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ABSTRACT

This work presents a novel virtual analog model of the
Lockhart wavefolder. Wavefolding modules are among the
fundamental elements of ’West Coast’ style analog synthe-
sis. These circuits produce harmonically-rich waveforms
when driven by simple periodic signals such as sinewaves.
Since wavefolding introduces high levels of harmonic dis-
tortion, we pay special attention to suppressing aliasing
without resorting to high oversampling factors. Results ob-
tained are validated against SPICE simulations of the orig-
inal circuit. The proposed model preserves the nonlinear
behavior of the circuit without perceivable aliasing. Fi-
nally, we propose a practical implementation of the wave-
folder using multiple cascaded units.

1. INTRODUCTION

In 1965, Bob Moog (1934–2005) presented his seminal
work on the design of a voltage-controlled filter (VCF)
at the 17th Annual AES Meeting [1]. Moog’s design be-
came a key element of the celebrated Moog sound and
of electronic music in general. His work paved the way
for the development of a synthesis style known as ”East
Coast” synthesis, named after Moog’s New York origins.
Two years prior, in 1963, the San Francisco Tape Mu-
sic Center, along with composers Morton Subotnick and
Ramon Sender, commissioned a voltage-controlled instru-
ment from the Berkeley-based Don Buchla (1937–2016).
This led to the development of Buchla’s first synthesizer,
the Buchla 100, and the birth of ”West Coast” synthesis [2].

Although contemporaries, the synthesis paradigms of
Moog and Buchla had very little in common. In East Coast
synthesis, sounds are sculpted by filtering harmonically-
rich waveforms, such as sawtooth or square waves, with
a resonant filter. This approach is known in the literature
as subtractive synthesis. In contrast, West Coast synthe-
sis eschews traditional filters and instead manipulates har-
monic content, or timbre, at oscillator level using a variety
of techniques such as waveshaping and frequency modu-
lation. The resulting waveforms are then processed with a
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lowpass gate (LPG), a filter/amplifier circuit that uses pho-
toresistive opto-isolators, or vactrols, in its control path [3].
To set them apart from their East Coast counterparts, West
Coast oscillators are called ”complex oscillators”.

One of Buchla’s early waveform generators featured a
wavefolding circuit designed to control timbre. Wave-
folding is a type of nonlinear waveshaping where por-
tions of a waveform are inverted or ”folded back” on it-
self. When driven by a signal with low harmonic content,
e.g. a sine or triangular oscillator, wavefolders can generate
harmonically-rich waveforms with distinctive tonal quali-
ties. This work presents a novel virtual analog (VA) model
of the Lockhart wavefolder, a West Coast-style circuit pro-
posed by Ken Stone as part of his CGS synthesizer and
available as a DIY project on his personal website [4].

Recent years have seen an increase in the number of
manufacturers embracing West Coast synthesis and releas-
ing their own takes on classic Buchla and Serge (another
famed West Coast designer of the 1970s) modules. Mod-
ern synthesizer makers, such as Make Noise, Intellijel and
Doepfer, all feature complex oscillators and LPGs in their
product lines. This growing interest in modular synthe-
sizers, which are generally exclusively expensive, serves
as the principal motivation behind the development of VA
models of these circuits. VA synthesizers are generally af-
fordable and are exempt from the inherent limitations of
analog circuits, e.g. faults caused by aging components.

An essential requirement in VA modeling is to preserve
the ”analog warmth” of the original circuit [5,6]. This per-
ceptual attribute is associated with the nonlinear behavior
inherent to semiconductor devices and vacuum tubes, and
can be modeled via large-signal circuit analysis. This ap-
proach has been researched extensively in the context of
VCFs [7–11] and effects processing [12–19]. The use of
nonlinear waveshaping in digital sound synthesis is also
well documented [20–23].

A particular challenge in VA models of nonlinear devices
is aliasing suppression. High oversampling factors are usu-
ally necessary to prevent harmonics introduced by nonlin-
ear processing from reflecting to the baseband as aliases.
Aliasing reduction has been widely studied in the context
of waveform synthesis [24–30]. Moreover, recent work
has extended the use of a subset of these techniques to spe-
cial processing cases such as signal rectification and hard
clipping [31,32]. The proposed Lockhart VA model incor-
porates the antiderivative antialiasing method proposed by
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Figure 1. Schematic of the Lockhart wavefolder circuit.

Parker et al. [33, 34].
This paper is organized as follows. Sections 2 and 3 fo-

cus on the analysis of the Lockhart circuit and derivation
of an explicit model. Section 4 deals with the digital im-
plementation of the model. Section 5 discusses synthesis
topologies based around the proposed wavefolder. Finally,
Section 6 provides concluding remarks and thoughts for
further work.

2. CIRCUIT ANALYSIS

Figure 1 shows a simplified schematic of the Lockhart
wavefolder adapted from Ken Stone’s design [4]. This
circuit was originally designed to function as a frequency
tripler by R. Lockhart Jr. [4, 35], but was later repurposed
to perform wavefolding in analog synthesizers. The core of
the circuit consists of an NPN and a PNP bipolar junction
transistor tied at their base and collector terminals. In or-
der to carry out the large-signal analysis of the circuit, we
replace Q1 and Q2 with their corresponding Ebers-Moll
injection models [10] as shown in Figure 2. Nested sub-
scripts are used to distinguish between the currents and
voltages in Q1 from those in Q2. For instance, ICD1

is
the current through the collector diode in Q1.

We begin our circuit analysis by assuming that the sup-
ply voltages V± will always be significantly larger than
the voltage at the input, i.e. V– < Vin < V+. This as-
sumption is valid for standard synthesizer voltage levels
(V± = ±15V, Vin ∈ [−5, 5]V), and implies that the base-
emitter junctions ofQ1 andQ2 will be forward-biased with
approximately constant voltage drops for all expected in-
put voltages. Applying Kirchhoff’s voltage law around
both input–emitter loops (cf. Fig. 1) results in

Vin = V+ −RIE1 − VBE1 , (1)
Vin = VBE2 +RIE2 + V−, (2)

where IE1
and IE2

are the emitter currents, and VBE1
and

VBE2 are the voltage drops across the base-emitter junc-
tions of Q1 and Q2, respectively. Solving (1) and (2) for

IE1IE1

↵RICD1 ⇡ 0↵RICD1 ⇡ 0

↵FIED1↵FIED1

IoutIout

RLRL VoutVout

↵FIED2↵FIED2

↵RICD2 ⇡ 0↵RICD2 ⇡ 0

RR

RR

IED1IED1

ICD1ICD1

IC1IC1

IC2IC2

ICD2ICD2

IED2IED2

VinVin

IE2IE2

V+V+

V�V�

Q1Q1

Q2Q2

Figure 2. Ebers-Moll equivalent model of the Lockhart
wavefolder circuit.

the emitter currents then yields:

IE1
=

V+ − VBE1
− Vin

R
, (3)

IE2 =
Vin − VBE2 − V–

R
. (4)

Next, we apply Kirchhoff’s current law at the collector
nodes:

Iout = IC1
− IC2

, (5)
IC1

= αFIED1
− ICD1

, (6)
IC2

= αFIED2
− ICD2

. (7)

Assuming that the contribution of reverse currents αRICD1

and αRICD2
to the total emitter currents IED1

and IED2
is

negligible, we can establish that

IED1
≈ IE1

and IED2
≈ IE2

.

Substituting these values in (6) and (7), and setting the
value αF = 1 gives a new expression for the output cur-
rent:

Iout = IE1
− IE2

− ICD1
+ ICD2

. (8)

Combining (3) and (4) we can derive an expression for
the difference between emitter currents. Since the voltage
drops VBE1 & VBE2 across the base-emitter junctions are
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approximately equal (i.e. VBE1 ≈ VBE2 ) for the expected
range of Vin, their contribution to the difference of emitter
currents vanishes. Therefore,

IE1
− IE2

= −2Vin

R
. (9)

Substituting (9) into (8) yields an expression for the total
output current Iout in terms of the input voltage and the
currents through the collector diodes:

Iout = −2Vin

R
− ICD1 + ICD2 . (10)

Now, the I-V relation of a diode can be modeled using
Shockley’s ideal diode equation, defined as

ID = IS

(
e
VD
ηVT − 1

)
, (11)

where ID is the diode current, IS is the reverse bias satura-
tion current, VT is the thermal voltage and η is the ideality
factor of the diode. Applying Shockley’s diode equation to
the collector diodes using ideality factor η = 1, and sub-
stituting into (10) gives us

Iout = −2Vin

R
− IS

(
e
VCD1
VT − e

VCD2
VT

)
. (12)

Next, we use Kirchhoff’s voltage law to define expressions
for VCD1 and VCD2 in terms of Vin and Vout

VCD1 = Vout − Vin, (13)
VCD2 = Vin − Vout, (14)

and replace these values in (12). This gives us

Iout = −2Vin

R
− IS

(
e
Vout−Vin
VT − e

Vin−Vout
VT

)
. (15)

As a final step, we multiply both sides of (15) by the load
resistanceRL and remove the exponential functions to pro-
duce an expression for the output voltage of the Lockhart
wavefolder:

Vout = −2RLVin

R
− 2RLIS sinh

(
Vout − Vin

VT

)
. (16)

3. EXPLICIT FORMULATION

Equation (16) describes a nonlinear implicit relationship
between the input and output voltages. Its solution can be
approximated using numerical methods such as Halley’s
method or Newton-Raphson. These methods have previ-
ously been used in the context of VA modeling, e.g. in
[10, 13, 16].

In this work, we propose an explicit formulation for
the output voltage of the Lockhart wavefolder derived us-
ing the Lambert-W function. The Lambert-W function 1

W (x) is defined as the inverse function of x = yey ,
i.e. y = W (x). Recent research has demonstrated its suit-
ability for VA applications. Parker and D’Angelo used it

1 Strictly speaking, W (x) is multivalued. This work only utilizes the
upper branch, often known as W0(x) in the literature.

to model the control circuit of the Buchla LPG [3]. Several
authors have used it to solve the implicit voltage relation-
ships of diode pairs [3,36,37]. As described in [36], W (x)
can be used to solve problems of the form

(A+Bx)eCx = D, (17)

which have the solution

x =
1

C
W

(
CD

B
eAC/B

)
− A

B
. (18)

Since the collector diodes in the model are antiparallel,
only one of them can conduct at a time [38]. Going back
to (10), when Vin ≥ 0 virtually no current flows through
the collector diode of Q1 (i.e. ICD1

≈ 0). The same can
be said for ICD2

when Vin < 0. By combining these new
assumptions with (12)–(14), we can derive a piecewise ex-
pression for the Lockhart wavefolder:

Vout = −2RL

R
Vin + λRLIS exp

(
λ(Vin − Vout)

VT

)
, (19)

where λ = sgn(Vin) and sgn() is the signum function.
This expression is still implicit; however, it can be rear-

ranged in the form described by (17), which gives us:(
2RL

R
Vin + Vout

)
exp

(
λVout

VT

)
= λRLIs exp

(
λVin

VT

)
(20)

Solving for Vout as defined in (18) yields an explicit model
for the Lockhart wavefolder:

Vout = λVTW (∆ exp (λβVin))− αVin, (21)

where

α =
2RL

R
, β =

R+ 2RL

VTR
and ∆ =

RLIS

VT
. (22)

An important detail to point out is that the output of the
Lockhart wavefolder is out of phase with the input signal
by 180◦. This can be compensated with a simple inverting
stage.

4. DIGITAL IMPLEMENTATION

The voltages and currents inside an electronic circuit are
time-dependent. Therefore, the Lockhart wavefolder can
be described as a nonlinear memoryless system of the form

Vout(t) = f(Vin(t)), (23)

where f is the nonlinear function (21) and t is time. Equa-
tion (24) can then be discretized directly as

Vout[n] = f(Vin[n]), (24)

where n is the discrete-time sample index.
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4.1 Aliasing Considerations

The highly nonlinear behavior of (21) poses a challenge for
its accurate discrete-time implementation. As an arbitrary
input waveform is folded, new harmonics will be intro-
duced. Those harmonics whose frequency exceeds half the
sampling rate, or the Nyquist limit, will be reflected into
the baseband and will cause unpleasant artifacts. Oversam-
pling by high factors is commonly employed to mitigate
this problem but this approach increases the computational
requirements of the system by introducing redundant oper-
ations.

In this work, we propose using the first-order antideriva-
tive method presented in [33] and [34]. This method is
derived from the analytical convolution of a continuous-
time representation of the processed signal with a first-
order lowpass kernel. The antialiased form for the Lock-
hart wavefolder is given by

Vout[n] =
F (Vin[n])− F (Vin[n− 1])

Vin[n]− Vin[n− 1]
, (25)

where F () is the antiderivative of f(), the wavefolder func-
tion (21). This antiderivative is defined as

F (Vin) =
VT

2β
(1 +W (∆ exp (λβVin)))

2 − α

2
V 2

in . (26)

Since the antiderivative of W is defined in terms of W
itself, this form provides a cheap alternative to oversam-
pling. This means the valueW , which constitutes the most
computationally expensive part of both (21) and (26), only
has to be computed once for each output sample.

Now, when Vin[n] ≈ Vin[n − 1] (25) becomes ill-
conditioned. This should be avoided by defining the spe-
cial case

Vout[n] = f

(
Vin[n] + Vin[n− 1]

2

)
, (27)

when |Vin[n]− Vin[n− 1]| is smaller than a predetermined
threshold, e.g. 10−6. This special case simply bypasses the
antialiased form while compensating for the half-sample
delay introduced by the method.

4.2 Computing the Lambert-W Function

Several options exist to compute the value of W (x). In
fact, scripting languages such as MATLAB usually contain
their own native implementations of the function. Paiva et
al. [38] proposed the use of a simplified iterative method
which relied on a table-read for its initial guess. In the in-
terest of avoiding lookup tables, we propose approximating
the value of the Lambert-W function directly using Hal-
ley’s method, as suggested in [39]. To compute wm, an
approximation to W (x), we iterate over

wm+1 = wm −
pm

pmsm − rm
, (28)

where

pm = wme
wm − x,

rm = (wm + 1)ewm ,

sm =
wm + 2

2(wm + 1)
,
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Figure 3. Input–output relationship of the Lockhart wave-
folder circuit (inverted) measured using (a) SPICE and
(b) the proposed digital model, for load resistor values
RL = 1k, 5k, 10k and 50kΩ (in order of increasing steep-
ness).

and m = 0, 1, 2, ...,M − 1. M is then the number of iter-
ations required for pm to approximate zero. The efficiency
of the method will then depend on the choice of the initial
guess w0. An optimized MATLAB implementation of this
method can be found in [40].

5. RESULTS

To validate the proposed model, the circuit was simulated
using SPICE. Figure 3(a) shows the input–output relation-
ship of the system measured with SPICE for values of Vin
between –1.2 and 1.2 V and different load resistance val-
ues. Figure 3(b) shows the input–output relation of the
proposed model (21) simulated using MATLAB. The po-
larity of the transfer function was inverted to compensate
for the introduced phase shift. An ad hoc scaling factor of
2 was used on both measurements to compensate for the
energy loss at the fundamental frequency. The results pro-
duced by the proposed model fit those produced by SPICE
closely. As the value of the load resistor RL is raised, the
steepness of the wavefolder function increases. This in-
crease in steepness translates into more abrasive tones at
the output.

Figures 4(a) and (b) show the output of the wavefolder
model when driven by a 500-Hz sinewave with a peak am-
plitude of 1 V, andRL = 10k and 50 kΩ, respectively. Both
curves are plotted on top of their equivalent SPICE simu-
lations, showing a good match. The original input signal
has been included to help illustrate the folding operation
performed by the system.

Figure 5(b) shows the magnitude spectrum of a 1-V
sinewave with fundamental frequency f0 = 2145 Hz
processed by the trivial (i.e. non-antialiased) wavefolder
model (21). A sample rate Fs = 88.2 kHz (i.e. twice the
standard 44.1 kHz audio rate), was used in this and the rest
of the examples presented in this study. This plot shows the
high levels of aliasing distortion introduced by the wave-
folding process, even when oversampling by factor 2 is
used. Figure 5(d) shows the magnitude spectrum of the
same waveform processed using the antialiased form (25).
As expected, the level of aliasing has been significantly re-
duced, with very few aliases left above the −80 dB mark.
As illustrated by the left-hand side of Fig. 5, the antialiased
form preserves the time-domain behavior of the system.
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Figure 4. Time-domain view of the circuit’s SPICE simu-
lation vs the proposed model for a 500-Hz sinusoidal input
with values of RL = (a) 10 kΩ and (b) 50 kΩ.

The proposed antialiased form is particularly effective
at reducing aliased components at low frequencies, espe-
cially below the fundamental. This behavior is illustrated
in Fig. 6 which shows the logarithmic magnitude spectrum
of a 4186-Hz sinewave (MIDI note C8 and highest fun-
damental frequency of a piano) processed both trivially
and with the antialiasing form. The signal depicted by
Fig. 6(a) suffers from a false perceived fundamental fre-
quency at roughly 300 Hz. For the case of the antialiased
signal in Fig. 6(b) this issue has been ameliorated. This
low-frequency behavior is advantageous in our case be-
cause at low frequencies the audibility of aliasing distor-
tion is only limited by the hearing threshold [41].

The performance of the antialiased model form was fur-
ther evaluated by computing the A-weighted noise-to-
mask ratio (ANMR) for a range of folded sinusoidal in-
puts. The ANMR has been previously suggested as a
perceptually-informed measure to evaluate the audibility
of aliasing distortion [28,41]. The algorithm computes the
power ratio between harmonics and aliasing components,
but takes into account the masking effects of the former.
For instance, aliases clustered around harmonics will be
rendered inaudible by the auditorty masking effects of such
harmonics. This phenomenon is particularly common at
high frequencies. An A-weighting filter is applied to all
signals prior to evaluation to account for the frequency-
dependent sensitivity of hearing for low-level sounds [41].
Signals with an ANMR value below −10 dB are consid-
ered to be free from audible aliasing.

Figure 7 compares the measured ANMRs of a set of
unit-amplitude sinewaves with fundamental frequencies
between 1–5 kHz processed by the wavefolder model us-
ing the antialasing form and different oversampling fac-
tors. The reference signals required to compute the ANMR
values were generated using additive synthesis as detailed
in [28]. All signals were downsampled back to audio rate
(i.e. 44.1 kHz) prior to evaluation. This plot demonstrates
that the performance of the proposed method, when com-

0 1/f0 2/f0
Time (s)

(a)

-1

-0.5

0

0.5

1

0 1/f0 2/f0
Time (s)

(c)

-1

-0.5

0

0.5

1

0 5k 10k 15k 20k

Frequency (Hz)

(b)

-80

-60

-40

-20

0

M
a
g
n
it
u
d
e
(d
B
)

0 5k 10k 15k 20k

Frequency (Hz)

(d)

-80

-60

-40

-20

0

M
a
g
n
it
u
d
e
(d
B
)

Figure 5. Waveform and magnitude spectrum of a 2145-
Hz unit amplitude sinewave (a)–(b) processed trivially and
(c)–(d) with the first-order antialiased form. Circles indi-
cate non-aliased components. Parameter RL = 50 kΩ.

bined with two-times oversampling, is on par with over-
sampling by factor 8. For all fundamental frequencies be-
low approx. 4.2 kHz the ANMR lies below the −10 dB
line. In terms of computational costs, the antialiasing
method is approx. four times cheaper than trivial oversam-
pling by 8 when measured under similar circumstances.

6. PRACTICAL SYNTHESIS USAGE

In practical sound synthesis applications an individual
wavefolder is rarely used as the timbral variety it can pro-
duce is quite limited. Most designs, for example the In-
tellijel µFold, employ a number of wavefolding stages in
series with intermediate gain elements used to space the
folds. The number of stages varies between designs, and is
in fact user variable in some cases. Typically somewhere
between two and six folders are used.

Timbral control is then achieved using two parameters.
The first is the gain at the input of the wavefolder. This
parameter allows the overall brightness of the sound to be
varied, and can be used to provide articulation to a sound
similarly to a filter in subtractive synthesis or modulation
index in FM synthesis. The second parameter is provided
by adding a DC offset to the input of the wavefolder. This
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Figure 6. Log scale magnitude spectrum of a 4186-Hz
sinewave (a) folded trivially and (b) with antialiasing. Pa-
rameter RL = 50 kΩ.

Proceedings of the 14th Sound and Music Computing Conference, July 5-8, Espoo, Finland

SMC2017-340



1k 2k 3k 4k 5k

Fundamental Frequency (Hz)

-60

-50

-40

-30

-20

-10

0

10

20

30
A
N
M
R

(d
B
)

Audio Rate (44.1 kHz)

2xOS

4xOS

8xOS

2xOS + Antialiasing

Figure 7. Measured ANMR of a range of sinusoidal wave-
forms processed using the Lockhart wavefolder model
(RL = 50 kΩ) under five different scenarios: direct audio
rate, oversampling by factors 2, 3 and 8, and oversampling
by 2 combined with the antialiasing form. Values below
the –10 dB threshold indicate lack of perceivable aliasing.

breaks the symmetry of the folding and varies the relative
amplitudes of the harmonics, without strongly effecting
the overall brightness of the sound. This parameter can
be modulated, e.g. with a low-frequency-oscillator (LFO),
to provide an effect reminiscent of pulse-width modulation
(PWM).

In order to build a well-behaved cascade of wavefolders,
we need to make sure the individual folders satisfy two cri-
teria. Firstly, the individual folders must provide approxi-
mately unity gain when Vin ≈ 0, and approximately nega-
tive unit gain beyond the folding point, when |Vin| >> 0.
Secondly, each stage should start folding at the same point
with respect to its individual input. We can achieve this
with the model described above by appropriate setting of
RL and the addition of static pre- and post-gain stages.

An appropriate RL can be determined empirically. The
pre- and post- gain can be determined by measuring the
value of Vout at exactly the folding point. The pre-gain is
taken to be approximately this value, and the post-gain is
taken to be its inverse. In this case, RL = 7.5 kΩ was
chosen, which leads to pre- and post-gains of approx. 1/4
and 4, respectively.

The proposed structure is shown in Fig. 9, in this case
employing four folders. In addition to the folding stages,
a saturator is placed at the output to model the behaviour
of an output buffer stage. Table 1 summarizes the compo-
nent and constant values for the proposed structure. Figure
8(a) shows the result of processing a unity gain sinusoidal
input with this structure for G = 10 and zero DC offset.
Figure 8(b) illustrates the outcome of processing the same
waveform for G = 10 and a DC offset of 5V.

A real-time demo of the proposed topology implemented
using Max/MSP and Gen is available at http://research.spa.
aalto.fi/publications/papers/smc17-wavefolder.
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Figure 8. Waveform for a unit gain sine signal processed
using the proposed cascaded structure with (a)G = 10 and
(b) G = 10 plus a 5-V DC offset.

Component Value Constant Value
R 15 kΩ VT 26 mV
RL 7.5 kΩ IS 10−17 A

Table 1. Summary of component and constant values for
the proposed cascaded model. Parameter Fs = 88.2 kHz.

7. CONCLUSION

In this work we explored the behavior of the Lockhart
wavefolder circuit, a West Coast-style nonlinear wave-
shaper. A VA model of the circuit was then derived using
the Lambert-W function. Results obtained were validated
against SPICE simulations of the original circuit. To tackle
the aliasing caused by the nonlinear nature of wavefolding,
the proposed model was extended to incorporate the first-
order antiderivative antialiasing method. When combined
with oversampling by factor 2, the antialiased wavefolder
model is free from perceivable aliasing while still being
suitable for real-time implementation.

Furthermore, a proposed synthesis topology consisting of
four cascaded wavefolding stages was presented. The rec-
ommended structure demonstrates the capabilities of the
derived circuit model in a synthesis environment. How-
ever, the proposed topology is not unique, as it can be
modified according to the needs of the particular applica-
tion. For instance, the number of stages can be modified.
Similarly, the value of the internal load resistance can be
increased for added brightness. This effectively showcases
the flexibility of VA models.

Future work on the topic of wavefolding will focus on
modeling the original Buchla timbre circuit. This kind of
work can then extend to the study of other West Coast cir-
cuits and synthesis techniques.
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[27] V. Välimäki, J. Nam, J. O. Smith, and J. S. Abel, “Alias-suppressed
oscillators based on differentiated polynomial waveforms,” IEEE
Trans. Audio Speech Lang. Process., vol. 18, no. 4, pp. 786–798, May
2010.
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distortion in sawtooth signals and its implications for oscillator algo-
rithm design,” J. Acoust. Soc. Am., vol. 132, no. 4, pp. 2721–2733,
Oct. 2012.

Proceedings of the 14th Sound and Music Computing Conference, July 5-8, Espoo, Finland

SMC2017-342

https://buchla.com/history/
https://buchla.com/history/
http://www.cgs.synth.net/modules/cgs52_folder.html
http://www.cgs.synth.net/modules/cgs52_folder.html
https://arxiv.org/pdf/1003.1628.pdf
http://blogs.mathworks.com/cleve/2013/09/02/the-lambert-w-function/
http://blogs.mathworks.com/cleve/2013/09/02/the-lambert-w-function/

	prosari_alkusivut_f
	prosari_alkusivut2_v2
	SMC2017_proceedings_v3
	SMC2017_paper_5
	ntroduction
	ibrary design
	tateful vs. stateless representations
	bstraction and encapsulation
	ode re-use
	onnectivity

	 Tour of the Library
	ignal generators
	ignal processors
	nput and output

	xamples
	able-lookup oscillator
	onvolution

	n echo program
	onclusions
	eferences

	SMC2017_paper_16
	 1. Introduction
	 2. Related work
	2.1 IoT technologies
	2.2 Digital ecosystems
	2.3 Networked music performance systems
	2.4 Participatory live music performance systems
	2.5 Smart Instruments
	2.6 Smart wearables
	2.7 Virtual reality, augmented reality, and 360 videos

	 3. The Internet of Musical Things
	 4. Implications
	 5. Current Challenges
	 6. Conclusions
	 7. References

	SMC2017_paper_82
	 1. Introduction
	 2. The importance of autonomy and feedback in music systems
	 3. overview description of Machine Milieu
	3.1 Setup
	3.2 Technical aspects
	3.3 Modes of performance

	 4. conclusive remarks
	 5. References

	SMC2017_paper_53
	 1. Introduction
	 2. Related Work
	 3. Survey
	3.1 Questionnaire Design
	3.2 Analysis Approach

	 4. Results
	4.1 Demographics and Music-Related Information
	4.2 Motivation
	4.3 Behaviour
	4.4 Mobile Technologies
	4.5 Opinion about TMAP

	 5. Discussion
	5.1 Music-Related Information
	5.2 Motivation to Play or Attend Live Concerts
	5.3 Behaviour at Live Concerts
	5.4 Mobile Technologies during Live Concerts
	5.5 Opinion About TMAP
	5.6 Implications for Design of TMAP
	5.7 Limitations

	 6. Conclusion
	6.1 Future Work

	 7. References

	SMC2017_paper_65
	SMC2017_paper_68
	 1. Introduction
	 2. Background
	 3. A typical time-domain DRC design
	 4. The proposed time-frequency domain DRC design
	 5. An FFT-based Implementation of the proposed design
	 6. Example applications
	 7. Conclusion
	 8. References

	SMC2017_paper_72
	 1. Introduction
	 2. Development Process
	2.1 Case Study: Quasi-Biennial Oscillation
	2.2 Obtaining and Representing Blob Data

	 3. Integrated Offline UGen Graphs
	3.1 Applying the UGen Model to Offline Processing
	3.2 Interfacing with an Offline Graph
	3.3 Data Preparation Stage

	 4. Discussion and Conclusion

	SMC2017_paper_78
	SMC2017_paper_92
	 1. Introduction
	1.1 The Interactive Painting Sonification Project

	 2. System architecture
	 3. From the Painting to the Sound
	3.1 The Installation Soundscape

	 4. The sensor-equipped runway
	4.1 Footsteps characteristic
	4.2 Sensing
	4.3 Localization
	4.4 Real-time implementation

	 5. Evaluation
	 6. Conclusions
	 7. References

	SMC2017_paper_93
	1. Introduction
	1.1. Active and Deep Listening
	1.2. Interactive Soundscapes

	2. Related Work
	3. System Description
	3.1. The Soundscape's Design
	3.2. The Design of the Parameters

	4. System Architecture
	4.1. Granular synthesis

	5. Evaluation
	6. Conclusion
	6.1. Further work

	7. References

	SMC2017_paper_99
	 1. Introduction
	1.1 Group Music Classes vs Private Music Lessons
	1.2 Informal learning in-between lessons or in the case of self-taught learners
	1.2.1 Search for Material
	1.2.2 Seeking information, demonstrations and feedback
	1.2.3 Play With Others
	1.2.4 Structure the Learning Path


	 2. The Novaxe Project
	2.1 The Online Learning Environment
	2.2 Augmented Score
	2.3 Future Work

	 3. Conclusions
	 4. References

	SMC2017_paper_103
	 1. Introduction
	 2. Related work
	2.1 Triads
	2.2 Krumhansl-Kessler
	2.3 Lerdahl's Basic Spaces
	2.4 Leman's Tone Center Images

	 3. New profiles
	3.1 Basic spaces for modal scales
	3.2 Cadences

	 4. Datasets
	4.1 Audio datasets
	4.1.1 Foinn Seisiún
	4.1.2 Grey Larsen's 300 gems

	4.2 Symbolic datasets
	4.3 Distribution of keys

	 5. Experiment 1
	5.1 Pitch class histograms extraction
	5.2 Key search
	5.3 Evaluation metrics
	5.4 Results

	 6. Experiment 2
	6.1 Weighted cadences
	6.2 Experimental Methodology
	6.3 Results

	 7. Conclusion and future work
	 8. References

	SMC2017_paper_114
	 1. Introduction
	 2. About the Software
	 3. Crowded Exhibit Hall With Headphones and Display
	 4. Main Lobby With Speakers and Display
	 5. Side Lobby With Digital Player Piano
	 6. Outdoors With Multiple Cameras and Speakers, Without Display
	 7. Improvisation With Saxophone
	 8. Computer-Assisted Composition
	 9. Experiments With Dance
	 10. Experiments with Painting
	 11. Other Future Work
	 12. Conclusions
	 13. Examples
	 14. References

	SMC2017_paper_125
	 1. Introduction
	1.1 Melodic Similarity
	1.2 Melodic Contour Typologies
	1.3 Extraction of melodic features
	1.4 Method for similarity finding

	 2. Background
	2.1 Pitch Height and Melodic Contour
	2.2 Categories of contour feature descriptors
	2.2.1 Feature 1: Sets of signed pitch movement direction
	2.2.2 Feature 2: Initial, Final, High, Low features
	2.2.3 Feature 3: Relative interval encoding


	 3. Experiment Description
	3.1 Stimuli
	3.2 Participants
	3.3 Lab set-up
	3.4 Procedure

	 4. Melodic Contour Features
	 5. Results
	5.1 Correlation between pitch and vertical motion
	5.2 Confusion between tracing and target melody

	 6. Discussion
	 7. References

	SMC2017_paper_129
	 1. Introduction
	1.1 Collaborative Live Coding Environments
	1.2 Motivation

	 2. Design
	2.1 Development Language
	2.2 Interface
	2.3 Network Architecture
	2.3.1 Server-Side Execution Model
	2.3.2 Client-Side Execution Model

	2.4 Extending the software for other languages

	 3. Synchronisation
	3.1 Maintaining Text Consistency
	3.2 Limiting Random Values
	3.3 Clock Synchronisation

	 4. Conclusions
	4.1 Applications in Teaching
	4.2 Future Extensions
	4.2.1 Adding Creative Constraints
	4.2.2 Web Browser Version

	4.3 Evaluation

	 5. References

	SMC2017_paper_134
	SMC2017_paper_141
	 1. Introduction
	 2. Onset Detection Functions
	 3. Onset Selection Functions
	 4. Methodology
	4.1 Corpus
	4.2 Performance measurement

	 5. Results
	5.1 Statistical significance analysis

	 6. Conclusions
	 7. References

	SMC2017_paper_147
	SMC2017_paper_162
	 1. Introduction
	 2. Context
	2.1 Music History
	2.2 Related Projects

	 3. Technical Details
	3.1 Standalone Operation
	3.2 Message-driven Operation

	 4. Works
	4.1 Trails I (2011)
	4.2 Quadrat (2015)
	4.3 Manduria (2016)
	4.4 Tempo Studie (2016)
	4.5 The Same (Not) The Same (2017)

	 5. Conclusion and Outlook
	 6. References

	SMC2017_paper_164
	SMC2017_paper_57
	SMC2017_paper_86
	 1. Introduction
	 2. Mathematical model of the jazz session system
	2.1 Trajectory model
	2.2 The problems and solution strategies
	2.2.1 High dimensionality
	2.2.2 Trajectory continuity
	2.2.3 non-linear instrument performance interrelationship


	 3. Jazz piano trio synthesizing system
	3.1 Training phase
	3.1.1 Long short-term memory (LSTM)
	3.1.2 Deep belief network (DBN)
	3.1.3 Combined results

	3.2 Synthesizing phase: Generating bass and drums performances
	3.2.1 Generation of the bass melody
	3.2.2 Rhythm pattern generation


	 4. Experimental evaluation
	 5. Conclusion
	 6. References

	SMC2017_paper_116
	 1. Introduction
	 2. Related Work
	 3. Method
	3.1 Audio Analysis
	3.1.1 Score-informed Source Separation
	3.1.2 Vibrato Extraction

	3.2 Video Analysis
	3.2.1 Hand Tracking
	3.2.2 Fine-grained Motion Capture

	3.3 Source-Player Association

	 4. Experiments
	4.1 Note-level Matching Accuracy
	4.2 Piece-level Source Association Results

	 5. Conclusions
	 6. References

	SMC2017_paper_155
	 1. Introduction
	 2. Room auralization
	2.1 Measured rooms
	2.2 Validation of the auralization
	2.3 Spatiotemporal manipulation

	 3. Experiments
	3.1 Procedure and aparatus
	3.2 General preference
	3.3 Directional Early Energy
	3.4 Interviews

	 4. Results
	4.1 General preference
	4.1.1 Preference and acoustic parameters

	4.2 Directional Early Energy

	 5. Discussion
	5.1 Comments on the results
	5.2 Comparability with previous studies

	 6. Conclusion
	 7. References

	SMC2017_paper_51
	 1. Introduction
	1.1 Social Media and Music-Making
	1.2 Jamming through Space and Time

	 2. MicroJam
	2.1 Design
	2.2 Tiny touch-screen performances
	2.3 User Data and Early Experiences

	 3. Conclusions and Future Work
	 4. References

	SMC2017_paper_73
	 1. Introduction
	 2. Data collection
	2.1 Participants
	2.2 Recording procedure

	 3. Rating Experiment
	3.1 Participants
	3.2 Stimuli and procedure

	 4. Results
	4.1 Sung pitches
	4.2 Inter-Assessor Agreement
	4.3 Assessment of expression
	4.4 Correlation between Pitch range and Selections

	 5. Discussion
	 6. Conclusion
	 7. References

	SMC2017_paper_79
	 1. Introduction
	 2. Related Work
	 3. NOISA
	3.1 Response Module
	3.2 Hardware Design

	 4. User Study
	 5. Results
	 6. Analysis and Discussion
	 7. Conclusions
	 8. References

	SMC2017_paper_87
	 1. Introduction
	 2. The experiment
	2.1 Participants
	2.2 Task
	2.3 Sound stimulus
	2.4 Motion capture

	 3. Results
	3.1 Quantity of motion
	3.2 Motion over time
	3.3 Horizontal Motion
	3.4 Vertical Motion
	3.5 Influence of sound on motion
	3.6 Age, Height and Gender
	3.7 Effects of group, posture and physical activity
	3.8 Subjective experience of motion

	 4. Conclusions
	 5. References

	SMC2017_paper_124
	1 Introduction
	2 Related Work
	2.1 Musical Training
	2.2 Computer-aided Training Solutions
	2.3 Design for Children with Disabilities

	3 Design Considerations
	3.1 Simplicity
	3.2 Consistency/reinforcement
	3.3 Familiarity

	4 SECCIMA
	5 Initial Game Design
	5.1 Xylophone
	5.2 High/Low
	5.3 Sing'NRoll

	6 Iterative Design Process
	6.1 Participants and Procedure
	6.2 Round 1
	6.3 Round 2
	6.4 Round 3 & Round 4
	6.5 Objective Evaluation
	6.6 Subjective Evaluation

	7 Comparison with MOGAT
	7.1 Participants, Setup and Procedure
	7.2 Objective Evaluation
	7.3 Subjective Evaluation

	8 Discussion
	9 Conclusion
	10 References

	SMC2017_paper_126
	 1. Introduction
	 2. Proposed method
	 3. Evaluation
	3.1 Dataset
	3.2 Audio features
	3.2.1 Baseline features
	3.2.2 Raw audio feature

	3.3 Metric
	3.4 Baseline
	3.5 Evaluation procedure

	 4. Results and Discussion
	 5. Conclusion
	 6. References

	SMC2017_paper_74
	 1. Introduction
	 2. Background
	2.1 Terminology

	 3. Computing attack phase descriptors
	3.1 Energy envelope
	3.2 Extracting attack phase descriptors

	 4. Analysis
	4.1 Experiment
	4.2 Energy envelope of the stimuli
	4.3 Attack detection
	4.4 Optimisation

	 5. Discussion
	 6. References

	SMC2017_paper_127
	 1. Introduction
	 2. Related work
	 3. Learning Models
	3.1 Frame-level mel-spectrogram model
	3.2 Frame-level raw waveform model
	3.3 Sample-level raw waveform model
	3.4 Model Design

	 4. Experimental Setup
	4.1 Datasets
	4.2 Optimization

	 5. Results
	5.1 mn-DCNN models
	5.2 Mel-spectrogram and raw waveforms
	5.3 MSD result and the number of filters
	5.4 Comparison to state-of-the-arts
	5.5 Visualization of learned filters

	 6. Conclusion and future work
	 7. References

	SMC2017_paper_169
	 1. Introduction
	 2. Relation to previous work
	 3. Method
	3.1 Network architecture
	3.2 Parameter learning
	3.3 Data processing
	3.4 Data generation

	 4. Evaluation
	4.1 Datasets
	4.2 Evaluation setup
	4.3 Experiments
	4.3.1 Convolutional Neural Networks
	4.3.2 Score-constrained NMF

	4.4 Results and discussion
	4.4.1 Separation results with real recordings: Bach10
	4.4.2 Separation results with synthesized recordings: Sibelius


	 5. Outlook
	 6. References

	SMC2017_paper_19
	 1. Introduction
	 2. Sonification approach
	2.1 Vocoder Sonification
	2.2 EMD Sonification

	 3. Evaluation study
	3.1 Experiment 1: training and identification task
	3.1.1 User Interface
	3.1.2 Procedure
	3.1.3 Results
	3.1.4 Interactive use of sonification parameters
	3.1.5 Discussion

	3.2 Experiment 2: triangle test
	3.2.1 Procedure
	3.2.2 Results
	3.2.3 Discussion


	 4. Conclusions and Outlook
	 5. Acknowledgments
	 6. References

	SMC2017_paper_63
	 1. Introduction
	 2. Method
	2.1 Hypothesis
	2.2 Participants
	2.3 Apparatus
	2.3.1 Technical Setup
	2.3.2 Sonification

	2.4 Procedure
	2.5 Analysis

	 3. Results
	3.1 Total Fixation Duration
	3.2 Total Fixation Count
	3.3 Cluster Analysis - Total Fixation Duration
	3.4 Individual Behaviors
	3.4.1 Cluster 1 - Participant 10
	3.4.2 Cluster 2 - Participant 22
	3.4.3 Cluster 3 - Participant 12
	3.4.4 Cluster 4 - Participant 04
	3.4.5 Cluster 5 - Participant 15


	 4. Discussion
	 5. Conclusions
	 6. References

	SMC2017_paper_130
	 1. Introduction
	 2. Radial sound waves in D dimensions
	2.1 The simple monopole source in D dimensions

	 3. Rectangular rooms in D dimensions
	3.1 The image method in one dimension, D=1
	3.2 The image method in D dimensions

	 4. Implementation and results
	 5. Discussion
	 6. Conclusions
	 7. References

	SMC2017_paper_75
	 1. Introduction
	 2. Motivations and Hypothesis
	2.1 Active listening
	2.2 Current hypothesis

	 3. Setup
	3.1 Recordings
	3.2 Playback

	 4. Experiment
	4.1 Stimuli
	4.2 Procedure
	4.3 Results

	 5. Discussion
	 6. Conclusions
	 7. References

	SMC2017_paper_94
	SMC2017_paper_27
	ntroduction
	esign Fundamentals

	he Framework
	he Base Classes
	eriving opcode classes
	nit-time opcodes
	-rate opcodes
	-rate opcodes

	egistering opcodes with Csound

	upport Classes
	he Csound Engine Object
	udio Signals
	emory Allocation
	unction Table Access
	tring Types
	treaming Spectral Types
	rray Variables
	ultithreading
	onstructing member variables

	uilding the opcode library
	xamples from the Csound sources
	onclusions
	eferences

	SMC2017_paper_45
	 1. Introduction
	 2. Experimentation and Iteration
	2.1 Collaboration

	 3. Related Work
	3.1 Version Control Systems

	 4. Supporting Exploration, Building Complexity
	4.1 Problems Identified
	4.2 Proposed Solutions

	 5. Implementation
	5.1 Software Features

	 6. Future Work
	 7. Conclusion
	 8. References

	SMC2017_paper_83
	 1. Introduction
	 2. Related Work
	2.1 Current tools for Measure Annotation
	2.2 Measure Detection in Optical Music Recognition
	2.3 Interaction

	 3. Two Approaches
	3.1 Measure Editor
	3.2 Vertaktoid
	3.2.1 Marking measures
	3.2.2 Automatic measure numbering


	 4. Evaluation & Discussion
	 5. References

	SMC2017_paper_133
	 1. Introduction
	 2. Modeling the Notation
	2.1 Overview of Approach
	2.2 A More Detailed Look: Beamed Groups
	2.3 Conflict Resolution
	2.4 Constructing the Symbol Graph

	 3. Renotation Experiments
	 4. Conclusions and Future Work
	 5. References

	SMC2017_paper_160
	SMC2017_paper_39
	 1. Introduction and Related Work
	 2. Theory
	2.1 Tone Frequency
	2.2 Source Gain
	2.3 Wake Noise

	 3. Implementation
	 4. Results and Analysis
	4.1 Listening Test
	4.2 Interactive Test

	 5. Conclusion
	 6. References

	SMC2017_paper_67
	 1. Introduction
	 2. Background and related research
	 3. Technical solution
	3.1 Occlusion reduction
	3.2 Adjustable attenuation and natural timbre
	3.3 Monitoring of the musician's own instrument
	3.4 Details on HRTFs

	 4. Validation
	4.1 Measurements
	4.2 Subjective evaluation
	4.2.1 The need for and use of hearing protectors
	4.2.2 Occlusion reduction
	4.2.3 Monitoring
	4.2.4 Playing alone
	4.2.5 Playing with an orchestra
	4.2.6 Technical implementation

	4.3 Discussion

	 5. Conclusions
	 6. References

	SMC2017_paper_81
	 1. Introduction
	 2. Physics of a Thin Metal Plate
	2.1 Frequency dispersion
	2.2 Damping
	2.2.1 Thermoelastic damping
	2.2.2 Radiation damping
	2.2.3 Damping induced by porous medium

	2.3 Boundary conditions

	 3. Numerical Solution
	3.1 Eigenfrequencies
	3.2 Loss coefficients
	3.3 Dynamic outputs
	3.4 Changing plate dimensions

	 4. Results
	4.1 General output
	4.2 Moving outputs
	4.3 Changing plate dimensions
	4.4 Dynamic loss coefficients
	4.5 Computational speed

	 5. Conclusion and Future Work
	 6. References

	SMC2017_paper_128
	SMC2017_paper_142
	 1. Introduction
	 2. Related Work
	2.1 Adaptive Digital Audio Effects
	2.2 Examples of A-DAFx
	2.3 Analysis and Extraction of Expressive Acoustic Features

	 3. Design
	 4. Implementation
	4.1 Real-Time DAFx
	4.2 Delay Based Effects
	4.2.1 Saturation
	4.2.2 Vibrato
	4.2.3 Reverse Delay
	4.2.4 Filters

	4.3 Expressive Feature Extraction
	4.3.1 Pitch Detection:
	4.3.2 Spectral Centroid:
	4.3.3 Energy:
	4.3.4 Tone Rate:

	4.4 Parameter Mapping

	 5. Evaluation
	5.1 Participants
	5.2 Procedure
	5.3 Data Collection
	5.4  Analysis Methods

	 6. Results
	6.1 Difference Noticed Between Versions
	6.2 Comparing `Deadpan' to `Expressive' Playing
	6.2.1 Expressive Motivation: 
	6.2.2 More Noticeable Differences:

	6.3 Usability

	 7. Discussion
	7.1 General Comparison Between Versions
	7.2 Further Comments

	 8. Conclusions
	 9. References

	SMC2017_paper_163
	 1. Introduction
	 2. Circuit Analysis
	 3. Explicit Formulation
	 4. Digital Implementation
	4.1 Aliasing Considerations
	4.2 Computing the Lambert-W Function

	 5. Results
	 6. Practical Synthesis Usage
	 7. Conclusion
	 8. References

	SMC2017_paper_140
	 1. Introduction
	 2. Background
	2.1 Feedback and Delay in Sound Synthesis
	2.2 Exposure of Generative Systems

	 3. Works
	3.1 Concert Performances
	3.1.1 Roj
	3.1.2 Twin Primes
	3.1.3 Errant it is
	3.1.4 Circular
	3.1.5 Thread

	3.2 Installations
	3.2.1 Stripes
	3.2.2 Sheet Music
	3.2.3 Studie 24.2
	3.2.4 Watchers


	 4. Discussion
	4.1 Algorithm Design
	4.1.1 Feedback Stabilisation
	4.1.2 Network Topologies

	4.2 Compositional Approaches
	4.3 Experienceable Relationships
	4.3.1 Spatialisation
	4.3.2 Physical Correspondences


	 5. Conclusion
	 6. References

	SMC2017_paper_52
	 1. Introduction
	 2. Algorithmic design for audio circuit
	 3. Model retrieval and functional decomposition in a test case
	 4. Rule-based re-organization
	 5. An integrated pipeline
	 6. Open issues
	 7. Conclusions
	 8. References

	SMC2017_paper_32
	 1. Introduction
	 2. CrestMusePEDB 1st edition
	 3. PEDB 2nd edition overview
	 4. Procedure for making the database
	4.1 Overview
	4.2 Recording
	4.3 Alignment Tool

	 5. Publishing the Database
	 6. Concluding Remarks
	 7. References

	SMC2017_paper_37
	1. Introduction
	2. Method
	2.1. Segmentation Task
	2.1.1. Subjects
	2.1.2. Stimuli
	2.1.3. Apparatus
	2.1.4. Procedure

	2.2. Perceptual Segment Boundary Density
	2.3. Feature Extraction and Novelty Detection
	2.4. Characterization of Musical Features and Novelty Curves
	2.5. Segmentation Accuracy and its Correlates

	3. Results
	3.1. Prediction of Perceptual Segmentation Density
	3.2. Finding Predictors of Segmentation Accuracy

	4. Discussion
	4.1. Segmentation Accuracy
	4.2. Feature-based Prediction of Novelty Detection Performance
	4.3. General Discussion
	4.4. Considerations for Further Research

	5. References

	SMC2017_paper_90
	 1. Introduction
	 2. Existing Work
	 3. Proposed Method
	3.1 PCFG
	3.2 Lexicalization
	3.3 Performing Inference

	 4. Evaluation
	4.1 Metric
	4.2 Data
	4.3 Results

	 5. Conclusion
	 6. Acknowledgements
	 7. References
	 A. Rule of Congruence

	SMC2017_paper_145
	 1. Introduction
	 2. SYSTEM DESCRIPTION
	2.1 Pre-processing
	2.2 Neural Network
	2.2.1 Backpropagation
	2.2.2 Network Training

	2.3 Alignment

	 3. Experiments
	3.1 Dataset
	3.2 Evaluation method
	3.3 Compared Algorithms

	 4. Results and Discussion
	4.1 Comparison with Others
	4.2 Effect of Chroma Onset Features

	 5. Conclusions
	 6. References

	SMC2017_paper_179
	 1. Introduction
	 2. Lp-Viterbi algorithm
	2.1 Hidden Markov model (HMM)
	2.2 Conventional Viterbi algorithm
	2.3 Minimax Viterbi algorithm
	2.4 Lp-Viterbi algorithm

	 3. Fingering decision based on HMM
	3.1 HMM for monophonic fingering decision
	3.2 Transition and output probabilities

	 4. Evaluation
	 5. Conclusions
	 6. References

	SMC2017_paper_26
	 1. Introduction
	 2. Electromechanical instrumentarium
	 3. Algorithmic composition practices and shared protocols
	 4. Conclusions
	 5. References

	SMC2017_paper_96
	 1. Introduction
	 2. Generative grammar and syntactic structure
	2.1 Phrase structure grammar
	2.2 Application to `rhythm changes'

	 3. Generating music on a multi-level progression
	3.1 Generating music on a chord progression
	3.2 Considering a multi-level progression

	 4. Experimentation on rhythm changes
	4.1 Evaluation of the grammar
	4.2 Improvisation on `rhythm changes'

	 5. Conclusions
	 6. References

	SMC2017_paper_105
	 1. Introduction
	1.1 Plan of Paper

	 2. Background
	 3. Applications
	3.1 Automatic Melody Harmonisation
	3.2 Modelling Schoenberg's Theory of Harmony
	3.3 A Compositional Application in Extended Tonality

	 4. The Framework
	4.1 Declaration of Chord and Scale Types
	4.2 Temporal Music Representation
	4.3 Chords and Scales
	4.4 Notes with Analytical Information
	4.5 Degrees, Accidentals, and Enharmonic Spelling

	 5. Modelling with the Framework
	 6. Discussion
	 7. References

	SMC2017_paper_123
	 1. Introduction
	 2. Related Work
	 3. Nord Modular Overview
	3.1 Patch format

	 4. Implementation
	4.1 Overview
	4.2 Modeling NMG2 modules
	4.3 Csound implementation details

	 5. Examples
	 6. Evaluation
	 7. Conclusions and Future Work
	 8. References

	SMC2017_paper_172
	 1. Introduction
	 2. The Mixing Process
	2.1 The Dynamics inside the Mix
	2.2 How Do We Turn The Pan Pot?

	 3. Answer Set Programming
	 4. Mixing With ASP
	 5. Testing and Results
	 6. Discussion and Further Work
	 7. References

	SMC2017_paper_46
	 1. Introduction
	 2. Related Work
	 3. Ryerson United Church Organ
	 4. Use of MIDI Console in Music Service
	4.1 Rehearsal/Audition Aid
	4.2 Playback
	4.3 Accompaniment
	4.4 Tuning Aid

	 5. Explorations in Alternative Control
	5.1 Overview of Max/MSP Interface Patch
	5.2 Modes of Operation
	5.3 Mapping Examples
	5.4 Towards a unified control and mapping framework

	 6. Future Work
	 7. Conclusion
	 8. References

	SMC2017_paper_106
	 1. Introduction
	 2. Conditional neural networks
	2.1 Restricted Boltzmann Machine
	2.1.1 An energy based model
	2.1.2 Training procedure

	2.2 Conditional models
	2.2.1 Conditional RBM
	2.2.2 Factored Gated cRBM


	 3. Projective orchestration
	3.1 Task formalization
	3.2 Data representation
	3.3 Model definition
	3.3.1 RBM
	3.3.2 cRBM and FGcRBM
	3.3.3 Dynamics
	3.3.4 Initializing the orchestral past


	 4. Evaluation framework
	4.1 Accuracy measure
	4.1.1 Temporal granularities


	 5. Results
	5.1 Database
	5.2 Quantitative evaluation
	5.3 Qualitative analysis
	5.4 Discussion

	 6. Live Orchestral Piano (LOP)
	6.1 Workflow

	 7. Conclusion and future works
	 8. Acknowledgements
	 9. References

	SMC2017_paper_11
	 1. Introduction
	 2. Related Work
	2.1 Music Applications
	2.2 Arrangement Systems for Existing Songs
	2.3 Signal Processing Methods
	2.3.1 Source Separation
	2.3.2 Musical Note Estimation from F0 Trajectories
	2.3.3 Pitch Modification Algorithms


	 3. USER INTERFACE
	3.1 Overview of the Proposed System
	3.2 Design of the Screen

	 4. System Implementation
	4.1 Vocal-and-Accompaniment Source Separation
	4.2 Note Estimation from an F0 Trajectory
	4.3 Pitch Modification

	 5. Experiment
	5.1 Experimental Conditions
	5.2 Experimental Results
	5.3 Discussion

	 6. Conclusion
	 7. References

	SMC2017_paper_64
	 1. Introduction
	1.1 Isomorphic Layout Properties
	1.1.1 Adjacent (A) or Non-Adjacent (A') Seconds
	1.1.2 Sheared (S) or Unsheared (S')

	1.2 Motor Skill Acquisition
	1.3 Study Design

	 2. Methods
	2.1 Participants
	2.2 Materials
	2.2.1 Hardware and Software
	2.2.2 Musical Tasks

	2.3 Procedure
	2.3.1 Training Paradigm
	2.3.2 Testing
	2.3.3 Post-Experiment Interview

	2.4 Data Analysis
	2.4.1 Qualitative User-Evaluation Statements
	2.4.2 Quantitative MIDI Performance Data


	 3. Results
	3.1 User Evaluations
	3.1.1 User Preferences
	3.1.2 User Statements
	3.1.3 Learnability
	3.1.4 Playability
	3.1.5 Other
	3.1.6 Summary

	3.2 MIDI Data
	3.2.1 Model 1
	3.2.2 Model 2

	3.3 Limitations

	 4. Conclusions
	 5. References


	pelkka_logo



