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ABSTRACT 

The timbre of orchestral music or choir singing is rich and 
complex, distinguished from a single musical instrument or 
voice. The acoustic transformation from a single sound 
source to multiple sources playing in unison is referred to 
as chorus or ensemble effect. This project explores a 
method for simulating the chorus effect as a digital audio 
effect. The proposed method is based on a delay-line with 
multiple output taps as in the well-known chorus effect. 
However, the output taps are modulated in random patterns 
so as to create an uncorrelated mixture of input copies. In 
addition, the amount of detuning is dynamically adjusted 
by musical context such as onset times and vibrato of 
notes. The result of this approach is discussed and 
evaluated. 
 
 

1. INTRODUCTION 

When a group of performers play the same melody, such 
as in a string section and a choir, the mixed sound is not 
just the sum of clones of a single sound, but a new timbre 
with a rich and complex spectrum. This is caused by slight 
differences of pitch, time delay, amplitude and timbre 
among individual sounds, producing uncorrelated beatings 
of harmonic partials and change of the spectral envelope. 
The chorus effect simulates the acoustic transformation.  

A well-known method for simulating the chorus effect, 
which is popularly used for electric guitars or synthesizers, 
is based on time-varying delay-lines. The method achieves 
the effect by detuning copies of the original signal and 
summing the detuned copies back with the original. The 
detuning is typically performed by modulating output taps 
from the delay-line with low frequency oscillators (LFOs). 

The resulting sound is musically charming, but hardly 
imitates the timbre of a string section and a choir.  

Alternative methods for simulating the chorus effect 
have been suggested. These methods mainly rely on 
frequency-domain approaches. Dolson studied differences 
between solo and ensemble sounds using a phase vocoder. 
He found that the quasi-random amplitude modulation of 
each harmonic partial in ensemble sounds is an important 
cue for perceiving the differences [1]. Following the 
finding, Kahlin, D. and Ternström modelled the amplitude 
modulation from recorded choir voices and applied it to a 
solo voice as cross synthesis based methods [2]. They 
concluded, however, that all aspects of the ensemble sound 
cannot be simulated by the pure amplitude modulation 
alone, because frequency domain methods generally have 
too long window to capture the spectrum-smearing 
properties by rapid pitch modulation at high frequencies. A 
recent study used a recording of ensemble sounds in a 
direct manner. Bodana et. al. proposed an approach by 
morphing a voice solo with sustained vowels of unison 
choir recording [3][4].  

These frequency-domain methods have limitations, 
although they could produce convincing results. First, they 
are not sufficiently flexible for controlling input 
conditions, such as the number of performers and different 
time delay among performers. Second, they require 
recorded ensemble sounds corresponding to an input 
sound, thereby limiting its availability to a specific sound.   

The proposed method is based on the delay-line 
method, which has advantages over the frequency domain 
methods, in that it is more flexible to parameterize the 
input conditions and can be used as a general audio effect. 
The followings will explore techniques to improve the 
existing delay-line method, focusing on the uncorrelated 
variations of pitch and time delay.  

 



2. DELAY-LINE BASED METHOD 

2.1. Overview  

The principle of the chorus effect is that variations of time 
delay, pitch and timbre among sound sources are 
uncorrelated. The well-known chorus effect using delay-
lines typically uses LFOs so as to produce the slight pitch 
variation. Since the LFOs, such as sinusoid or triangular 
waveforms, alternate in regular patterns, however, it fails 
to simulate the uncorrelated quality of pitch variation in 
ensemble sounds. In addition, the detuning in the existing 
delay-line method is generally not sensitive to the musical 
context in input signals, for example, onset times or 
vibrato of notes. The method proposed here tackles the 
detuning problem in the two aspects: uncorrelated and 
context-sensitive variation. 

Fig. 1 shows the diagram of the proposed chorus effect. 
The overall structure is quite similar to the well-known 
method; the number of the output taps corresponds to that 
of players in unison, and the spacing between output taps 
to the initial time delay. The main difference is that the 
output taps from the delay-line are controlled by the 
random detuning modulator, which enables the 
uncorrelated detuning among input copies. Another is that 
the depth of detuning is adjusted by dynamic behaviours of 
harmonic partials, which is measured by the transient 
detector.  
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Figure 1. Diagram of the proposed chorus effect 

 

2.2. Random Detuning Modulator  

The random detuning modulator controls the output tap to 
produce a slowly detuned copy of the input signal. The 
diagram in Fig. 2(top) shows how the output of the random 
detuning modulator is generated. First, a normal random 
number generator goes through the sample and hold 
processor. It then produces a random number at a slow rate 
and holds it. The sample and hold can be actually 
implemented with a counter by generating a random 
number whenever the counter wraps around. 

The piece-wise constant values from the sample and 
hold are then integrated by the following one-pole filter. 
The one-pole filter has a large time constant such that it 

produces a linearly increasing or decreasing curve. Since 
the slopes of the piece-wise linear curve correspond the 
amount of instant detuning, the range of the random 
number generator determines the amount of detuning. The 
next one-pole filter makes the piece-wise linear curve 
smoother such that discontinuities between linear pieces 
are prevented. Fig. 2(bottom) shows the trajectories of the 
random detuning modulator for five output taps.  
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Figure 2. (Top) Random detuning modulator and (Bottom) 
the output signals  

 

2.3. Transient Detector 

The transient detector in Fig. 1 measures how much the 
input signal is in steady state. Here the normalized spectral 
flux is used for evaluating it. The spectral flux (or its 
normalized version) is typically used for the onset 
detection [5][6]. Since it essentially computes the degree 
of dynamic behaviours of harmonic partials, modulating 
the depth of detuning with the spectral flux can lead more 
dynamic pitch variation.   

The normalized spectral flux is defined as below,  
 

 

 (1) 
 
where X(n,k) is the magnitude response of a frame of the 
input signal and H(x) is a half-wave rectifier which takes 
only the rise of the magnitude response. The output value 
is limited between 0 and 1. That is, if harmonic partials in 
consecutive frames stay at the same levels, the normalized 
spectral flux will be zero. On the other hand, if harmonic 
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partials fluctuate, for example, at the onset of notes or in 
vibrato, the output will increase toward 1.   

Fig. 3 shows two examples of the normalized spectral 
flux. The violin example shows distinct peaks 
corresponding to the onset of notes and a small amount of 
fluctuation by vibrato. On the other hand, the singing voice 
example has peaks interfered with the fluctuation, 
implying that the voice has strong vibrato in a continuous 
manner.  
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Figure 3. The normalized spectral flux of a single violin 
sample (top) and a single singing voice sample (bottom) 

 

2.4. Time Delay 

The time delay among individual sounds in a group of 
performers is caused by two main reasons; one is different 
arrival times of sounds from performers to a listener, and 
the other is time-varying onset times of musical notes 
among performers. Since performers usually do not move 
on stages, differences of the arrival times are almost 
constant, and therefore they can be simulated by initially 
distributing the output taps at different locations on the 
delay-line as shown in Fig. 1.  

The time-varying onset times among performs, on the 
other hand, requires on-the-fly shifting of the output taps 
every musical note. This is partially done by modulating 
the depth of detuning with the spectral flux because the 
spectral flux rises up every onset time. However, realistic 
onset variation needs more rapid shifting of the output 
taps. This can be implemented by cross-fading two output 
taps, but was not included in this project.  

 

2.5. Locations of Output Taps 

In summary, the following equation determines the 
location of an output tap, 

 

(2) 
 

where RDM stands for the random detuning modulator and 
“scale” adjusts the sensitivity to the normalized spectral 
flux. In Eq. (2), the first two terms can be interpreted as a 
large constant offset and a small random variation on it 
with being independent of each other. The last term is a 
floating term which not only changes pitch but also makes 
the offset float at a random pattern by adding to the first 
term. A function f is chosen to make the offset float; for 
example, taking a positive or negative absolute value 
alternatively for a certain period.  
 

3. LIST OF PARAMETERS 

The followings are the list of parameters that control the 
flavor of the chorus effect. 
 
• Number of performers: corresponds to the number of 

the output taps 
• Maximum detuning (cent): the maximum value of the 

random number generator in the random detuning 
modulator. The appropriate range is 20 ~ 70 cents.  

• Detuning rate: corresponds to the rate of the sample 
and hold unit in random detuning modulate. The 
default value is 100 msec.  

• Time spread (msec): the range of initial distribution of 
output taps on the delay-line. It is usually proportional 
to the number of performers. The appropriate range is 
50 ~ 200 msec.  

• Spectral flux scale: controls the sensitivity to the 
spectral flux. 
 

There are more internal parameters, but they are usually 
set to default values.  

 

4. RESULT AND DISCUSSION 

The proposed chorus effect was implemented in Matlab 
and tested with a handful of solo string instruments and 
solo singing voices. The sound examples can be found at 
http://ccrma.stanford.edu/~juhan/220c/. 

In an informal listening test, solo singing voices were 
quite naturally simulated as a choir, whereas string 
instruments, especially, low-register notes of a solo violin 
created an artificial timbre somewhat like the comb filter 
effect in the processed sound. This might be associated 
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with different articulation techniques between solo and 
group performance. For example, if the solo violin were 
played as in a string section, the processed output might 
have sounded better. In addition, the reverberation unit in 
Fig. 1 was not implemented in the test. Adding the 
reverberation effect to the output may help the chorus 
effect sound more natural, because orchestral music 
including a string section is usually performed in a concert 
hall.  
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