The so-calledMethod of Reassignmembmputes re-  of ratios of discrete Fourier transforms [1]. Time and
assigned time and frequency estimates for each spegrequency coordinates can be computed using two ad-
tral component from partial derivatives of the short-time gjtional short-time Fourier transforms, one employing

phase spectrum. Instead of locating time-frequency comy time-weighted window function and one employing a
ponents at the geometrical center of the analysis Winfrequency-weighted window function.

dow (t,,ws), as in traditional short-time spectral analy-

SIS, the cpmponents are reassigned to_the_ ce_nter of 9% ce time estimates correspond to the temporal center of
ity of their complex spectral energy distribution, com- the short-time analysis window, the time-weighted win-

puted.fro.m the short—time phase speptrum according t%ow is computed by scaling the analysis window func-
the principle of stationary phase. This method was ms%ion by a time ramp the time ramp from% to %

developed in the context of the spectrogram and calle . . !
e . . : or a window of lengthV. The frequency-weighted win-
the Modified Moving Window Methof9], but has since dow is computed by wrapping the Fourier transform of

gce::Ir; té:gg!fe:”;()s alvarlety of time-frequency and time-,, analysis window to the frequency rariger, 7], scal-
[1]. ing the transform by a frequency ramp from™> to

) L % and inverting the scaled tranform to obtain a (real)
The theorem of stationary phase states that the variatio

a - ! _ﬁ‘equency-scaled window. Using these weighted win-
of the Fourier phase spectrum not attributable to perIOdI('dOWS’ the method of reassignment computes corrections
oscillation is slow with respect to frequency in certain 4 ihe time and frequency estimates in fractional sample
spectral regions, and in surrounding regions the variay,its petween- Y=1 and ¥=1 . The three analysis win-
tion is relatively rapid. In Fourier reconstruction, pos- yqys employed in reassig%ed short-time Fourier analysis
itive and negative contributions to the waveform cancel, .o shown in Figure 1.

in frequency regions of rapid phase variation. Only re-

ions of slow phase variation (stationary phase) will con- . . .
g P ( yp ) The method of reassignment computes reassigned times

tribute significantly to the reconstruction, and the maxi- X X
a frequencies for each short-time spectral component.

mum contribution (center of gravity) occurs at the point X L
( gravity) P The reassigned timéy, ,,, for the k*" spectral compo-

where the phase is changing most slowly with respect to X .
time and frequency. nent from the short-time analysis window centered at

time n (in samples, assuming odd-length analysis win-



Analysis windows used in time-frequency reassignment
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in the representation is relocated by a process that is
highly signal dependent. This is not an issue in our repre-
sentation, since the bandwidth-enhanced additive model,
like the basic sinusoidal model [3], retains data only at

time-frequency ridges (peaks in the short-time magni-

tude spectra), and thus is not bilinear.

Note that, since the short-time Fourier transform is in-
vertible, and the original waveform can be exactly recon-
structed from an adequately-sampled short-time Fourier
representation, all the information needed to precisely lo-
cate a spectral component within an analysis window is
present in the short-time coefficients,, (k). Temporal
information is encoded in the short-time phase spectrum,
which is very difficult to interpret. The method of reas-
signment is a technique for extracting information from

Figure 1: Analysis windows employed in the three short-the phase spectrum.

time transforms used to compute reassigned times and

frequencies. Waveform (a) is the original window func-

tion, h (n) (a 501 point Kaiser window with shaping

parameter 12.0, in this case), waveform (b) is time-2 Reassigned

weighted window functionk, (n) = n h (n), and wave- h q IVSi
form (c) is the frequency-weighted window function, Enhanced Ana ysIS

Bandwidth-

hy (n).
The method of reassignment has been used to sharpen
dows) is [1] spectrograms to make them more readable [1, 10].
We use it to improve our bandwidth-enhanced sinu-
i :n_%{Xtm(k)Xﬁ(k)} (7)  soidal modeling representation [6, 7]. TReas-
|1 X, (k)| signed Bandwidth-Enhanced Additive Mod#l] em-

ploys time-frequency reassignment to improve the time
where X;.,,(k) denotes the short-time transform com- and frequency estimates used to define our partial param-
puted using the time-weighted window function andeter envelopes, thereby improving the time-frequency
R {-} denotes the real part of the bracketed ratio. resolution of our representation, and improving its phase
accuracy.
The corrected frequenayy, ,, corresponding to the same

component is [1]

Reassignment transforms our analysis from a frame-
based analysis into a “true” time-frequency analysis.
Whereas the discrete short-time Fourier transform de-
fined by Equation 2 orients data according to the anal-

en k4O { X (k) X (k) } -
ysis frame rate and the length of the transform, the time
where X;.,, (k) denotes the short-time transform com- and frequency orientation of reassigned spectral data is
puted using the frequency-weighted window functionsolely a function of the data itself.
and$ {-} denotes the imaginary part of the bracketed ra-

tio. Botht », andawy, , have units of fractional samples.  The method of analysis we use in our research models a
sampled audio waveform as a collectionb@ndwidth-

Time and frequency shifts are preserved in the reassigrenhanced partialfiaving sinusoidal and noise-like char-

ment operation, and energy is conserved in the reasacteristics. Bandwidth-enhanced partials are defined by

signed time-frequency data. Moreover, chirps and im-a trio of synchronized breakpoint envelopes specifying

pulses are perfectly localized in time and frequency inthe time-varying amplitude, center frequency, and noise

anyreassigned time-frequency or time-scale representazontent for each component. Each partial is rendered by

tion [1]. Reassignment sacrifices the bilinearity of time- a bandwidth-enhanced oscillatodescribed by

frequency transformations like the squared magnitude of

the short-time Fourier transform, since every data point y(n) = [A(n) + B(n){(n)] cos (8(n)) 9



and frequency estimates for our partial parameter en-
velope breakpoints by computing reassigned times and

B AM frequencies that are not constratined to lie on the time-

noise lowpass filter frequency grid defined by the short-time Fourier anal-
[: Q) i /D ysis parameters. Our algorithm shares with traditional

C _/ N\ sinusoidal methods the notion of temporally connected
partial parameter estimates, but by contrast, our esti-

w(n) mates are non-uniformly distributed in both time and fre-

quency, as shown in Figure 3.

v Short-time analysis windows normally overlap in both
time and frequency, so time-frequency reassignment of-
Figure 2: Block diagram of the Bandwidth-Enhancedten yields time corrections greater than the length of the
Oscillator. The time-varying sinusoidal and noise ampli-short-time hop size and frequency corrections greater
tudes are controlled byi(n) and3(n), respectively, and than the width of a frequency bin. Large time corrections
the time-varying center (sinusoidal) frequencyis). are common in analysis windows containing strong tran-
sients that are far from the temporal center of the win-

) ) _ ) dow. Since we retain data only at time-frequency ridges,
where A(n) and §(n) are the time-varying sinusoidal that is, at frequencies of spectral energy concentration,
and noise amplitudes, respectively, aftd) is @ energy- e generally observe large frequency corrections only in
normalized lowpass noise sequence, generated by excifhe presence of strong noise components, where phase
ing a lowpass filter with white noise and scaling the filter sationarity is a weaker effect. The analysis data depicted
gain such that the noise sequence has the same total spg¢-Figure 3¢ shows many data points reassigned to times
tral energy as a full-amplitude sinusoid. The oscillatornear an apparent transient, resulting in a cluster of data
phase(n), is initialized to some starting value, obtained pear the time of the transient, but eliminating the tempo-

from the reassigned short-time phase spectrum, and Upy| smearing characteristic of frame-based analysis tech-
dated according to the time-varying radian frequencypiqes.

w(n), by
O(n)=0(n—1)+wn) n>0 (10)

The bandwidth-enhanced oscillator is depicted in Fig—3 Sharpening Transients
ure 2.

We define the time-varyingandwidth coefficients(n), Time-frequency representations based on traditional

as the fraction of total instantaneous partial energy that i?nagnitude-only short-time Fourier analysis techniques
att_rit_)utable to noise. This bandwidth (or noisiness)_ co-(Such as the spectrogram and the basic sinusoidal
efficient assumes va!ues petwe@ﬂuor a pure sm_usmd model [3]) fail to distinguish transient components from
and1 for partial that is entirely narrowband noise, and sustaining components. A strong transient waveform, as
varies over time according to the noisiness of the partialshown in Figure 4a, is represented by a collection,of
If we represe_znt the total (sinusoidal and noise) instan]ow amplitude spect’ral components in early short-time
taneou_s partial energy a§(n), Fhen the_ output of the analysis frames, that is, frames corresponding to analy-
bandwidih-enhanced oscillator is described by sis windows centered earlier than the time of the tran-
~ sient. A low-amplitude periodic waveform, as shown in
y(n) = An) [\/1 —#(n) + \/2”(”)4(71)} cos (6(n)) Figure 4b, is also represented by a collection of low am-
(11)  plitude spectral components. The information needed to
distinguish these two critically different waveforms is en-
The envelopes for the time-varying partial amplitudescoded in the short-time phase spectrum, and is extracted
and frequencies are constructed by identifying and fol-by the method of reassignment.
lowing ridges on the time-frequency surface. The time-
varying partial bandwidth coefficients are computed andother methods have been proposed for representing tran-
assigned by a process loindwidth associatiof6]. sient waveforms in additive sound models. Verma and
Meng [12] introduce new component types specifically
We use the method of reassignment to improve the timéor modeling transients, but this method sacrifices the ho-
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Figure 3: Comparison of time-frequency data included in common representations. Only the time-frequency orien-
tation of the data points is shown. The short-time Fourier transform (a) retains data at evety fimefrequency

wg. The basic sinusoidal model [3] retains data at selected time and frequency samples, as shown in (b). Reassigned
bandwidth-enhanced analysis data (c) is distributed continuously in time and frequency, and retained only at time-

frequency ridges. Arrows indicate the mapping of short-time spectral samples onto time-frequency ridges due to the

method of reassignment.
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mogeneity of the model. A homogeneous model, that
is, a model having a single component type, such as
the breakpoint parameter envelopes in our reassigned
bandwidth-enhanced additive model [11], is critical for
many kinds of manipulations [13, 14]. Peeters and
Rodet [2] have developed a hybrid analysis/synthesis
system that eschews high-level transient models and re-
tains unabridge®LA (overlap-add) frame data at tran-
sient positions. This hybrid representation represents
unmodified transients perfectly, but also sacrifices ho-
mogenity. Quatieri [15] proposes a method for preserv-
ing the temporal envelope short-duration complex acous-
tic signals using a homogeneous sinsusoidal model, but
it is inapplicable to longer duration sounds, or sounds
having multiple transient events.

Time-frequency reassignment allows us to preserve tem-
poral envelope shape without sacrificing the homogene-
ity of the bandwidth-enhanced additive model. Reas-

Figure 4: Two windowed short-time waveforms (dashedsignment greatly improves time resolution by relocating

lines) that are not readily distinguished in the basic sin-spectral peaks closer to the time of the transient events,
soidal model [3]. Both waveforms are represented byso that transients are not smeared out by the length of
low-amplitude spectral components, and with reassignthe analysis window. Components extracted from early
ment, the strong transient on the left (a) yields off-centeror late short-time analysis windows are reassigned to
components, having large time corrections (positive intimes near the time of the transient, yielding clusters of

this case because the transient is near the right tail of théme-frequency data points, as shown in the reassigned
window), while the sustained quasi-periodic waveformanalysis depicted in Figure 3. Moreover, since reas-

on the right (b) yields time corrections near zero.

signment sharpens our frequency estimates, it is possi-
ble to achieve good frequency resolution with shorter (in
time) analysis windows than would be possible with tra-
ditional methods. The use of shorter analysis windows



1 out by the long analysis window. Figure 7 shows a recon-
L N . struction from reassigned time-frequency data. The tran-

/ /N . sient response has been greatly improved by relocating
J/ S0 , components extracted from early analysis windows (like
the one on the left in Figure 5) to their spectral centers
of gravity, closer to the observed turn-on time. The syn-
thesized onset time has been reduced to approximately
10 ms. The time-frequency analysis data is shown in
Figure 8. The nonreassigned data is evenly distributed in
time, so data from early windows (that is, windows cen-
tered before the onset time) smears the onset, whereas the
reassigned data from early analysis windows is clumped
near the correct onset time.
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Figure 5: Two long analysis windows superimposed at .
different times on a square wave signal with an abrupl4 Cropplng
turn-on. The short-time transform corresponding to the
earlier window generates unreliable parameter estimates
and smears the sharp onset of the square wave. Off-centercomponents are short-time spectral compo-
nents having large time reassignments, that is, compo-
nents having centers of gravity far from the temporal cen-
further improves our time resolution and reduces tempoter of the analysis window. Since they represent transient
ral smearing. events that are far from the center of the analysis window,
and are therefore poorly represented in the windowed
The effect of time-frequency reassignment on transienshort-time waveform, these off-center components intro-
response can be demonstrated using a square wave thhice unreliable spectral parameter estimates that corrupt
turns on abruptly, shown in Figure 5. This waveform, our representation, making the model data difficult to in-
while aurally uninteresting and uninformative, is use-terpret and manipulate.
ful for visualizing the performance of various analysis
methods. Its abrupt onset makes temporal smearing olEortunately, large time corrections make off-center com-
vious, its simple harmonic partial amplitude relationship ponents easy to identify and remove from our model.
makes it easy to predict the necessary data for a googy removing the unreliable data embodied by off-center
time-frequency representation, and its simple waveshapgomponents, we make our model cleaner and more ro-
makes phase errors and temporal distortion easy to idefyst. Moreover, thanks to the redundancy inherent in
tify. Note, however, that this waveform is pathological short-time analysis with overlapping analysis windows,
for Fourier-based additive mOdelS, and exaggerates all qx/e do not sacrifice information by removing the unre-
these problems with such methods. We use it only fonjaple data points. The information represented poorly
comparison of various methods. in off-center components is more reliably represented in
well-centered components, extracted from analysis win-
Figures 6 and 7 show two reconstructions of the onsetlows centered nearer the time of the transient event. Fig-
of the square wave in Figure 5 from time-frequency dataure 9 shows reassigned bandwidth-enhanced model data
obtained using a 54-ms analysis window. The silencdrom the onset of a bowed cello tone before and after the
before the onset is not shown. Only the first (lowestremoval of off-center components. Typically, data hav-
frequency) five harmonic partials were used in the re4ing time corrections greater than the time between con-
construction, and consequently the ringing due to Gibb’ssecutive analysis window centers is considered to be un-
phenomenon is evident. reliable, and is removed, aropped

Figure 6 is a reconstruction from traditional, nonreas-Cropping partials to remove off-center components al-
signed time-frequency data. The reconstructed squan®ws us to localize transient events reliably. Figure 8(c)
wave amplitude rises very gradually and reaches full amshows reassigned time-frequency data from the abrupt
plitude approximately 40 ms after the first non-zero sam-square wave onset with off-center components removed.
ple. Clearly, the instantaneous turn-on has been smeardthe abrupt square wave onset synthesized from the
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Figure 6: Onset of square wave reconstruction without reassignment.
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Figure 7: Onset of square wave reconstruction with reassignment.
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Figure 8: Time-frequency analysis data points for an abrupt square wave onset, depicted in Figure 5. The traditional
nonreassigned data () is evenly distributed in time, whereas the reassigned data (b) is clumped at the onset time. (c)
shows the reassigned analysis data after far off-center components have been removed, or “cropped”. Only time and
frequency information is plotted, amplitude information is not displayed.
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Mo unmodified reconstruction. In order to match short-time

spectral frequency and phase estimates at frame bound-
oo oo o0 aries, McAulay and Quatieri employ cubic interpolation
of the instantaneous partial phase.

W Cubic phase envelopes have many undesirable proper-

oot oo oo ties. They are difficult to manipulate and maintain un-
der time- and frequency-scale transformation compared
to linear frequency envelopes. However, in unmodified
reconstruction, cubic interpolation prevents the propa-
gation of phase errors introduced by unreliable param-
w eter estimates, maintaining phase accuracy in transients,
where the temporal envelope is important, and through-
e eee T out the reconstructed waveform. The effect of phase er-
rors in unmodified reconstruction of a square wave is
illustrated in Figure 11. If not corrected using a tech-
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1200
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e eeee nique like cubic phase interpolation, partial parameter
oot os o errors introduced by off-center components render the
3700 _ 120 wave shape visually unrecognizable. Figure 12 shows
Time (ms) . .
(b) that cubic phase can be used to correct these errors in

unmodified reconstruction. It should be noted that in

Figure 9: Time-frequency coordinates of data from reasthis case, the phase errors appear dramatic, but are not
signed bandwidth-enhanced analysis before (a) and aftdéfportant to the sound of the reconstructed waveform.
(b) cropping of off-center components clumped togethedn many sounds, particularly transient sounds, preserva-

at partial onsets. The source waveform is a bowed cell¢ion of the temporal envelope is critical [15, 12], but the
tone. square waveforms in Figures 11 and 12 sound identical.

It should also be noted that cubic phase interpolation can
be used to preserve phase accuracy, but does not reduce

cropped reassigned data, seen in Figure 10, is muckmporal smearing due to off-center components in long
sharper than the uncropped, reassigned reconstructiognalysis windows.

because the taper of the analysis window makes even
the time correction data unreliable in components thaﬁt is not desirable to preserve phase at all times in

E\re dve_ré/hfar r(])ff-cer(;ter. dFIIg(;IJre 2 shov;gs reas&gnfe%odiﬁed reconstruction. Because frequency is the time
ban V(‘j” tlien ancS me ed a]:[a r(r)]m the onlsetf Oﬁ Yerivative of phase, any change in the time or frequency
owed cello tone before and after the removal of Off-g g0 of 4 partial must correspond to a change in the

center components. In this case, components with timg, 556 \a1yes at the parameter envelope breakpoints.
corrections greater than 10 milliseconds (the time be-

tween consecutive analysis windows) were deemed to ble | . h ina th bic bh
too far off-center to deliver reliable parameter estimates, 9€neral, preserving phase using the cubic phase
ethod in the presence of modifications (or estimation

As in Figure 8(c), the unreliable data clustered at the timd" . ; ;
of the onset is removed, leaving a cleaner, more robus?rrors) introduces wild frequency excursions [16]. Phase
representation ' ' can be preserved at one time, however, and that time is

typically chosen to be the onset of each patrtial, although
any single time could be chosen. The partial phase at all
other times is modified to reflect the new time-frequency

5 Phase Maintenance characteristic of the modified partial.

Off-center components with unreliable parameter esti-
mates introduce phase errors in modified reconstruction.

. ! St the phase is maintained at the partial onset, even the
classes of sounds, particularly transients and short-

durati | di ts havi anificant inf cubic interpolation scheme cannot prevent phase errors
muargc;r?r;nc?r?e] ptsi(n;gr;?:r:/\?er;ospea[\fg]g S'Il'%r:al It()::sr:clgir?tz_from propagating in modified syntheses. This effect is

. ‘ . _illustrated in Figure 13, in which the square wave time-
soidal model proposed by McAulay and Quatieri [3] is g d

. . 0
phase correct, that is, it preserves phase at all times i%requency data has been shifted in frequency by 10% and
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Figure 10: Onset of square wave reconstruction with reassignment and removal of unreliable partial parameter esti-
mates.

reconstructed using cubic phase curves modified to re6  Breaking partials at Transient
flect the frequency shift. Events

By removing the off-center components at the onset of a

partial, we not only remove the primary source of phase i . )
errors, we also improve the shape of the temporal enveTrarTS'e”tS correspondlr)g to the onset of all as_somated
lope in modified reconstruction of transients by preseryPartials are preserved in our model by removing off-
ing a more reliable phase estimate at a time closer to thgenter components at the ends of partlgls. Iftran§|ents al-
time of transient event. We can therefore maintain phas&/ays correspond to the onset of associated partials, then
accuracy at critical parts of the audio waveform eventhat method will preserve the temporal env_elope of multi-
under transformation, and even using linear frequencyple tr_anS|ent (_avents. In fact, howeve_r, partials often span
envelopes, which are much simpler to compute, inter_trans!ents. F|gurg 16_ shows a part|a_l that extends over
pret, edit, and maintain than cubic phase curves. Fig'_tran3|ent boundaries in a representation of a bongo roII_,
ure 14 shows a square wave reconstruction from croppefl S€duénce of very short transient events. The approxi-
reassigned time-frequency data, and Figure 15 shows mate attack tlm_es_: are |nd|ca_ted by dashed vertical lines.
frequency-shifted reconstruction, both using linear fre-IN SUch cases, it is not possible to preserve the phase at
quency interpolation. Removing components with Iargethe locations of multiple transients, since, under modifi-

time corrections preserves phase in modified and unmodEation the phase can only be preserved at one time in the

ified reconstruction, and thus obviates cubic phase interif of a partial.

polation.
Strong transients are identified by the large time correc-

Moreover, since we do not rely on frequent cubic phasd!ons they introduce. By breaking partials at components
corrections to our frequency estimates to preserve th8aVing large time corrections, we cause all associated
shape of the temporal envelope (which would otherwisdlartials to be born at the time of the transient, and thereby
be corrupted by errors introduced by unreliable data)€nhance our ability to maintain phase accuracy. In Fig-
we have found that we can obtain very good-quality re-Uré 17, the partial that spanned several tran§|ent§ in Fig-
construction, even under modification, with regularly- U€ 16 has been broken at components having time cor-
sampled partial parameter envelopes. That is, we cafections greater than the time between successive analy-
sample the frequency, amplitude, and bandwidth enSis window centers (about 1.3 milliseconds, in this case),
velopes of our reassigned bandwidth-enhanced partials &0Wing us to maintain the partial phases at each bongo
regular intervals (of, for example, 8 milliseconds) with- strike. By breaking partials at the locations of trgn5|ents,
out sacrificing the fidelity of the model. We thereby W€ can preserve the temporal envelope of multiple tran-
achieve the data regularity of frame-based additive modeFi€Nt €vents, even under transformation.
data and the fidelity of reassigned spectral data. Resam- _ _
pling of the partial parameter envelopes is especially useFigure 18 shows the waveform for two strikes in a bongo
ful in real-time synthesis applications [13, 14]. roll reconstructed from reassigned bandwidth-enhanced
data. The same two bongo strikes reconstructed from
nonreassigned data are shown in Figure 19. Comparison
to the source waveform shown in Figure 20 reveals that
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Figure 11: Reconstructed square waveform from five harmonic partials using linear frequency interpolation without
time-frequency reassignment or removal of off-center components. The 24 ms plot spans slightly less than five periods

of the 200 Hz waveform.
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Figure 12: Reconstructed square waveform from five harmonic partials without time-frequency reassignment or re-
moval of off-center components using cubic phase interpolation, as proposed by McAulay and Quatieri [3].

Amplitude

84
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Figure 13: Reconstructed square waveform from five harmonic partials shifted in frequency by 10%, using cubic phase
interpolation without time-frequency reassignment or removal of off-center components. Notice that more periods of
the (distorted) waveform are spanned by the 24 ms plot than by the plots of unmodified reconstructions, due to the

frequency shift.
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Figure 14: Reconstructed square waveform from five harmonic partials using linear frequency interpolation with time-
frequency reassignment and removal of off-center components.
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Figure 15: Reconstructed square waveform from five harmonic partials shifted in frequency by 10%, using linear
frequency interpolation with time-frequency reassignment and removal of off-center components. Notice that more
periods of the (distorted) waveform are spanned by the 24-ms plot than by the plots of unmodified reconstructions,
and that no distortion of the waveform is evident.
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Figure 17:  Time-frequency plot of reassigned
Figure 16: Time-frequency plot of reassigned bandwidth-enhanced analysis data for one strike in
bandwidth-enhanced analysis data for one strike ira bongo roll with partials broken at components having
a bongo roll. Dashed vertical lines show the approxi-large time corrections, and far off-center components
mate locations of attack transients. The lower-frequencyemoved. Dashed vertical lines show the approximate
partial extends across transient boundaries. Only thécations of attack transients. Partials break at transient
time-frequency coordinates of partial data are shownpoundaries. Only the time-frequency coordinates of par-
partial amplitudes are not indicated in this plot. tial data are shown; partial amplitudes are not indicated

in this plot.
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the reconstruction from reassigned data is better able tetream from the envelope parameter stream.
preserve the temporal envelope than the reconstruction

from nonreassigned data and suffers less from temporabhyr real-time synthesis element implements bandwidth-

smearing. enhanced oscillators [7] with the sum
K-1
y(n) = Y [Ax(n) + Ni(n)b(n)]sin 0 (n)12)
. . k=0
7 Real-Time Synthesis 0u(n) = Ou(n— 1)+ 250 (13)
where

Together with Kurt Hebel of Symbolic Sound Corpo-
ration, we have implemented a real-time reassigned

bandwidth-enhanced synthesizer using the Kyma Sound e y is the time domain waveform for the synthesized
Design Workstation [17]. sound,

Many real-time synthesis systems allow the sound de- ® ™ iS the sample number,
signer to manipulate streams of samples. In our real-
time reassigned bandwidth-enhanced implementation,
we work with streams of data that are not time-domain ¢ - is the total number of partials in the sound (usu-
samples. Rather, OLE_nveIope Paramet_er Streams- ally between 20 and 160),

code frequency, amplitude, and bandwidth envelope pa-

rameters for each bandwidth-enhanced partial [13, 14]. e A, is partialk's amplitude envelope,

e [ is the partial number in the sound,

Much of the strength of systems that operate on sam- ® Vi IS partialk’s noise envelope,
ple streams is derived from the uniformity of the data.
This homogeneity gives the sound designer great flexi-
bility with a few general-purpose processing elements.
In our encoding of envelope parameter streams, data ho- o r; is partialk’s log (base 2) frequency envelope,
mogeneity is also of prime importance. The envelope

parameters for all the partials in a sound are encoded se- ¢ 6, is the running phase for theh partial.

qguentially. Typically, the stream hasbéock sizeof 128

samples, which means the parameters for each partial are

updated every 128 samples, or 2.9 ms at a 44.1 kHz sanValues for the enveloped;, Ni, and F}, are updated
pling rate. Sample streams generally do not have blocirom the parameter stream every 2.9 ms. The synthesis
sizes associated with them, but this structure is neceslement performs sample-level linear interpolation be-
sary in our envelope parameter stream implementationtween updates, so thdt,, Ny, andFj, are piecewise lin-
The envelope parameter stream encodes envelope infoear envelopes with 2.9 ms linear segments [18]. &he
mation for a single partial at each sample time, and avalues are initialized at partial onsets (whép and NV,
block of samples provides updated envelope informatiorare zero) from the phase envelope in the partial’s param-
for all the partials. eter stream.

e b is a zero-mean noise modulator with bell-shaped
spectrum,

Envelope parameter streams are usually created bRatherthan use a separate model to represent noise in our
traversing a file containing frame-based data from arsounds, we use the envelopg (in addition to the tra-
analysis of a source recording. Such a file can be deditional A; andF}, envelopes) and retain a homogenous
rived from a reassigned bandwidth-enhanced analysis bglata stream. Quasi-harmonic sounds, even those with
resampling the envelopes at 2.9 ms intervals. The paramoisy attacks, have one partial per harmonic in our rep-
eter streams may also be generated by real-time analysiggsentation. The noise envelopes allow a sound designer
or by real-time algorithms, but that process is beyond théo manipulate noise-like components of sound in an in-
scope of this discussion. A parameter stream typicallytuitive way, using a familiar set of controls. We have im-
passes through several processing elements. These ppademented a wide variety of real-time manipulations on
cessing elements can combine multiple streams in a vaenvelope parameter streams, including frequency shift-
riety of ways, and can modify values within a stream.ing, formant shifting, time dilation, cross synthesis, and
Finally, a synthesis element computes an audio samplsound morphing.

12
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Figure 18: Waveform plot for two strikes in a bongo roll reconstructed from reassigned bandwidth-enhanced data.

Amplitude

.14 . 2
0 Time (s) 025

Figure 19: Waveform plot for two strikes in a bongo roll reconstructed from nonreassigned bandwidth-enhanced data,
synthesized using cubic phase interpolation to maintain phase accuracy.
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0.14 Time (s) 0.25

Figure 20: Plot of the source waveform for the bongo strikes analyzed and reconstructed in Figures 18 and 19.

13



Our new MIDI controller, the Continuum Fingerboard, not intended to constitute proof of the efficacy of our
allows continuous control over each note in a perfor-algorithms, or the utility of our representation. They
mance. It resembles a traditional keyboard in that it isare intended only to illustrate features of some of the
approximately the same size and is played with ten finsounds used and generated in our experiments. The re-
gers [14]. Like keyboards supporting MIDI’s polyphonic sults of our work can only be judged by auditory eval-
aftertouch, it continually measures each finger's presuation, and to that end, these sounds and many oth-
sure. The Continuum Fingerboard also resembles a freers are available for audition at the Loris web site,
less string instrument in that it has no discrete pitchesywww.cerlsoundgroup.org/Loris

any pitch may be played, and smooth glissandi are possi-

ble. It tracks ther, y, z position for each finger pressing A|l sounds used in these experiments were sampled at

on the playing surface. These continuous 3-dimensiona4.1 kHz (CD quality), so time-frequency analysis data

outputs are a convenient source of control parameters fqg available at frequencies as high as 22.05 kHz. How-

real-time manipulations on envelope parameter Stream%ver, for C|arity, On|y a limited frequency range is p|0t_
ted in most cases. Spectrogram plots all have high gain
so that low-amplitude high-frequency partials are visible.
Consequently, strong low-frequency partials are very of-

8 Conclusions ten clipped, and appear to have unnaturally flat amplitude
envelopes.

The reassigned bandwidth-enhanced additive soun@Vaveform and spectrogram plots were produced using

model [11] combines bandwidth-enhanced analysis and\lberto Ricci's SoundMakeisoftware application [20].

synthesis techiniques [6, 7] with the time-frequency re-Plots of sinusoidal and bandwidth-enhanced analysis

assignment technique described in this paper. data were produced using unreleased development ver
sions of thelLoris software application [19]. In plots

We have found that the method of reassignment dra®f bandwidth-enhanced analysis data, partial center fre-

matically strengthens our bandwidth-enhanced additivéluéncies are plotted against time, and partial amplitude is

sound model. Temporal smearing is greatly reduced belndicated by grayscale, with darker lines corresponding

cause the time-frequency orientation of the model datd0 higher amplitude. Partial bandwidth is not indicated

is waveform-dependent, rather than analysis-dependef@ these plots.

as in traditional short-time analysis methods. Moreover,

time-frequency reassignment allows us to identify unreli-

able data points (having bad parameter estimates) and re-

move them from the representation. This not only sharpA.1  Flute Tone

ens the representation and makes it more robust, but it

also allows us to maintain phase accuracy at transients,

even under transformation, while avoiding the problems/ flute tone, played at pitch D4 (D above middie C), hav-

associated with cubic phase interpolation. ing a fundamental frequency of approximately 293 Hz
and no vibrato, taken from the McGill University Mas-

ter Samples compact discs [21, Disc 2 Track 1 Index 3]
is shown in the 3D spectrogram plot in Figure 21. This
sound was modeled by reassigned bandwidth-enhanced
analysis data produced using a 53 ms Kaiser analysis
window with 90 dB sidelobe rejection. The partials
were constrained to be separated by at least 250 Hz,
The reaSSigned bandwidth-enhanced additive model |§||ght|y greater than 85% of the harmonic partia| sepa-
implemented in the open source C++ class libraryration. Breath noise is a significant component of this
Loris [19], and is the basis of the sound manipulationsound. This noise is visible between the strong harmonic
and morphing algorithms implemented therein. components in the spectrogram plot, particularly at fre-
quencies above 3 kHz. The breath noise is faithfully
We have attempted to use a wide variety of sounds inmepresented in the reassigned bandwidth-enhanced anal-
the experiments we conducted during the developmenysis data, and reproduced in the reconstructions from that
of the reassigned bandwidth-enhanced additive soundnalysis data. A 3D spectrogram plot of the reconstruc-
model. The results from a few of those experiments ardion is shown in Figure 22. The absence of the breath
presented in this section. Data and waveform plots ar@oise is apparent in spectral plot for sinusoidal recon-

A Results
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struction from non-bandwidth-enhanced analysis dataa 71 ms Kaiser window in this case, can degrade the
shown in Figure 23. representation. The reconstructed tone plotted in Fig-

ure 25 is recognizable, but completely lacks the flutter

effect, which has been smeared by the window duration.

In this case, multiple transient events are spanned by a
A.2 Cello Tone single analysis window, and the temporal center of grav-
ity for that window lies somewhere between the transient
events. Time-frequency reassignment allows us to iden-
tify multiple transient events in a single sound, but not
within a single short-time analysis window.

A cello tone, played at pitch D sharp 3 (D sharp be-
low middle C), having a fundamental frequency of ap-
proximately 156 Hz, played by Edwin Tellman and
recorded by Patrick Wolfe [22] was modeled by reas-
signed bandwidth-enhanced analysis data produced us-

ing a 71 ms Kaiser analysis window with 80 dB side- A.4 Bongo Roll

lobe rejection. The partials were constrained to be sep-

arated by at least 135 Hz, slightly greater than 85% of

the harmonic partial separation. Bow noise is a strong-igure 26 shows the waveform and spectrogram for
component of the cello tone, especially in the attack poran 18-strike bongo roll taken from the McGill Univer-
tion. As with the flute tone, the noise is visible be- sity Master Samples compact discs [21, Disc 3 Track
tween the strong harmonic components in spectral plots}1 Index 31]. This sound was modeled by reassigned
and was preserved in the reconstructions from reassigngeRndwidth-enhanced analysis data produced using a
bandwidth-enhanced analysis data and absent from sindl0 ms Kaiser analysis window with 90 dB sidelobe re-
soidal (non-bandwidth-enhanced) reconstructions. Unjection. The partials were constrained to be separated by
like the flute tone, the cello tone has an abrupt attackat least 300 Hz.

which is smeared out in non-reassigned sinusoidal analy-

ses (data from reassigned and non-reassigned cello anathe sharp attacks in this sound were preserved using
ysis was plotted in Figure 9), causing the reconstructedeassigned analysis data, but smeared in nonreassigned
cello tone to have weak-sounding articulation. The charreconstruction, as discussed in Section 6. The wave-
acteristic “grunt” is much better-preserved in reassignedorms for two bongo strikes are shown in reassigned and
model data. nonreassigned reconstruction in Figures 17 and 16, re-
spectively. Inspection of the waveforms reveals that the
attacks in the non-reassigned reconstruction are not as
sharp as in the original or the reassigned reconstruction,

A.3 Flutter-Tongued Flute Tone a clearly audible difference.

A flutter-tongued flute tone, played at pitch E4 (E aboveTransient smearing is particularly apparent in- time-
middle C), having a fundamental frequency of approxi-d”ated synthesis, where the nonreassigned reconstruc-
mately 330 Hz, taken from the McGill University Mas- tion loses the percussive character of the bongo strikes.
ter Samples compact discs [21, Disc 2 Track 2 Index! he reassigned data provides a much more robust repre-
5] was represented by reassigned bandwidth-enhancegntation of the attack transients, retaining the percussive
analysis data produced using a 17.8 ms Kaiser ana|ysg1ara(;ter of_the pongq ro_II under a variety of transforma-
window with 80 dB sidelobe rejection. The partials were tions, including time dilation.

constrained to be separated by at least 300 Hz, slightly

greater than 90% of the harmonic partial separation. The

f[utter—tongue gffect introduces a mc_)dulat|on with a Pe-A 5 Orchestral Gong

riod of approximately 35 ms, and gives the appearance
of vertical stripes on the strong harmonic partials in the

spectrogram shown in Figure 24. Figure 27 shows a 3D spectrogram for a strike of an or-

chestral gong taken from the McGill University Master
With careful choice of window parameters, reconstruc-Samples compact discs [21, Disc 3 Track 12 Index 7].
tion from reassigned bandwidth-enhanced analysis dat&his sound is very noise-like in the attack, but also has
preserves the flutter-tongue effect, even under time distable, sustained frequency components, visible as long,
lation, and is difficult to distinguish from the original. slowly decaying ridges in the spectrogram, that give the
Figure 25 shows how poor choice of analysis window,gong a pitched character.
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D

Figure 21: 3D spectrogram plot for a breathy flute tone, pitch D4 (D above middle C). Audible low-frequency noise
and rumble from the recording is visible. Strong low-frequency components are clipped and appear to have unnaturally
flat amplitude envelopes due to the high gain used to make low-amplitude high-frequency partials visible.

D

Figure 22: 3D spectrogram plot for a breathy flute tone, pitch D4 (D above middle C), reconstructed from reassigned
bandwidth-enhanced analysis data.
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Figure 23: 3D spectrogram plot for a breathy flute tone, pitch D4 (D above middle C), reconstructed from reassigned
non-bandwidth-enhanced analysis data.

The gong strike is also characterized by the low-phrase span the pitches G3 (G below middle C, approxi-
frequency “thud” of the mallet impact, which we were mately 196 Hz fundamental frequency) to B flat 4 (B flat
unable to capture without resorting to very long analysisabove middle C, approximately 466 Hz fundamental fre-
windows that introduced many other artifacts. Analysisquency), and a wide range of dynamics. The phrase is
of sounds with substantial energy at very low frequen-divided into five legato subphrases (of three, three, five,
cies continues to be difficult because very long windowsfour, and three notes, respectively), each having a sharp,
are needed to accurately estimate the parameters of lowengued attack on the first note.

frequency partials.

The saxophone phrase was modeled by reassigned
The gong was modeled by reassigned bandwidthbandwidth-enhanced analysis data produced using a
enhanced analysis data produced using a 105 ms Kaisdb ms Kaiser analysis window with 90 dB sidelobe re-
analysis window with 90 dB sidelobe rejection. The par-jection. The partials were constrained to be separated
tials were constrained to be separated by at least 25 Hhy at least 90 Hz, less than 50% of the harmonic partial
The volume of data is very large, due to the small par-spacing for the lowest pitch in the phrase. The narrow
tial spacing. In this case, our representation may not b@artial spacing is necessary to allow the notes to rever-
superior to the sinusoidal representation, although the reberate without being truncated at the next attack.
construction fidelity is higher. However, we were able to
reduce the volume of data by approximately one third byreconstructions from non-bandwidth-enhanced data
pruning the shortest partials (having duration less thanack the ambience of the original, an audible effect not
100 mS) from the anaIySiS data and redistributing theirc|ear|y visible in waveform or Spectrum p|ots_ The
energy as noise among neighboring partials without detongued attacks at the first note of each subphrase are
grading the reconstruction. smeared in reconstructions from nonreassigned analysis

data.

A.6 Alto Saxophone Phrase
A.7 Piano and Soprano Saxophone Duet

Figure 28 shows the waveform and spectrogram for a
mildly ambient recording of a solo alto saxophone phraseAn excerpt from a recording of a duet played by J. Lo-
played by C. Potter [23]. The nineteen notes in thevano, soprano saxophone, and G. Rubalcaba, piano [24],
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Figure 24: Waveform and spectrogram plot for a flutter-tongued flute tone, pitch E4 (E above middle C). Vertical
stripes on the strong harmonic partials indicate modulation due to the flutter-tongue effect. Strong low-frequency

components are clipped and appear to have unnaturally flat amplitude envelopes due to the high gain used to make
low-amplitude high-frequency partials visible.
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Figure 25: Waveform and spectrogram plots for a reconstruction of the flutter-tongued flute tone plotted in Figure 24,
analyzed using a long window that smears out the flutter effect.
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Figure 26: Waveform and spectrogram plots for a bongo roll.
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Frequency (kHz)

Figure 27: 3D spectrogram plot for an orchestral gong strike. Strong low-frequency components are clipped and
appear to have unnaturally flat amplitude envelopes due to the high gain used to make low-amplitude high-frequency
partials visible.

was modeled by reassigned bandwidth-enhanced analeconstruction. Reassigned analysis data can effectively
ysis data produced using a 24 ms Kaiser analysis winfeproduce unmodified transient envelopes with or with-
dow with 80 dB sidelobe rejection. The ten notes in theout partial breaking, but under time-dilation, transient
phrase, mostly played in unison, span the pitches E4 (EBhape is much more effectively preserved when partial
above middle C, approximately 329 Hz fundamental fre-breaking is employed.

guency) to F5 (F above high C, approximately 698 Hz

fundamental frequency). The partials were constrained

to be separated by at least 300 Hz, slightly greater tha

90% of the harmonic partial spacing for the lowest pitchr'b"8 French Speech
in the phrase. All the notes articulated by the piano have

sharp attacks characteristic of the piano. A speech sample is taken from a French radio an-

_ _ o nouncement [25, Track 2], was modeled by reassigned
The articulation of the piano is best represented by parhandwidth-enhanced analysis data for the speech frag-
tials that have onsets at the time of note attacks. The paient, produced using a 39 ms Kaiser analysis window

tial breaking effect described in Section 6 is illustrated inyith 90 dB sidelobe rejection, with partials separated by
Figure 29, which shows reassigned bandwidth-enhancegk |east 60 Hz. The text of the excerpt is

(a) and nonreassigned (b) analysis data in the vicinity of
the unison attack of a note. Partials in the reassigned
data were broken at points having large time corrections,  Le Club d’essai de la Radiodiffusion Francaise
so that all partials have onsets at the time of the attack,  présente un concert de bruit ...
rather than continuing from the decay of the previous
note.
The speaker’s inflection introduces a variation of pitch

The improvement in representation due to partial break&nd rhythm, visible in the magnified spectrogram plot in

ing is most evident in modified (particularly time-dilated) Figure 30, that makes this sample interesting for appli-
cations of timbre morphing, spectral shaping, and cross
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Figure 28: Waveform and spectrogram plots for a short alto saxophone phrase.
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Figure 29: Magnified plot of reassigned bandwidth-enhanced analysis data for the sharp attack of a note in a piano and
soprano saxophone duet. In the reassigned bandwidth-enhanced data (a), partials break at the time of the attack due
to the large time corrections introduced by the transient. In nonreassigned data (b), partials span the transient, making
it impossible to maintain the shape and sound of the transient in modified reconstruction. Partial center frequency is
plotted against time, amplitude is indicated by grayscale. Bandwidth is not plotted.
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synthesis.

This sound proved difficult to analyze, possibly because
of the strong low-frequency content of the low, male
voice. The fidelity of the reconstruction is quite good,

but our standards are high, and the slightly reverberal
timbre makes it unsatisfying as pure speech synthesis.
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