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ABSTRACT

This paper describesa sampler using MaxMSP and JavaS-
cript,thattakesaudioand MIDlas inputs. The samplerde-
tects and stores the last audio event performed and allows
the user to trigger a pitch shifted version of the note using
MIDI input, pitch shifted by an interval relating to the dis-
tance between the input MIDI note and C4. If the audio
event is a pitched sound, the sampler detects loop points in
the sample, and allows the user to sustain the sample using
the loop points until the end of the MIDI event. Loop
points for each sample are determined using separation of
the amplitude envelope into individual bands, zero cross-
ings, and frequency estimation to predict appropriate
lengths of looped sections.

1. INTRODUCTION

Loopingaudio isa common practice used in sampling to
extend the duration of an audio sample with a repeating
period. Loopingcan be used to continue arhythmic section
within a sample, orwithin a periodic recording with a loop
of a smaller duration, to sustain a note within a sample.
Figure 1 contains an example of a periodic recording with
a section that can be looped to sustain the recording on
feedback. Various audio file types allow loop points to be
specified within the file to allow the loop to be followed
during playback. Sampling using loops is commonly used
with recordings of pitched instruments or synthesizer
patchestoallowthe userto playaversionof the instrument
without the actual instrument present [1].
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Figure 1. An example of arecordingwith a loopable re-
gion. On playback, the selected region can be looped be-
fore playing the end of the recording to extend the length
of the recording.
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Looping in sampling is best suited for instru-
ments pitched instruments without modulation. Effects
such as vibrato, tremolo, amplitude modulation, or filter
modulation are difficult to capture within a loop, as the
loop expectsa signal with similar periods. When sampling

instruments such as a synthesizer where these modulation
effects canbe adjusted, removingthe effects in the original
sound source, and applying them after sampling is recom-
mended [1].

This project was inspired by working with or-
chestral librariesin instrument samplers such as Kontakt,
which containpitchedrecordings of individual instruments
withloop points,allowingthe user to be hold notes for dif-
ferent durations than that which the samples were origi-
nally recorded. The goal for this project is to create a sam-
plerusingMaxMSPthat detectsa valid unidirectional loop
within a live recorded periodic sound, allowing the user to
playback the sound with a loop automatically without
manually specifying the bounds of the loop. This would
allowa performerto create improvised recordings liveand
play themback as an instrument, assumingthat the record-
ings come from a periodic source.

2. SAMPLING USING MAXMSP

This project isa sampler designed in MaxMSP, which rec-
ords audio input, and allows the user to play back the rec-
orded audio, pitch shifted using MIDI. Figure 2 contains a
diagram of the signal flow for this sampler. The sampler
uses two buffers,allowinguninterrupted playback of a pre-
vious sample while recording a new sample. At any given
time, one of the buffers is “active”, while the other is
armed for recording. The active buffer contains the sample
that is played back if the userinputsa MIDI event, the re-
cording buffer is recorded to if an audio event occurs.
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Figure 2. A diagram of the signal flow for this sampler.

Audio events are detected when the microphone
detectsa signal with an amplitude greater than 0.1. When
such an audio event is detected, the buffer that isarmed to
record starts recording.

To detect the end of an audio event, there is a
counter that increments every 80 milliseconds using the
metro object in MaxMSP. Every time a sample with an
amplitude greaterthan0.1 isdetected, the counter resets to
0. If the counter reaches 3, detecting that 160 ms have
passed withnoaudioinputgreaterthan0.1, the audioevent
is determined to be over, and the recording buffer stops



recording. When the recording stops, the recording buffer
and the active buffer are swapped, so the next recording
will record to what was previously the active buffer.

For playback, the sampler uses two MaxMSP
groove~ objects. The groove~ object allows for variable
playback speed on playback, allowing the user to shift the
pitch by changing the speed based on the midi note per-
formed, and the specification of loop points. The groove~
object thatis played on a MIDI event is dependent on the
buffer thatis considered active at the time. The speed used
for the audio signal in the groove~ object is determined by
the frequency associated with the MIDI event performed
in Hz, divided by 261.7, the frequency for middle C. The
resulting frequency is used as the value for a sig~ object
feeding into the active groove~ object. The performed
pitch corresponds to the pitch of the original recording,
shifted by the distance of the MIDI note to middle C. Mid-
dle C was chosen as the location to pitch shift around, ra-
ther than placing the recording on the key with its corre-
sponding frequency, so the recording at its original fre-
quency is always in an identifiable location, regardless of
whether the user knowsthe pitch of therecording . AMIDI
note-onevent sendsa loop 1 message to the groove~ ob-
ject, and a MIDI note-off event sends a loop 0 message,
allowing the sample to be looped for the duration of the
MIDI event, then to stop looping when the MIDI event
ends. The playback section is encapsulated within a
patcher accessed using the poly~ object, allowing multiple
notes to be performed at the same time.

Since recording does not start until a signal with
an amplitude above 0.1 is detected, the playback requires
afadeintopreventpopsand clicks due toasudden change
in amplitude. To account for this a midi on event triggers
a line~object, ramping from 0 to 1 over 20 milliseconds,
and multiplies this signal by the output of the groove~ ob-
ject.

3. LOOP POINT DETECTION

After a pitched audio eventis recorded to a buffer, its loop
points are detected. Valid loop points are based on the fol-
lowing criteria. Both the start and end points must be
within the decay or sustainregion of the amplitude enve-
lope, aftertheinitial attack. The firstand second loop point
must be spaced an integer multiple of one period apartto
prevent phase shifting at each repetition of the loop. Phase
shifting is problematic in a loop, as the looped section
would be repeated ata frequency unrelated than the funda-
mental. first and second loop points must also occur at
samples with equal amplitudes to prevent pops or clicks
from sudden changes in amplitude at each repetition [2].
The current implementation of this sampler assumes that
the audio event contains a relatively short attack, and a
long decay which does not change pitch, similar to a
plucked or bowed string, or a hammered piano.
Thefirstloop pointinthe sample must occur after
the initial attack. To find a suitable starting point located
after the initial attack, using JavaScript within MaxMSP,
the recording is splitinto non-overlapping windows with a

width of 400 samples. The max amplitude within each
window is compared, and the window with the greatest
amplitude is determined to contain the attack. The start of
the following window is determined to be a suitable spot
to start looking for loop points.

Zero crossings are detected starting from the first
sample in this second window, through the end of the re-
cording. Zero crossings are suitable candidates for loop
points, as they are locations within the period that are
known contain the same amplitude at each repetition, as
opposed to the peaks of a period which decay over time.
Loop points must also occur at points with similar slopes
to prevent pops or clicks due to sudden changes in slope
[2]. To account for this, only zero crossings with negative
slopes are detected. The first zero crossing following the
end of the attack window is determined as the first loop
point. The secondlooppointwillalso occur ataloop point,
but first the distance between loop points must be calcu-
lated.

4. FREQUENCY DETECTION

The second loop point is positioned at a zero crossing lo-
cated a distance of an integer multiplication of the period
of the fundamental frequency from the firstloop point. To
calculate the fundamental frequency, the sampler uses a
JavaScriptimplementation of the YIN algorithm proposed
in [3]. The YIN name derives fromthe yin and yang, al-
luding to the combination of autocorrelation with cancel-
lation at fundamental frequencies achieved through a dif-
ference equation. The YIN algorithm is chosen over pure
autocorrelation for detecting frequency as it is less prone
to errors whenworking with a periodic signal with chang-
ing amplitudes.

The YIN algorithm actssimilarly to the autocor-
relationmethod, by comparingthe signal to its shifted self,
usingvarious lagtimesto find the shift that yields a similar
signal in phase. The autocorrelation method comparesthe
values of the signal to a shifted signal directly by adding
the shifted signal to the original signal at the various lag
timesand searchingfor peaks. The autocorrelation method
ispronetoerrorsinasignal with imperfect periodicity due
to changing amplitude, as the changingamplitude values
between periods cause peaks to be less clear. To address
this, ratherthanusingdirect comparison of the original sig-
nal and the shifted signal, the YIN algorithm usesa cumu-
lative mean normalized difference function (1), where t
represents the firstsample within the recording, W repre-
sents the last sample, j represents the current sample being
read, and r representsthe length of the lag in samples be-
tween the original signal and the lagged signal. For each
lag value, the value is found by subtracting the lagged am-
plitude of the signal fromthe original amplitude of the sig-
nal and squaring the difference, minimizing the effect
caused by changing amplitudes.
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The result are values for each lagged time value
which approach zero at possible lags that correspondto the
fundamental frequency. This function minimizes the effect
of changes of amplitudes between periods that occur in au-
tocorrelation.

The YIN algorithm then implements a threshold
for the difference between the cumulative mean normal-
ized difference of the original signal and the lagged signal.
Errorswith choosinghigher-order peaksoccur canwithout
the threshold, causing the returned frequency to corre-
spond to a lower frequency or octave. The YIN algorithm
uses a threshold to choose the lag time associated with the
first difference local minimum below the threshold. If ho
local minimum below the threshold is found, the first lag
time is chosen. The frequency returned fromthe YIN al-
gorithm is the frequency associated with the lag time.

The JavaScriptimplementation of the YIN algo-
rithminthissamplerusesthe firstloop pointas the starting
of the signal in the algorithm and lags the shifted signal
between 1 and 1000 samples, which is sufficient the YIN
algorithm to detect most fundamental frequencies in com-
mon sample rates. Delaying the signal for the entire length
of the sample is inefficient for a periodic sample and can-
notbe run within MaxMSP fastenough to be usable forthe
intended purpose of creatingloop points foralive sampler.
Delaying the signal for the entire length of the sample is
also unnecessary, as assuming the sample is periodic for
the entire duration of the sample, at common sample rates
of 44.1 KHz and 48 KHz, 1000 samples is sufficient to
capture most frequencies within the range of human hear-
ing.

Using the frequency returned from the YIN algo-
rithm, the length of one period can be found dividing the
sample rate by the period. To find the second loop point,
an integer multiplication of the period length is added to
the sample indexofthe firstloop point,andthe closestzero
crossing is found. Both loop points have to be converted
into milliseconds to be used with the groove~ object in
MaxMSP. This can be achieved by dividing the sample in-
dex by the sample rate and multiplying by 1000.

5. CONCLUSION

In this project I have described a method for detecting loop
regions in periodic samples using frequency estimation.
Within the sampler describedin this paper, thiscan beused
in a live performance to record sustained textures and play
themas an instrument in multiple pitches. This method of
loop detection using frequency estimationcan alsobe used
outside of this project to simplify the process of selecting
loops in periodic audio recordings, if the frequency of the
original recording is unknown.

6. FURTHER DEVELOPMENT

This sampler is currently best suited for periodic sounds
with short attacks like a plucked or bowed string or ham-
mered piano. The audio input is assumed to have a short
attack, with the periodic loop occurring after the attack. If

the peak of the amplitude is towards the end of the rec-
ordedaudio, therange toselect loop points fromis limited.
Further development of this sampler would involve ampli-
tude analysis of the entire sample to find sections thatare
periodic while minimizingthe changes inamplitudes at the
peak of each period.

This sampler also assumes that the audio signal
that it receives as input is a periodic signal. The YIN algo-
rithm that the sampler uses for frequency detection does
not have a way of detecting whether a signal is entirely
aperiodic,asitchoosesthe firstdifference value withadip
if there are no dips in difference values witha dip below
the threshold. In the case of a percussive signalsuch as a
drumwhich is aperiodic, the sampler still attempts to find
a fundamental frequency and loop points which do not ex-
ist.

Currently the sampler usesthe YIN algorithmto
calculate the frequency and period length of the periodic
signal proposed in [3]. The YIN algorithm selects a prob-
able frequency based on a static threshold and outputs a
single fundamental frequency estimation, which can result
in errors in pitch estimation if the threshold is set incor-
rectly. The pYIN algorithm described in [4] assigns prob-
abilities to multiple fundamental pitch candidates and uses
a Hidden Markov Model to determine which candidate is
most likely the correct pitch. A Hidden Markov Model se-
lects a singular value froma list of probable values with
associated probabilities based on previously selected val-
ues. In a recording where pitch changes over time, and
multiple frames are used to track frequency changes, the
pYIN algorithm is more effective than the pure YIN algo-
rithm, as it prevents octave errors by using previous the
frequencies calculated in previous frames to informthe se-
lection of the current frequency. In this case, where the re-
cordingis assumed to be periodic and we are only calcu-
lating one frequency for the entire recording, this is not
necessary as there are no previous frames to use to infera
currentframe. However, if we were to expand this project
to accommodate recordings that are not periodic for the
entire duration, but have sections within the recording that
are periodic, the pYIN algorithm would be more effective
than the pure YIN algorithm.



REFERENCES

[1]

[2]

(3]

[4]

C. Meyer and B. Aspromonte, “The art of looping
(music technology, Dec 1987),” Music Technology,
https:/vww.muzines.co.uk/articles/the-art-of-loop-
ing/2146 (accessed Apr. 8, 2024).

C. Meyer, “The art of looping (music technology, Feb
1988),” Music Technology, https://www.muz-
ines.co.uk/articles/the-art-of-looping/2246 (accessed
Apr. 8,2024).

A. de Cheveigné and H. Kawahara, “Yin, a funda-
mental frequency estimator for speech and music,”
The Journal of the Acoustical Society of America,
vol. 111, no. 4, pp. 1917-1930, Apr. 2002.
doi:10.1121/1.1458024

M. Mauch and S. Dixon, "PYIN: A fundamental fre-
quency estimator using probabilistic threshold distri-
butions," 2014 IEEE International Conference on
Acoustics, Speechand Signal Processing (ICASSP),
Florence, Italy, 2014, pp. 659-663, doi:
10.1109/ICASSP.2014.6853678.



