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Sound Synthesis of the Pipa Based on Computed
Timbre Analysis and Physical Modeling

Yi-Huei Chen and Chih-Fang Huang

Abstract—This paper proposes sounds analysis and a synthesis
model for the Chinese plucked string instrument called the pipa,
one of the oldest Chinese musical instruments with over 2000
years of history. The pipa comprises four strings with 30 frets and
individual pear-shaped body so that it can offer a wide chromatic
scale around 3.5 octaves and many Kinds of tones. The acous-
tical properties of this instrument are analyzed according to the
recorded tones. The most vital playing techniques are synthesized
by using both physical and spectral based models with auxiliary
rules. Applying the digital waveguide concept, the pipa model was
constructed with digital filters and input excitations. Synthetic
results are very similar to the recorded one according to the
waveforms and spectra comparison and the statistics of listening
tests.

Index Terms—Digital waveguide, physical base model, pipa,
playing techniques, pluck string, sound synthesis.

I. INTRODUCTION

A. Model-Based Plucked String Sound Synthesis

UE to the rapid development of digital signal processing

(DSP), the physical modeling of a sound object can be
realized with the digital waveguide (DWG) [1], [2]. Many
different types of instruments have been successfully synthe-
sized with this technique and the sound quality is improving
[3]-[7]. Among the instruments, the physical modeling of
plucked strings is the earliest one to be developed. After
the Karplus—Strong algorithm was proposed [8], besides the
western instruments like the guitar and mandolin, the eastern
ones like the guqin [9] and the dan trahn [10] had been also
modeled in succession. Compared with the sample-based
synthesizer, the model-based one is a better approach to gen-
erate sufficiently realistic sounds in response to control events
without spending a huge amount of computer memory [11],
[12]. Moreover, this synthesizer is a conveniently virtual instru-
ment which can be embedded not only in computers but also
in many consumer products to provide practically unlimited
instrument tones in real-time.
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The timbre of the plucked strings is mainly determined by
the attack, the sustaining and the decay segments of the sound
waveform (corresponding to the playing technique, the string
material and the body structure). With the DWG technique, the
wave traveling on the string is transferred to a delay line. For
generating a continuous and accurate output frequency, a frac-
tional delay filter is required [13]. The characteristic of string
stiffness that induces the inharmonicity can be modeled with an
allpass filter [7], [14]. A damping filter needed in the waveguide
model is designed to fit the tone decay time requirement [4]. All
blocks of the string model are important not only for the tone
synthesis but for generating the input excitation signals which
help to model the attack transience [3], [4]. The components
induced by the string of a recorded tone must be canceled as
cleanly as possible so that the remainder combining the plucked
sound and the impulse response of the body (called an aggregate
excitation) can be used generally. This method merges the body
response into the original excitation by commuting the order of
the string and the body so that it simplifies the whole instru-
ment model. However, one needs to create an independent body
model (put after the string) if the length of the string is varied
over time to generate a pitch sliding tone for example. Besides
increasing the flexibility of the instrument model, the modula-
tion effect to the body response can be avoided [9]. Moreover,
when the string length is changed during a pluck period, an in-
tegrated transfer function that represents whole string models
cannot be used. Otherwise, there must be an obvious dynamic
transition in the output sound when a sudden length shift hap-
pens. A time-variant glitch-free delay line loop [15] is proposed
in the string model to make the pitch slide smoothly.

On the other hand, repeating pluck technique is usually seen
in the plucked string instruments. When an already vibrating
string is plucked again, it would be damped by the finger
temporarily then excited [16]. Several excitations of the typical
pluck can be damped in advance then serially combined as a
repeated pluck input signal, but if the strings are not perfectly
tuned like a real mandolin, using two parallel string models
differing in pitch by a few cents and excited at slightly different
times may achieve the beating effect [3]. Furthermore, when
taking the dynamic variation of each pluck or specific picking
pattern into account, the excitation to be generated would
become more complex.

B. Prior Works of Pipa Sound Synthesis

The pipa music has been loved by Orientals through the cen-
turies. The special timbre is suitable for both solos and ensem-
bles. In the previous papers, one used nested modulator and
feedback FM models to match the harmonics of the pipa tones
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[17]. The results sounded pipa-like but still different from the
original tones. Moreover, the method lacks for realism and flex-
ibility. A scattering recurrent network method was proposed
to implement the physical modeling of plucked string instru-
ments including the pipa. It can generate the parameters of the
synthesizer automatically [18]. The signal-to-noise ratio (SNR)
of the synthetic tone to the original tone is not quite good be-
cause of the high-frequency components error. Besides the typ-
ical pluck technique, they tried to model the portamento tech-
nique but got a timbre different from the original one. The same
authors used another network based on the Kelly—Lochbaum
structure with multiple sets of system parameters to simulate
the vibrating behavior of a target string [19]. The SNR issue ex-
isted again without taking the energy of the harmonics into ac-
count. Therefore, using learning algorithms cannot synthesize
a plucked string sound efficiently. Basically, it is not a flexible
synthesis method either.

An analysis of the pitch perception for inharmonicity [20]
provided some important physical structure information and the
stiffness characteristics of the pipa strings. For the experimental
purpose, a spectral-based additive synthesis was used to control
the partial frequency and magnitude accurately. Since the im-
portant decay effect was not included, the synthetic tone was not
complete, but it proved that the pitch perception is not only af-
fected by the fundamental but also the degree of inharmonicity.
Moreover, the quantity of stiffness should be included in the
pipa tones synthesis because it directly causes timbre variation.

C. Goals and Organization of the Paper

The playing techniques of Chinese or Asian instruments are
versatile. It is very important to investigate their characteris-
tics thoroughly if we want to construct a complete model of
the instruments. A few, but important, playing techniques were
included in the guqin tone synthesis [9]. However, there is no
study of the technique topic in [10] and [19]. The pipa is indeed
a good object for research because it owns specific structure
and many different playing techniques at the same time. From
the computed and physical analysis point of view, the acous-
tical characteristics of pipa timbres can be perceived. Taking
advantage of DWG, a realistic and flexible pipa model can be
constructed as well. Meanwhile, this model has no SNR issue
because of the physical essence. To save memory usage, the
model parameters and input excitations should be minimized.
Moreover, a high-efficiency model should be designed for the
real-time synthesis purpose. Finally, a pipa synthesizer can be
created for easier playing and other applications.

The remainder of this paper is organized as follows. The
structure, tuning, and playing techniques of the instrument are
discussed in Section II. Section III presents the results of signal
analysis of recorded pipa tones to illustrate the characteristics
of the timbre of the instrument. In Section IV, the waveguide
synthesis algorithm including fixed and varied delay line is
introduced. Section V shows the synthetic results compared
with recorded ones and the statistics of the listening tests.
The discussions are also addressed. Section VI contains the
conclusions.
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Fig. 1. Photo of the soloist Luo playing the Chinese instrument pipa.

II. DESCRIPTION OF THE INSTRUMENT

A. Construction and Tuning

The instrument pipa and the typical playing position are
shown in Fig. 1. Unlike the guitar, the pipa is played while
holding its body vertically. This difference is for the conve-
nience of the left-hand performing techniques. A standard pipa
height is 102 cm and the effective string length is 72.5 cm.
Consisting of a wooden body like a dissected pear (round in
back, flat in front), the front plate of the pipa is a combination
of two or three different thickness and hardness wood plates
for the consideration of the string decay time, especially for
the A3 string which is usually for solo melody. An older paper
[21] shows the wood resonant peaks of the pipa body, which
are concentrated at the range of 450 Hz to 650 Hz and are part
of the higher pipa tone register. This may be an indication of
the sound the ancient Chinese favored. A neck is made with
six deep and triangular frets, and a tuning peg head extends
from the neck. The tuning pegs are quite large to match the
body. Besides the neck frets, there are 24 strips of bamboo on
the soundboard of the pipa that also function as frets. Each of
the 30 total frets is spaced according to well-tempered tuning.
Today, the open tuning of the strings is typically A2-D3-E3-A3
(110.5 Hz-147.33 Hz-165.75 Hz-221 Hz), with the highest A
being below middle C. The traditional pipa with silk strings
and pentatonic tuning was developed into the modern pipa with
steel core strings and chromatic tuning during the first half of
the last century [22]. Thus, using the real fingernail becomes
almost impossible. Instead, a fake nail made of turtle shell or
special plastics is usually attached to each finger of the right
hand for plucking harder strings.

B. Playing Techniques

The name of pipa is from the most basic playing technique
that means forward (pi) and backwards (pa) plucking the strings
with the outward fingernails. In general, the playing technique
consists of the right-hand fingers plucking the strings and the
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left-hand fingers touching the strings in a variety of ways to
create melodies. There are over 60 different techniques that have
been developed [22]. Basically, a player needs spectacular finger
dexterity to handle such complex performances. The typical
pluck is with the left hand touching beside the frets. Besides,
the strings can be pushed or pulled like the string bending tech-
nique in the electric guitar, and twisted or pressed because of the
relatively high frets. The wheel, with the right hand rotating all
fingers one by one on the strings, is a unique technique to make
an unlimited long note like the tremolo effect. Playing this tone
has to focus on the dynamics balance of each finger. This tech-
nique of the pipa may be harder than the similar one of the guitar
because the tones need to be played with high-speed wheeling
of five fingers for different length and strength. Others like rolls
(similar to the wheel tone but with typical plucking method),
slaps, harmonics, and noises are often used as well.

There used to be a large repertoire of pipa music to describe
exciting scenes like battles and lyrical themes inspired by po-
etry, landscapes, and historical stories. Bai Juyi (772-846 AD),
one of the great poets in Tang dynasty wrote the most famous
poem for playing the pipa named Pipa Song. It describes the
shower of pipa notes by [22]: “... The thicker strings rattled
like splatters of sudden rain, the thinner ones hummed like a
hushed whisper. Together they shaped strands of melody, like
larger and smaller pearls falling on a jade plate.”

III. ACOUSTIC SIGNAL ANALYSIS

Next, the essential features in the behavior of recorded pipa
tones are illustrated. Their prominent patterns in the time and
frequency domains such as decay of tones with different con-
ditions and inharmonicity are discussed. The analyses of push
and wheel tones are presented as well. A microphone placed at
a distance around 1 m in front of the soundboard is used for
recording. This distance can get a good tone quality and avoid
recording much ambiance noise or body vibration. The signals
were recorded with the 44.1-kHz sampling rate and the 16-bit
resolution. Since the chamber is not completely anechoic, to
clear the pipa sounds, the background disturbance and the im-
proper echo are captured as a noise profile so that they can be
canceled from the recorded sounds.

As for the tones, typical scale sets of four strings used in pipa
music were recorded. Two different styles for terminating the
string with the left-hand finger were used, touching beside the
fret or pressing just on the fret. Two different plucking styles
were recorded, plucking with nail inward or outward. In addi-
tion, a set of harmonic, push, pull, wheel, and vibrato tones was
recorded for different strings and frets.

A. Decay Characteristics of Tones

The Tgo of four open strings of the pipa with typical plucking
are around 5.0 s (A2), 4.3 s (D3), 5.3 s (E3), and 5.7 s (A3). It
can be found that the decay times are not proportional to the
frequency. Besides the effect of the strings used for recording
which are Beijing A3 string (only one steel string) plus three
other Shanghai A2, D3, and E3 strings (seven steel strands
wound together within a helical coil of covering copper) [20],
the specific pipa body structure is an important factor for the
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Fig. 2. Spectra of A2 (a) with A3 (b) open string plucked tones.
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Fig. 3. Time responses of pipa notes terminated with the fingertip touching
beside the fret (a) and pressing on the fret (b).

tone decay time. While comparing the spectra of A2 with A3
open string plucked tones during the period 0.6 second after the
attack as Fig. 2, the higher partials over 2 kHz of A2 tone are
much smaller than those of A3 tone. Because of the same string
material, two other D3 and E3 strings have a similar character-
istic of the A2 string from our observation. This combination
makes soft and bright sounds exist at the same time.

On the other hand, the decay times of tones are quite different
while the player changes the terminated positions where the fin-
gertip is put. The string vibrations are restrained much more by
pressing on the fret than touching beside the fret. Therefore, the
tone decays much faster like the example of 370-Hz tones de-
picted in Fig. 3 and it sounds very crisp. The Tg( of the tone
pressed can be as short as 1.3 s [Fig. 3(b)] compared with the
touched one, which is over 4 s [Fig. 3(a)]. Fig. 4 shows the decay
period spectra of these two cases, the high-frequency partials be-
yond the sixth are depressed very much while pressing on the
fret.

For some special case such as the double plucking roll tone
(plucking two strings at the same time), plucking with outward
then inward fingernails fast is required. There is very little dif-
ference in the decay time of the tones plucked with either side of
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Fig. 4. Spectra of pipa notes terminated with the fingertip touching beside the
fret (a) and pressing on the fret (b).

the fingernails. Although the dynamic level of the tone with out-
ward fingernail is easily larger than the inward one, the soloists
usually adjust the dynamics to equal the levels. Therefore, this
effect will not be modeled.

B. Inharmonicity

The stiffness factor of steel strings cannot be ignored in the
sound synthesis of the pipa. In order to synthesize the natural
timbre and generate general enough input exciting signals of
the pipa model, the inharmonicity of pipa tones should be in-
vestigated for all strings and frets carefully. The inharmonicity
coefficients of the four pipa strings are depicted in Fig. 5 as
a function of frequency, on a log-log scale. A partial frequen-
cies deviation method proposed by [23] was used to search the
partials of the tone and then evaluate the coefficients. With the
help of handed calibration, some wrongly evaluated high par-
tials with lager frequency deviations can be repaired. From the
results, two observations can be made. First, the inharmonicity
for lower strings is larger than for higher strings. This result can
be explained by the inharmonicity coefficient equation as

m3Qd*

B= et W
where d is the diameter of the string, [ its length, () is Young’s
modulus, and T is the tension [13]. A larger diameter will cause
the higher inharmonic characteristic. Table I lists the referred
diameter values of Shanghai strings. Second, the inharmonicity
increases as the length of the string decreases. From (1), the
fact can be found that the length decreases while the diameter is
fixed.

C. Behavior of Push and Pull Tones

While pushing the pipa string inside or pulling it outside, the
tension is increased so that the original plucked pitch will get
higher continuously. Basically, the pitch frequency is propor-
tional to the square root of the tension. The interval of the initial
and final pitch is flatted thirds or a whole tone typically. The
frequency ratios of the intervals are 5:6 and 8:9, respectively.
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Fig. 5. Estimates of the inharmonicity coefficients of different strings and frets.

TABLE I
DIAMETERS OF SHANGHAI STRINGS FOR [20]

String A2 D3 E3 A3
120.67um 101.0um 94.67um 79.5um
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Fig. 6. Spectrograms of the push tone with (a) the fundamental frequency from
372 Hz to 444 Hz, and (b) the pull tone with the fundamental frequency from
372 Hz to 419 Hz.

Fig. 6 shows the spectrogram of two push and pull tones. The
beginning of pitch slide is around 0.6 s in the pull tone later
than the push tone, which is around 0.25 s. The later one seems
to make the tone with more poetry. The duration of the pitch
sliding is according to the pushing or pulling speed, but since
the displacement of the string is small and the technique is usu-
ally an attached effect of the main pitch, the duration is usually
very short, around 0.23 s. The tone frequency can be also de-
creased by reversing the string movement.

D. Analysis of Wheel Tone

A wheel tone made by continuously plucking with all fingers
is a unique timbre. Fig. 7 shows the five-pluck wheel tone wave-
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Fig. 7. (a) Waveform and (b) the early four partials spectrum of a wheel tone.
1 Onset
) S | Output
Excitation { + | S(z) |_'| H, (2 ) I_'

signals

Timbre control

Fig. 8. Block diagram of the pipa synthesizer.

form of the frequency 372 Hz and the earlier four partials spec-
trum extracted from the whole tone duration fast Fourier trans-
form (FFT) result. The dynamics of each pluck cannot the same
in fact. The time interval between two plucks can be smaller
than 0.06 s. Moreover, it can be found in the spectrum that each
partial is not a pure peak but with a little extension. In fact, not
only the mandolin, the strings of the pipa are also never perfectly
tuned. With the pluck variation of the different fingers in terms
of pluck position and force, the disturbance can even spread a
partial peak over 10 Hz.

IV. SOUND SYNTHESIS OF THE PIPA

A. Description of the Synthesis Model

The block diagram of the synthesis model is as Fig. 8. The
pipa model essentially is comprised of a delay loop (DL) dig-
ital waveguide (DWG) string model, S(z), a body model filter,
Hy(2), and a comb filter placed at the input for simulating the
effect of plucking position [3]. The input signal is read from
the excitation database. The different timbres are selected by
the controller which also sends the parameters (according to the
timbre) to the string model. Finally, the output signals are sent
through a dynamic control to make the tones change smoothly
and naturally.

B. String Model and Excitation Signals Generation

The DL string model, S(z), synthesizes the transversal vi-
brations with the inharmonicity effect shown in Fig. 9. In this
model, the z~% block implements the integral delay of the DL.
Regarding the sampling theory, L is the integral result of f,/f,
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Fig. 9. Block diagram of the string model.

where f; is sampling frequency and f is the desired note fre-
quency. The remainder fractional part of the loop delay is real-
ized by Hy(z), a third-order Lagrange FIR filter [13]. The co-
efficients are shown as

N

D—k

M) = H n—k
k=0,k#n

forn=0,1,2,.......N

@

where D is the desired total fractional delay and NN is the order
of the filter. This filter works as an interpolator. It suffers from
high-frequency response degradation. Higher order filters with
some help to this issue are increasingly more difficult to com-
pute. After making a tradeoff, the third-order filter is used for
the string model. The Hy(z) block is the damping filter im-
plementing the frequency dependent decay due to losses in the
string. The filter coefficients are determined with the method il-
lustrated in [4]. The algorithm consists of fitting a straight line
to the temporal envelopes of a number of early harmonics then
using the slopes of the lines as the attenuation factors for those
harmonics. However, the attenuation factors for remaining par-
tials cannot be set to zero but held with gradual degraded values
because of A4 string timbre consideration. The damping filter
is then generated as a first-order infinite impulse response (IIR)
structure. It should also pass a calibration process to make sure
not only that the resulting magnitude response does not exceed
unity but also that the match is best for the partials whose atten-
uation rate can be heard easily. Equation (3) is the final version
of the damping filter where g; is an adjustable parameter for the
slight damping variation of different tones or the gain compen-
sation described later. Of course, changing this parameter also
can stretch or shorten the decay time of the same tone for a spe-
cial effect:

91(0.9015 + 0.1275271)
1+0.033121

Hyi(z) = 3)

On the other hand, H(z) is the dispersion response for the
stiffness characteristic made of a cascade of four first-order all-
pass filters [7] with the coefficient a; computing from the Thiran
allpass filter method as

1-D
T Di+1

ay (4)
where the Dy is the desired delay value at DC. This filter will
generate the extra phase delay (i.e., frequency shifting) added
on each partial of the tone according to the inharmonicity coef-
ficient B. Using cascaded filters can achieve the accuracy and
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the stability at the same time. The values of L used in the inte-
gral delay and the remainder fractional part must be modified as
well because of the extra delay. Then, the string model blocks
can be integrated to one transfer function S;(z), the computa-
tion instruction will be reduced to one time:

,—L

T 1= THy(2)H;(2)Hy(2)

Si(2) &)

Once the S;(z) has been determined, an excitation signal of
a string pluck can be generated by putting the recorded signal
through the inverse waveguide filter A(z) = 1/5;(z) [4]. The
waveform of the result is then truncated to be an excitation
signal as a short burst that dies away rather quickly. A single ex-
citation signal is not enough to synthesize each note of the pipa
because many factors, especially different strings and playing
techniques, will affect the timbre. As in the previous discus-
sion, except for the A4 string, the other three strings have a
weak response at higher frequencies. In the meantime, due to
the termination by the fingertip pressing directly on the fret, the
high-frequency partials are also greatly filtered out. Therefore,
canceling the zero which boosts the high-frequency partials but
using just a one-pole filter H42(z) can achieve the requirement
of these two situations

920.6502

Har(2) = 319,71

(0)
where go works as g;. The exciting signals need to be generated
again with the same process but with a different damping filter.

C. Body Model

The body response included in the excitation signal may be
modulated while running the string length varied in time. An
independent body model is needed to avoid the effect. Using
a 2-D mesh digital waveguide can model the body resonator,
but the computing complexity becomes another issue [24]. A
spectral-based body model [9] instead of the physical model can
not only simplify the computing but also maintain the flexibility
requirement.

Fig. 10 shows the two spectra representing the pipa body with
the average of the excitation signal spectra of open strings in the
commuted model and the impulse response by knocking on the
front plate. These two diagrams are with similar shapes. This
can prove the hypothesis that the plucking impulse is like a white
noise so that the excitation signal spectrum can be also treated as
a body resonant response. From the two spectra, the resonation
of the body can be observed that focuses on the frequency range
covering the main register of the pipa. The average excitations
example is the better one to be used because it contains some
phenomena not included in the knocking plate instance, such as
the open strings sympathetic effect. Four cascaded second-order
shelf and peak-notch filters are appropriate to implement the
response. The frequency response and the coefficients of the
filters are shown in Fig. 11 and Table II. The body model is then
put in back of the string model and the excitation signal can be
whitened by passing through the inversed filter response.
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Fig. 11. Frequency response of the body filter.

TABLE II
COEFFICIENTS OF THE FOUR CASCADED BODY FILTERS

Coefficient Hyi(tow-shel) Hippeak-noteh) Hy3peaknotchy  Hlpanigh-shelry
bo 0.2485 0.5888 0.7701 0.1753
b, -0.4937 -0.4687 -0.1817 -0.1708
b, 0.2453 -0.1190 -0.4351 0.0743
a i 1 1 1

a; -1.9747 -1.8746 -0.7269 -1.1763
a 0.9755 0.8794 0.3400 0.4913

Hy = (by+ bz +byz?) ag + a2 + ayz7%)

D. Time Varying String Model

Pushing or pulling the string along the frets during a pluck pe-
riod can produce a pitch sliding tone. Although this is a motion
varying the string tension, for easier interpretation and computa-
tion, the timbre is modeled from a varying-length point of view.
A string model with the circular buffer delay line is shown in
Fig. 12. The length of the buffer is set with a little longer than
the maximum string length so that the possible elongation can
be accounted for. The string model is then separated into several
blocks and run with a one-by-one sample. As a result, the glitch
due to the integrated string model can be reduced.

To simplify the computing, a first-order Lagrange filter is
used and the four first-order allpass dispersion filters are reduced
to one for this case. According to (2), the Lagrange filter with
N =1,h(0) =1 — D and k(1) = D is a linear interpolator.
Except for the exact delay of initial and final frequency, the frac-
tional parts (D) can be set as 0.5 and then 1 between two integral
delays. After gradually shifting the delay line position, the tone
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pitch can be increased or decreased. It saves computing time and
avoids a noise induced if only integral jump is adopted as well.

The degradation of high-frequency response is a serious issue
while using linear interpolation. To overcome the disadvantage,
the damping filter gain [¢g; and g» in (3) and (6)] has to be in-
creased to compensate for the additional attenuation. According
to [25], the sound energy is also decreased by changing the delay
line length. Therefore, an energy enhancement function should
be implemented while running the varied delay length as well.
According to the experimental result, the gain only needs to be
adjusted with five steps distributed averagely before and during
the frequency sliding. It is unnecessary to change the gain per
sample interval. This method is easy and the tone can be sus-
tained to a long enough length.

E. Wheel Tone and Other Pipa Techniques

For the other techniques of pipa, except the harmonic, some
auxiliary algorithms are needed. One example is the frequency
modulation technique, which can be used to do the vibrato
effect.

Moreover, using excitations combination or parallel string
models mentioned in the introduction cannot synthesize a nat-
ural pipa wheel tone easily. In order to take the dynamics into
account, we use a wheel tone (rotating five fingers one time) as
one sample put into the inversed pipa model to get an excitation
signal. However, because of the disturbance of each pluck, the
inharmonicity coefficient B of the wheel tone is different from
that of the same pitch typical pluck tone. After doing some cal-
ibration, the higher frequency partials of the recorded tone still
cannot be canceled thoroughly. These wrong terms in the excita-
tion signal would be enlarged inadequately while synthesizing
the other wheel tone pitch, so that the output energy is accu-
mulated wrongly while the pluck triggers repeatedly. All attack
moments could be mixed up and the wheel timbre was conse-
quently weakened in the output result. (Doing offline reduction
of the wrong terms can modify the excitation to a certain ex-
tent.) This signal is then extended to a required length with a
loop computation or reorganized for different pluck speed, and
finally sent into the instrument model for a long note synthesis.

V. SYNTHETIC RESULTS

The waveform and the spectrum of the recorded and synthe-
sized signals are compared below. The synthesized results are
all from the Matlab simulator.

A. Plucked Tones

Fig. 13 depicts the time responses of synthesized typical
pluck (touching beside the fret) and damped (pressing on

IEEE JOURNAL OF SELECTED TOPICS IN SIGNAL PROCESSING, VOL. 5, NO. 6, OCTOBER 2011

0.5 @ &

Level
o
1

05} i

Time (s)

Level

05} i

Time (s)

Fig. 13. Pluck synthetic results with (a) touching beside the fret and
(b) pressing on the fret terminations.
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Fig. 14. Waveforms of synthetic and recorded typical pluck tones of (a),
(b) 166 Hz, (c), (d) 660 Hz, and (e), (f) 1109 Hz.

the fret) tones of 372 Hz with A3 string. The decay time
responses correspond fairly well (compared with Fig. 3). Since
the damped tones are shorter and sharper, it can be found that
there is stronger variation in the spectrum of different pitch
tones. For the generality, the excitation signal of the pressing
tone is averaged from two adjacent pitch tones. On the other
hand, due to different types of strings, two general excitation
signals of typically plucked events with two types of damping
filters are generated for the A3 string and three other strings.
Therefore, besides the 372 Hz, three other low-, middle-, and
high-frequency tones are also synthesized as test patterns. They
are 166 Hz, 660 Hz, and 1109 Hz, respectively. Figs. 14 and 15
illustrate the characteristics of the three synthetic tones along
with recorded ones. The attack-decay (AD) curves of the three
tones are similar. From the observation of these spectra, the
inharmonicity of the synthesis has followed the coefficients
extracted from the recorded tones. The amounts of damping at
high-frequency match each other as well.
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Fig. 15. Spectra of three synthetic and recorded tones of (a) 166 Hz, (b) 660 Hz,
and (c) 1109 Hz.
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Fig. 16. Waveform of a synthetic push tone (from 370 Hz to 444 Hz) (b) com-
pared with the recorded one (a).

B. Push Tones

The synthetic push tone is generated by the typical pluck ex-
citation signal compared with the recorded one shown in Fig. 16.
If the energy compensation is omitted, the tone would damp
very fast. The time response of a synthetic tone is made similar
to the recorded one by increasing the damping filter gain initially
and also in the decay stage. The total rate of the gain increased is
1.10855 times according to the extra damping. Fig. 17 illustrates
the spectrogram of this synthetic tone. Compared with Fig. 6(a),
the frequency sliding can be found to be not so smooth, but the
duration of the pitch sliding is controlled accurately. Besides, it
can be found in the recorded one that the partials of the initial
pitch are like remaining partials along with the partials of the
sliding pitch. That is why that the larger magnitude of most ini-
tial pitch partials in the recorded tone spectrum after the attack
also can be observed as in Fig. 18. Fortunately, first-order inter-
polation and dispersion filters seem to work well on the partial
frequencies match.
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Fig. 17. Spectrogram of the synthetic push tone.
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Fig. 18. Spectra of synthetic and recorded push tones (from 370 Hz to 444 Hz).

C. Wheel Tones

The synthetic wheel tone 660 Hz compared with the recorded
one is shown in Fig. 19. Although the synthetic one still has
a phenomenon of the energy accumulation, each pluck can be
identified from the waveform and heard clearly from the tone
and the tone color is also bright. However, the pluck speed of
the two is still not exactly the same. Fortunately, it is not the key
point of the tone.

D. Listening Tests

The listening tests are separated into two parts which are the
similarity between synthetic and recorded tones and the syn-
thesis acceptability. Any judgment about the synthesis results
is also pleased to provide. The SPSS software is use to get the
statistic results. Among the total 13 subjects, there are 69.2%
who have more than five years music experience and 53.8% who
have practiced the piano. Although there are 15.4% listening to
Chinese music frequently, the reliability coefficient (Cronbach’s
«) is 0.856 which shows the good quality of the subjects’ timbre
discrimination. Tables III and IV list the statistic results with
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Fig. 19. Waveform of a synthetic wheel tone (660 Hz) (b) compared with the
recorded one (a).

TABLE IIT
STATISTIC RESULTS OF THE SIMILARITY

Similarity Typical pluck ~ Damped tone Push tone Wheel tone
tone (one pitch) (one pitch) (two pitches)
(five pitches)
Mean 4.46 3.15 3.38 3.85
Std.
Deviation 0.776 1.068 0.870 0.801
TABLE IV
STATISTIC RESULTS OF THE ACCEPTABILITY
Acceptability ~ Typical pluck  Damped tone Push tone ~ Wheel tone
tone
Mean 4.54 3.31 3.54 3.77
Std. Deviation  0.660 1.032 0.967 1.013

Likert 5-point scale. It can be found that the pipa tones syn-
thesis has got an acceptable estimation, especially for the typ-
ical pluck tone. The reasons for some testing results not quite
good are discussed in next section. All tones for listening tests
are available on the Internet at http://web2.cc.nctu.edu.tw/~ea-
music/music_tech_lab/pipa/pipa.html.

E. Discussion

The recorded tones are played by human fingers while the
synthetic ones are generated with few general excitation sig-
nals, there are more variations in the former. Therefore, there
are some variances between the synthetic and recorded tones in
the magnitude and the level of the spectra and the waveforms
as shown in Figs. 14 and 15, but because the model has in-
cluded most acoustic characteristics of the pipa, there are not
big differences in auditory timbre between the two. However, a
minor common comment of the listening test subjects is about
the timbre of higher pitch synthetic tones (660 Hz and 1109 Hz).
Therefore, increasing the number of excitations could be a com-
promised solution if needed. The method may help for other
techniques as well as for the typical plucked tones.

Another issue happening in push tones is also discussed here.
Because of the remaining partials of the initial pitch, the timbre
of the recorded one is more saturated or fuller than that of the
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synthetic one after the pitch sliding. It’s unlike the nonlinear
mixing partials occurring because of the longitudinal string vi-
bration [26], but to solve the issue, the string model may still
need to be divided into two paths for generating different par-
tials (which is similar to the guqin model [9]). Or the resonant
characteristic of the pipa body should be further investigated so
that it can preserve (reverberate) the initial pitch waves longer.
Besides, although the just-noticeable-difference (JND) for pitch
change is typically around 1/10th of a semitone [27], we almost
cannot distinguish the continuous frequency varying due to the
short process time and the small interval of the pitch sliding.
Therefore, each shift interval with a 0.5 delay length is enough
for synthesis.

Regarding the wheel tone, since the attack transient is a very
important characteristic for the timbre of this tone, continuing
to search out other ways to get better excitation signals may be
required.

Finally, more samples should be provided to the subjects
while doing the listening test. Since there is only one damped
tone sample, a larger standard deviation compared with others
is shown in the statistical result.

VI. CONCLUSION

The acoustic characteristics and a synthetic method of per-
forming the traditional Chinese instrument pipa are presented in
this paper. The proposed synthesis model has demonstrated the
important techniques of the instrument (such as plucking with
two termination types, push, pull, and wheel) successfully. The
results can capture the prime features of the pipa, and the insuf-
ficient parts are discussed as well. More important, the model
has been proved efficient enough for computation and provides
high flexibility to let people play simulated and even surreal pipa
tones with this synthesis technique in real-time. Of course, this
prototype model can be improved further for the timbre quality,
and more playing techniques should be covered. In addition,
as long as the excitation database is completed for all kinds of
timbre, a complete pipa synthesizer based on the model can be
achieved with an attached control interface.
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