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ABSTRACT

This paper describes a sound synthesis technigiertbdulates
the coefficients of allpass filter chains using iauthte frequen-
cies. It was found that modulating a single allpfigsr section
produces a feedback AM—like spectrum, and thatdredwidth is
extended and further processed by non-sinusoidaWwin the
sections are cascaded. The cascade length parapreiédes
dynamic bandwidth control to prevent upper rangasalg arti-
facts, and the amount of spectral content withat ttand can be
controlled using a modulation index parameter. fohnique is
capable of synthesizing rich and evolving timbresluding
those resembling classic virtual analog wavefoilinsan also be
used as an audio effect with pitch-tracked inputrees. Soft-
ware and sound examples are available at
http://www.acoustics.hut.fi/publications/papers/dabdds/

1. INTRODUCTION

Allpass filters are versatile building blocks thetve many uses
in audio signal processing [1-4]. They have bedized also for
sound synthesis purposes, but only recent reséaistarted to
consider them as primary synthesis techniques.[F8E is not
surprising, because allpass filters do not haveofopnd timbral
effect on the signals they process. However, thtbaas found
that allpass filters can also be used as rich aotvieg sound
sources: it is even possible to build a virtuallegaynthesizer
from two sinusoidal oscillators and a chain oftfiosder allpass
filter sections — an uncommon toolkit for subtraetisynthesis
implementations. This paper proposes a synthecisigue that
is based on modulating the coefficients of manyadsd allpass
filters using audio-rate frequencies, as showniq E. The au-
thors call this method coefficient modulation (Chhthesis.

This work stems from recent research on spectralydd-
ters, which consist of a chain of allpass filtensl @n equalizing
filter [4]. Ideas from the authors’ earlier work andistortion al-
gorithm based on coefficient modulation [7], digien modula-
tion in plucked string models [8], and guitar badgde modula-
tion using warped IIR filters [9] are employed.

" research performed while at CCRMA, Stanford Universit

Figure 1:Block diagram of the new synthesis technique.

Additionally, this work is related to the audioeapick-up
point modulation of waveguide models by Van Duynd &mith
[10], distributed string tension modulation by Padken et al.
[11], the adaptive FM technique described by Lanralimo-
ney and Lysaght [12], and the feedback AM synthesilnique
briefly discussed in [13]. Other related researchnoodulated
filters includes the work by Greenfield on dithertidital filters,
which focused on increasing numerical accuracy.[14]

Section 2 of this paper discusses coefficient matehnd in
the case of one and many allpass filters, and aeslgow alias-
ing appears in the output signal. The relationgfi@M synthe-
sis technique to previous amplitude modulation (AM@quency
modulation (FM), and ring modulation (RM) methodsaiso
discussed, followed by a description of the syrithparameters
of the proposed method. Section 3 presents impl&tiens of
CM synthesis on two platforms, the PC and mobile phap-
plication examples are introduced in Section 4. Jérapling rate
is 44.1 kHz in all examples of this paper.

2. AUDIO-RATE COEFFICIENT MODULATION

2.1. Single First-Order Stage

The transfer function of a time-invariant first-erdallpass filter
is
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Figure 2:First-order allpass filter coefficient modulationt audio rate. Sinusoidal carrier (1 kHz) and modola(100 Hz) sig-

nals, linearly increasing modulation index (0...0.8@fween (1.

..4) seconds. The chain length deterriirdsandwidth, while

the modulation index controls the amount of higired spectral content. (a) Single allpass stageciialin of 70 allpass stages.
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If the filter coefficienta; is made time varying according to the
modulation functiorm(n), the output of the allpass filter is given
by the difference equation

y(n) = x(n- 1) + x(n)ym(n) - y(n- )ym(n - 1), (2

wherey(n) andx(n) are the output and input signals at discrete
time stepn, andy(n— 1), x(nh —1) andm(n — 1) are their delayed
representations at time step-1 [7].

Related research has shown that the output givd@)aynay
contain transients when used with sharp-edged ratidal sig-
nals, requiring a smoothing function to even owt finarp dis-
continuities in the modulator [5]. The authors fduthat the
transient problem is due to the one sample diffszen the mod-
ulation signal terms of (2). Consequently, whafn — 1) is re-
placed withm(n), the transient problem disappears. Furthermore,
because the effect of the approximation is praltyiceegligible
for continuous modulation signals, this work reesi{(2) as

©)

By noticing that multiplication of two digital sigtsayields am-
plitude or ring modulation (AM/RM), it is possible interpret
the three terms on the right hand side of (3) agd#layed input,
amplitude modulated input, and amplitude moduldemtiback
signals. Rearranging (3),

y(n) =x(n- 1) +x(mm(n) - y(n- m(n).

4

and noting that the weighted sum of successive ksngpprox-
imates a time shift, it is seen that the time-ghiifoutput is equal
to the input time shifted in a complementary mannéne closer
the absolute allpass coefficiemni(f)| is to one, the larger the dis-
crepancy between the input and output time shiftsis, modula-
tion of the allpass coefficient can be seen toaach frequency

y(n) +m(n)y(n- 1) = x(n- 1) + m(n)x(n)

DAFX-

modulation resulting from a changing time delayiragton the
input signal.

In order to find the spectral structure of (3) gdd, let us
first consider a sinusoidal carrier signal

®)

whereC is the maximum amplitude,,= 2 f,/ fsthe angular fre-
qguency, and, the initial phase offset of the carrier. Setthg 1
and ,=0, and modulating the amplitude of the carriethwi
another bipolar sinusoiah(n) = Mcos( nn+ ) yields the classic
RM equation

x(n) =Ccosr,n+gq,),

(6)

whereM is the modulation index, ,, = 2 f,/fs is the angular
frequency, and, is the initial phase offset of the modulator. Us-
ing trigonometric identities and omitting the iaitiphase offset
for clarity, we get

(1) = M cOS{4,,n +4,,) cos(,n),

r(n) = %cos((w +w,)n). (1)
Replacing the delayed input testin—1) of Eq. (3) with the de-
layed carrier signal cos((n—1)), and the amplitude modulated
input termx(n)m(n) with r(n), one notices that the first two terms
of (3) contribute partials that are located,andf, £ f,.. This is
equivalent to the classic double-sideband fulliearAM spec-
trum. The amplitude modulated feedback tey(n — 1)n(n)
processes this spectrum recursively, extendingMbéh of both
sidebands (see [7] for time domain recursion elation). Nega-
tive frequencies fold back into the positive domaidC.

The end result is that when the coefficient ofrstforder all-
pass filter is modulated with an audio-rate sindstiie output
for a sinusoidal input signal can be written as

¥
y(n) = b, cos,n)+ b, cos(Ww, £ kw,)n),
k=1

®
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whereb, is the amplitude of partidt. Thus, a sinusoidal input
signal is scattered into upper and lower sideb#malsare located
at each side of the input signal frequency, aseediback AM
[15] (see Fig. 2a). The three terms of (3) contebpartials that
are located &, f,+ f,, andf, £ kf,, (k> 1), respectively.
Although detailed formulation of the spectral sture is left
for future work, it was observed that the partiadpditudesby
depend on the modulation indikand decay exponentially with

increasing partial numbeks However, the slope of the decay is

slightly steeper in the upper sideband, giving ts@symmetric
spectra. For sinusoidal carrier and modulator d&grthe pro-
duced spectrum has a maximum bandwidth of

=2MKk, f ©

t 'm?

wherek; defines the threshold partial numblkr= -L/20 log(by),

in which L; is the threshold level below the reference amgétu
in decibels). Note that the bandwidth is narrovieamt the maxi-
mum value given by (9) whefy < f.k, because negative fre-
quencies are mirrored at DC into the positive dom@he max-
imum frequency componefy,, of the output spectrum is

f —f+BWf

ma;

(10)

2.2. Chain of First-Order Stages

The bandwidth given by (9) can be increased byatling sever-
al first-order allpass stages together (see Figy. Pbe transfer
function of the cascade is

H()-< )“ 11

whereN is the number of aIIpass stages in the cascadé&fing
identical approximation for the delayed modulatsignal as was
done earlier in (3) gives the difference equation

" (M) m @xtn- (- i) yen- )],

i=0

y(n) = (12)

wherey(n — i) = 0 wheni = 0. For example, setting = 1 will
expand the summation into (3), while settMg 2 will give the
special case of

y(n) =x(n- 2) +2[x(n- 1) - y(n- ]m(n)
+[x(n) - y(n- 2)]m(nym(n).

Comparing this with (3), the upper line of (13) isted to
generate a similar spectral structure as the sisigige modula-
tion instance, but with increased energy in theslséohds. The
lower line of (13) produces a ring modulated versi6 the side-
bands. With sinusoidal modulation signals, thisftshihe fre-
quency of the sidebands by an amount equal to thdutation

(13)

frequencyf,, thus retaining the structure of the spectrum. It is

expected that the net effect of the terms on thiet side of (13)
will be that the bandwidth of the generated spectisiincreased.
Observations showed that this was indeed the caddhat the
frequency-shifted terms, i.e. the higher powermgf), balanced
the increased sideband energy indicated by thdicieet of the

first order terrm(n). Furthermore, because the modulation signal

is for stability reasons [7] constrained to amplguvalues be-
tween [-1...1], the amplitudes of the frequency-ghifsidebands

1 ()
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Figure 3:Effect of the modulation index M: (a) M=0.99,
(b) M=0.64. Other parameters are as in Fig. 2(b).

decrease with higher values of the chain lengthwéler, large

modulation indexM values generate a resonance region in the

upper end of the spectrum (see Fig. 3a). LowWeralues reduce
the amount of high frequency partials as shownign Bb.

The maximum bandwidth of the produced spectrumafei-
nusoidal carrier and modulator signals is

B =2Mk, f, Nc, 14)

Wchain
wherec is the bandwidth increment of a single added stage
chain lengthN thus allows dynamic control over the maximum
bandwidth, and provides a mechanism for high fraquealias-
ing prevention. The maximum frequency componenthefout-
put spectrum is given by (10) by replaciBg with Bychain

Another way of looking at the effect of cascadirayeyal
first-order stages together is to consider theaalpchain as a
dispersive variable length delay line. As indicated(4), each
allpass stage in the chain constitutes a variahie telay be-
tween the input and output signals. Because thie tielay is
changing in accordance with the modulation sigtiad, frequen-
cy of the output signal, with respect to the ingighal, is chang-
ing as well. The instantaneous output signal freque , can be
approximated as

w, = w, + d7 (15)
dt’

where  is the angular frequency of the input signal, and
the phase of the allpass chain. The phase ternbeaalculated
from the angle between the imaginary and real rtise allpass
filter frequency responsel(€ ). Thus, when the allpass filter
coefficienta; is modulated byn(t) = Mcos( t), the instantane-
ous phase of the chain is given by

(mP(t) - 1) sin(w;t)
2m(t) + (m?(t) +1) cost)

(16)

f(t) = Narctan

whereN is the length of the chain. Taking the time detixaof
(16) and substituting the second term of (15) gitves approx-
imate output frequency

2Nw,,M sin(w,,) sin(w, )
1+ M ? cos’ (w,) + 2M cos@w, ) cos@,)

a7

w, =W, -
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We notice that the chain length controls the maximum
amount of frequency deviation, as shown in Figwhijle the

modulation indexM controls the deviation within the limits im-

of aliasing distortion generated by the proposeaactiire must be
evaluated somehow. Here, the amount of aliasintprdisn is
evaluated by computing the noise-to-mask ratio (NII®) of a

posed byN. M also controls the shape of the applied frequency sawtooth waveform generated by the allpass chaie. NMR

modulation, which is sinusoidal with loM values, but with

higher M values it develops towards the non-sinusoidal form

shown in Fig. 4. It should be noted that the maximamount of
frequency deviation depends also on the moduldtiequency
m as indicated by (17).

Figure 4:Frequency deviation and the effect of the chain
length N. (&) N=1: no FM. (b) N=100: FM frequency
deviation 1 kHz. (c) N=200: deviation 1.6 kHz. M=8,9
f.= 2000 Hz, £=1 Hz.

Because the delay modulation is performed at awt®{re-
qguencies, the output signal frequency changes lyapiesulting
in FM-like timbres. A similar modulation principleas been used
previously in varying the pick-up position of a Maveguide
[10] and in changing the output tap position ofiaterpolated
variable length delay line [12]. These methods eyjgl cascade
of unit delays and an interpolating read pointett itk modulated
at audio-rate for FM-like results. In contrast, Fdan inherent
property of CM synthesis, because the delay is nadeldlidirect-
ly without a separate read pointer.

To summarize, the output spectrum of CM synthesisists
of components that are produced by a combinatiofeedback
AM and FM processing. A sinusoidal input signalfirst scat-
tered into the upper and lower sidebands in thetfnaost stage
of the chain because of the feedback AM connedtiside the
allpass filter. Succeeding stages then reinfords difect by
processing each previously scattered partial, thigening the
bandwidth of the generated spectrum. On the othed hbecause
the allpass chain can also be considered as arsiigpeariable
length delay line, the output signal frequencyhargying rapidly
with respect to the input signal. This phenomenamkg in pa-
rallel with the feedback AM processing, adding Fivhthesis-
like effects to the composite spectrum.

2.3. Aliasing Analysis

Since the proposed structure produces a spectrimg asombi-
nation of feedback AM and FM, it is not truly baimited, and
hence it produces some aliasing distortion. Theeefihe amount

utilizes a perceptual model and therefore provatesppropriate
measure for the evaluation of the audibility ofaing distortion.
The NMR, originally developed for the evaluationaafdio co-
decs, outputs a ratio of the aliasing distortionthe masking
threshold of the non-aliased signal, i.e. the sathtavaveform
obtained by additive synthesis. With NMR, smalleluea cor-
respond to lower audible aliasing distortion, amaiidio coding
a threshold of NMR = -10 dB is usually considerethéche lim-
it of inaudible difference.

Since the aliasing distortion produced by the akpahain
depends on both the length of the chain and theutatidn in-
dex, it can be effectively set by varying these pramameters. In
order to find out how these parameters affect theumt of alias-
ing, the analysis is split into two parts. Firste tvarying of the
aliasing distortion as a function of the allpasaioHength with
the modulation index kept constant is analyzed.nThiee effect
of the modulation index for the aliasing distorti@analyzed
while keeping the allpass chain length constane @&halysis is
performed at two frequencies, 120 Hz and 1.2 kHzorder to
get an idea how the aliasing distortion variesif¢mrnt frequen-
cy ranges.

In the first part of the analysis, the modulatiodexM is set
to a constant 0.85 and the length of the allpaamdt is varied
from 60 to 110 in steps of 10 in the case of 12(aHd from 1 to
6 in steps of 1 in the case of 1.2 kHz test frequeithe NMR
values of these tests are plotted in Fig. 5a.ftlmseen, that the
NMR of the 120 Hz test case remains almost consisutihe all-
pass chain length is varied, whereas the NMR ofltBe&kHz test
case increases somewhat linearly as the lengtthefatlpass
chain is increased. This is an expected resulg Emger chain
increases the bandwidth of the output signal, threducing
more aliasing distortion. In addition, at low fremgcies the alias-
ing folded around the Nyquist frequency componéstalready
at quite a low level, and therefore the increasethaf chain
length, even a rather large increase, does nataserthe aliasing
distortion as much as at higher frequencies whegeatiasing is
already more pronounced.

Figure 5:Aliasing effects of the (a) chain length N, and
the (b)Y modulation index |
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In the second part of the analysis, the allpas;ndeagthN

is set to a constant 100 in the 120 Hz test cadema constant 6
in the 1.2 kHz test case, and the modulation indebs varied
from 0.6 to 0.9 in steps of 0.1. In addition, a miation index
0.99 was also tested. The NMR values of these &stplotted
in Fig. 5b, in which it can be seen that the NMRueal of both
the low and the high frequency tests increase dliiesarly as
the modulation index increases. Yet again, thiarnsexpected
result, as with a larger modulation index the afpehain applies
more phase distortion to the input signal which sesumore
aliasing. As can be seen from Fig. 5, the aliasifiine sawtooth
is quite moderate with these parameters. Howeges, ade-off
the levels of the sawtooth partials are far from lkvels of the
ideal case. This is illustrated in Fig. 6, where énror of the par-
tial amplitudes is plotted for both test cases. Newaller values
of amplitude error indicate a more accurate matcthé partial
amplitudes of the ideal sawtooth. However, it sbolé noted
that when either the allpass chain length or thdutaiion index
is increased, the amplitude error decreases. Yetliscussed
above, this leads to more aliasing distortion.

Figure 6: Comparison of the synthesized pseudo saw-
tooth and the ideal sawtooth partial amplitudes as a
function of the (a) chain length N and the (b) matan
index M.

2.4. Relation to AM/RM and FM

This section compares the spectral properties of R FM,

and CM methods using sinusoidal carrier and modukigmals.
The classic amplitude modulation spectrum has tRM)( or

three (AM) partials around the carrier frequenose $ig. 7a.
Single stage CM produces a feedback AM-like spectmuhich

is also centered at the carrier frequency, butehiger band-
width than the corresponding AM/RM spectrum. Moraovhe

bandwidth of the CM spectrum can be further exparigedas-
cading the stages in series.

CM also applies an additional complex-modulator EMite
carrier signal, as shown in Fig. 7c. The instamaserequency
of the carrier is thus changed in a different patthan in sinu-
soidal-modulator FM, which is shown in Fig. 7b. Téfere, CM
synthesis has a different spectral structure tivarseidal FM.

Figure 7:Comparison of (a) AM, (b) sinusoidal FM, and
(c) CM synthesis. In each subfigure, the amplitude d
main waveform is plotted on top of a frequency domai
spectrogram — time runs on the horizontal axis.uSin
soidal carrier and modulator, f= 1000 Hz, f, = 100
Hz, CM chain length N = 70.

Because CM synthesis is a combination of feedbackafif
FM methods, the CM spectrum is often dense, anefirer well
suited for thick and rich subtractive synthesiske-lispectrum
generation. However, because of this spectral tlengartials
reflected from DC are often perceived as tremoleatdf rather
than inharmonic components of the spectrum. Far teason,
FM is more flexible for inharmonic spectrum genienat

2.5. Synthesis Parameters and Their Effects
Table 1 lists the synthesis parameters of the m®@ponethod.

Table 1:CM synthesis parameters.

parameter description main effect
fol T frequency ratio spectral structure
M modulation index bandwidth
N allpass chain length bandwidth
fy source frequency fundamental fref.
A, source amplitude output amplitude
m phase difference partial amplitudes

The frequency ratid, / f., defines the spectral structure of the
synthesized sound. Consonant ratios, i.e., whematth@ can be
expressed aa/m using small integen and m values, produce
harmonic timbres. Irrational frequency ratios proglinharmonic
spectra. A slight detuning betwegrandf,, results in beating.
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The modulation indeM is the counterpart of FM modula-
tion index|, or the cutoff frequency parameter of a subtractiv
synthesis lowpass filter. It controls the amounhigher frequen-
cy partials.

The allpass chain length controls the maximum bandwidth
of the spectrum. It has also an impact on the maxinphase
deviation of the FM modulation effect.

The fundamental frequency is, in most cases, difinethe
source signal frequendy However, certaifi/f,, frequency ratios
produce spectra that contain a more prominentgbatia lower
frequency value thafy. The overall amplitude of the synthesized
sound can be controlled with the source signal dugj# A,.

The phase difference between the source signafrenchod-
ulator can be controlled by, It has only a subtle timbral effect
when manipulated at control rate, but is capablprofiucing a
wide variety of timbres when modulated at audie.rat

3. IMPLEMENTATION

3.1. PC

Equation (3) was translated into C language and antgd with
a loop that iterates through the chained allpasgest The loop is
iterated for each sample, and it contains one pilidétion, two
additions, and two state variable accesses passligtage.

The algorithm was then implemented as a Pure Rata €x-
ternal [17], with two audio rate inlets (source armkfficient
modulation signals) and one control signal for rpatdting the
allpass chain length, see Fig. 8. The external was utilized in
several Pd patches implementing the example intmisrof Sec-
tion 4.

A simplified version of the extended Karplus-Strofiks)
algorithm [18] was implemented as another custoneRdrnal.
The EKS algorithm was then augmented by inserti@Vhaall-
pass chain into the delay loop of the string model.

Figure 8:Pd patch used for the synthesizer sounds. The
CM algorithm is implemented inside the ap~ external,
which takes two audio rate and one control rate input

3.2. Mobile

A mobile version of the algorithm was implementesihg fixed-
point arithmetic. It was further optimized at C++deolevel and
retrofitted into a mobile audio synthesis framewdeveloped in
the SAME project [19]. A Nokia N95 smartphone wa=d as
the hardware platform. The implementation runsamadf Sym-
bian S60 v3.2, and does not access the DSP cleiptighir

The fixed point implementation required carefulnsijscal-
ing analysis. It revealed that because the sigaskling inside
the chain can be over-modulated to a certain extiesthould be
scaled only after it exits the last allpass st@@therwise, the in-
creased number of allpass filters will eventuallgree the in-
coming signal. This happens because the chain rdsmping
effect on the processed signal, as allpass filbafficients are
less than 1 in magnitude. Mobile fixed point impéartation is-
sues will be explored further in future work.

4. EXAMPLE APPLICATIONS

All examples below use sinusoidal source and mdithgissig-
nals. The Pd externals, source code, patches,camdl £xamples
are available at
http://www.acoustics.hut.fi/publications/papers/dabdds/

4.1. Synthesizer Sounds

The described synthesis method is capable of ssizihg dense,
complex, and evolving spectra by using the simpstrument of
Fig. 8, or by cascading two or more allpass chainseries and
providing a dedicated modulator for each chain (Sge 9). Pa-
rallel chain arrangements can be used, e.g., indot synthesis.
The method works with complex source waveformshagtwo
oscillator FM or sawtooth timbres as well.

It is also possible to imitate classic virtual ataivaveforms
by using the instrument of Fig. 8 with frequenctias 1:1 and
1:2 between the carrier and the modulator sigraid,emulating
the lowpass filter cutoff frequency parameter of gubtractive

Figure 9:Two allpass chains in a cascade produce com-
plex dynamic spectra. Modulation indices ramp fi@mo
0.5 for the first chain and from 0 to 0.99 for terond.
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synthesis technique with the modulation inddx(see Fig.10).
More complex carrier/modulator frequency ratiosduce a va-
riety of other waveforms, while a slight detuningtlween the
carrier and the modulator generates a beatingtdffeteveen the
spectral components.

Figure 10:Imitated virtual analog waveforms: (a) Pseu-
do sawtooth, (b) triangle, and (c) square.

4.2. Physical Models

CM synthesis can be used in conjunction with physitadeling
techniques either as a post-processing effectddcautside the
model, or inside the model itself. For example, wiiee coeffi-
cient modulated allpass chain is inserted intoféeelback loop
of a simple EKS string model, each harmonic is aerged with
upper and lower sidebands. If the modulator frequés slightly
detuned from the fundamental frequency of the gtrthe har-
monics will produce beating, resulting in chordgeltimbres (see
Fig. 11). A similar beating phenomenon can be oleskmwhen
the pick-up point [10], or the dispersion amourjtg8rameter of
a waveguide string model is modulated at audiofratuencies.

It was noticed that the generated sound had assirctilarac-
ter independent of whether the chain was locatsitiénor out-
side the model. However, the produced effect wasenpvo-
nounced when the chain was inserted inside the indtle all-
pass chain length can also be significantly shartehe inside
configuration, due to the delay element presettiémodel.

The implementation revealed that, in order to segprthe
generation of excessive high frequency contentatipass chain
should be placed in front of the loss filter.

Figure 11:Coefficient modulated allpass chain inserted
into the feedback loop of a simple string modehtBg
harmonics animate the produced sourd1600 Hz and
f,=1010 Hz, white noise excitation

4.3. Effect Processing of Arbitrary Signals

For (monophonic) pitched instruments, the proposedcture
can be utilized also as an approximate adaptivquéecy mod-
ulator [12] which is similar to the phase distontieffect de-
scribed in [5-7]. In this application, the modulagignal can be
composed by driving a sinusoidal oscillator whassdiency is
estimated from the input signal. There are sewapploaches on
the fundamental frequency estimation (see, e.@]),[2anging
from computationally efficient to more sophisticat@gorithms.
Unfortunately, the number of correct estimatesrapprtional to
the complexity of the algorithm, i.e. the compudatlly efficient
approaches produce more false estimates than the sophisti-
cated ones.

The fundamental frequency estimation can be avoifled
lowpass filtered version of the input signal isdiss the modula-
tor. This approach is computationally efficientt the modulator
signal will then be spectrally richer, thus apptyimore distor-
tion to the input signal and causing more aliagiggortion. In
addition, if the lowpass filter also suppresses filmedamental
frequency of the input signal, the modulator sigmaly then be
corrupted by the low frequency noise present ininipeit. How-
ever, as a good compromise, the lowpass filterarglee utilized
as a preprocessing step before a computationdityesit funda-
mental frequency estimator. The lowpass filterirmgp dncrease
the robustness of the otherwise non-robust estimgiding to
a still computationally efficient approach and loae distortion
when compared to the lowpass filtered modulator.

The method seemed to be most useful with pluckedgst
organ, and monophonic wind instrument timbres, wasrin-
harmonic sounds, such as bells and percussioruiments, did
not benefit from the effect. Synthesizer sounds aiao utilize
the effect, provided that there is free space & dburce spec-
trum.

5. DISCUSSION

The strength of the CM synthesis technique liefiingeneration
of thick, complex, and evolving timbres, althougltan also be
used in building a virtual analog synthesizer freimusoidal os-
cillators and allpass filters. Simple but powerdohtrol parame-
ters allow efficient control rate manipulation dfet produced
sound and the ability to control the maximum bartkvipre-
vents upper range aliasing artifacts.

CM synthesis has a characteristic sound, which miakess
generic than sinusoidal FM. Therefore, the mettodat well
suited for acoustic instrument emulation. It alsquires a pitch
detector to work properly as an audio effect.

The method is quite CPU intensive, because eactegsed
sample has to be routed through all chained allptgges. Nev-
ertheless, it is also possible to run the synthagarithm in mo-
bile smartphones.

The aliasing distortion of the proposed structuaa be set
by choosing the allpass chain length and the mddualandex
appropriately. Yet, it was noted that the aliasfigtortion is
more sensitive to variations in the modulation nde all fre-
quencies whereas the allpass chain affects the @nod@liasing
distortion more as the frequency of the input sigmancreased.
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6. CONCLUSION AND FURTHER WORK

CM synthesis, which is based on audio-rate modulatib
allpass filter coefficients, was introduced as & seund genera-
tion method. This idea has been inspired by thentemtroduc-
tion of spectral delay filters [4] and it can beeseas its time-
varying extension. CM synthesis is related to presimodula-
tion synthesis techniques, such as AM, FM, and RNppears
that the CM technique using one first-order allffdts is capa-
ble of producing similar spectra to the feedback Anéthod.
Moreover, when a cascade of several identicatdirder allpass
filters is employed, as in spectral delay filtessnic effects com-
bining the characteristics of feedback AM and caxrpl
modulator FM arise.

It was shown that the CM synthesis is a powerful aerda-
tile tool. It can generate FM synthesis-like soamd also imita-
tions of classical waveforms, such as the sawtowifngular,
and rectangular pulse waves. Additionally, it carulsed for add-
ing chorus-like effects to simple synthesis techeiy such as the
Karplus-Strong string algorithm. Furthermore, the @héthod
can modify arbitrary monophonic sources, such asical in-
strument tones, when a pitch detector is used tin@&® the
modulation frequency. It is thus related to recadaptive FM
and split sideband techniques [12], [21].

The spectral structure of the produced sound isyabten-
tirely understood and more work is needed on the/atéon of
the partial amplitudes. Space issues preventednadge detailed
description of the mobile implementation. Intenegtextensions
worth further exploration include the modulation the phase
difference between the carrier and the modulatoilla®rs, the
effect of non-uniform modulation amount in the c¢haand the
arrangement of multiple CM chains into various tapi¢s.
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