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FUNKMEISTER 7 

ABSTRACT 
The Funkmeister7 project is about the creation of a voice controlled , digital drum synthesizer that 

is triggered by the input  from a standardised microphone. The output sound can be  altered with a 

tactile sensor that we have create d ourselves. The core of the project is the analysis of the human 

voice simulating drum sounds, in order to extract the needed information to trigger the drum 

synthesizer we have built.  

 

The voice input from the microphone is analysed in order to find the  attack characteristics of a 

percussive sound  and the frequency characteristics of a bass drum and a snare drum , 

respectively . The result of this analysis is used to trigger a drum synthesizer, which we built in 

Max/MSP.  

 

The drum synthesizer uses elements that simulate the sound of vintage drum synthesizers. These 

are the combination of frequency swept sinusoidal waves, noise, noise with band - passed filter, 

additive synthesis and amplitude envelopes.  

 

The tactile sensor, used to alter the parameters of o utput sound from the drum synthesizer, 

consists of a voltage divider switching network and a potentiometer, connected to a 

microprocessor.  

 

After the design and implementation of the system we subject it to user tests, and draw 

conclusions based on these.  
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INTRODUCTION 
Have you ever come up with a catchy tune or a cool drum beat and found yourself humming or  

¹nqm¡- n{¥uzsº1 it with your mouth? Have you been unable to put it to any good use, because of 

lack of musical knowledge? Imagine if there was a system that could take the humming/beat -

boxing straight from your mouth and turn it into actual music, without forcing you  to learn how to 

play an instrument or learn any musical theory. This is the entry point to this project ¼ to make the 

process of music making much more straightforward and intuitive. 

 

 

 
Figure 1 -  Roland TR- 909 

 

The basic idea for this project is to create a software- based drum machine  system, inspired by 

the classic vintage on es like the Roland TR- 9092 (see Figure 1)8,¡tm¡,¡tq,¢ q~,u ,mnxq,¡{,¹|xm¦º,¤ u¡t,

his mouth. The drum machine will play different kinds of synthesized, percussive sounds, based 

on what kind of microphone input it is getting from the user.  I.e. if the user tries to imitate a bass 

drum sound with his mouth, the system should recognize this and play an actual , synthesized 

bass drum sound . In addition to triggering the drum sounds, the user should also be able to 

manipulate these sounds with his feet, via a controller unit placed on the floor. All this should be 

linked together in a  simple Graphical User Interface. 

With this system the user will be able to create a new range of sounds compared to what is 

possible with just  the mouth alone. 

 

                                         
1 Definition of Beat- boxing: http://en.wikipedia.org/wiki/Beatboxing   
2 More info about TR- 909: http://www.synthtopia.com/synth_review/RolandTR- 909.html  

http://en.wikipedia.org/wiki/Beatboxing
http://www.synthtopia.com/synth_review/RolandTR-909.html
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Figure 2 shows the initial sketch of the idea.  

 

 
Figure 2 -  Initial sketch of the idea  

 

 

PROBLEM DEFINITION 
 

¶ How can we analyze voice- to- drum simulated sounds , inputted through a microphone, 

and identify the different drum types?  

 

¶ How do we create a synthetic set of drum sounds, which resemble the sounds from the 

vintage drum machines, and can be triggered in synchronization with the identified 

sounds from the voice - to- drum input? 

 

¶ How do we create  a tactile3 sensor that resembles a floorboard, and can manipulate the 

parameters of the synthetically created drum sounds? 

 

 

 

                                         
3 Tactile: Perceptible to the sense of touch; tangible.  
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Delimitations 
We have decided that the main focus of this project is the sound analysis and sound synt hesis, 

and therefore we are not going to build the tactile sensor as a floor board controller , as we 

imagine it to be in the final version of the system. Instead we are going to build a smaller tactile 

sensor that resembles the structure we had in mind for  the final version, and which can be 

controlled by hand. The reason for this is that we simply do not have enough time and resources 

to produce the floor board at the current time.  

 

We will not build our own microphone, as the standardized ones that are av ailable to us suit our 

needs in a sufficient way. 

 

Furthermore, this prototype  version of the system will only detect and play two different kinds of 

drums: bass drum and snare drum. This, again, is a mat ter of time and resources. These two 

drums have been  chosen, since they are the two most fundamental drum types in most musical 

genres. 

 

 

Success Criteria 
In order to be able to determine whether our system has been a success or not , later in the 

process (see page 70), we need to define some criteria to set a requirement for success: 

 

¶ The system should nq,mnxq,¡{,¤ {~w,uz,̧|q~oqu£qp,~qmx- ¡uy q ,̧uz,{~pq~,¡{,nq,¢ mnxq,uz,m,

musical context . I.e. the user should perceive the triggering and playback of the 

synthesized drum sound , based on the voice- to- drum input, as happening 

instantaneously (see ¹Real- timeº,otm|¡q~,{z,|msq 35 for more details). 

 

¶ Most people should be able to learn to use the system within a reasonable period of time 

(approx. 10 - 15 min) in order to make sure that our system is straightforward and intuitive 

to use. 
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RESEARCH AND THEORY 
Since we have narrowed the project down to be focused mainly on sound analysis and ¼

synthesis, we are now going to look at some of the basic theory behind these.  The purpose is to 

provide a better understanding for the choices we make later in the process.  

 

We are going to look at the basics of sound, digital representation of sound, filters  and effect , and 

sound synthesis. We are also going to look at some basic theories behind the concept of 

¹y m||uzsº8,uz,{~pq~,¡{,sq¡,m,nq¡¡q~,upqm,{r,t{¤ ,¡{,map the input from the tactile sensor and the 

sound input from the microphone  to the synthesized output sounds.  

 

The theory behind the tactile sensor can be found in Appendix 1  -  Sensor Theory, on page 84. 

 

 

Sound Theory 
In this chapter we explain some of the fundamentals of sound in general and how sound can be 

represented in digital form . Then we describe  some of the filters and effects that can be applied 

to sound, and then lastly we explain how basic sound synthesis works.   

 

The Basics of Sound4 
The sound we hear is basically change in air pressure. When an object moves it will set the air 

molecules near it in motion and the air molecules next to these  molecules in motion, and so on. 

When this motion reaches our ears, it will be perceived as sound.  

 

 

 

 

 

 

 

 

                                         

4 Sources for this chapter:  

-  ºY _\,̀ ¢¡{~umx ,mzp,̀ {|uo º8,|msq ,=?- 19,  by Cycling74 -  http://www.synthesisters.com/download/MSP45TutorialsAndTopics.pdf    

-  ºP usu¡mx,M ¢pu{,-  uz¡~{p¢o¡u{z,¡{,¡tq{~¦º,-  http://www.chienworks.com/webinfo/digaudio/  

-  ºM\,>,¼ xqo¡¢~q,=º, xupq ,n¦,_¡qrmzum,_q~mruz,-  http://www.media.aau.dk/ap2/lecture1ap2.pdf   

http://www.synthesisters.com/download/MSP45TutorialsAndTopics.pdf
http://www.chienworks.com/webinfo/digaudio/
http://www.media.aau.dk/ap2/lecture1ap2.pdf
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Sound can be represented as a graph of air pressure over time (see Figure 3). 

 

 

Figure 3 -  Graph of air pressure over time  

 

 

The amplitude of a sound is the  amount of change in air pressure, measured in decibel  (dB). In 

general, the higher the amplitude is, the higher the perceived loudness of the sound will be.  

The amplitude envelope  of a sound refers to the shape of the overall change in amplitude over the 

course of its duration (see Figure 4).  

 

 

 
Figure 4 -  Amplitude envelope  

 

 

The attack part of the amplitude envelope is the range from where the sound starts until it reaches 

its peak amplitude. Decay is where the amplitude falls to the sustain part of the sound. At the 

sustain part the amplitude roughly keeps the same level, until it reaches the release part, where 

the amplitude drops to its final level. These concepts are used in correlation with sound synthesis 

(see ºSound Synthesisº,{z,|msq,20). 
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The frequency of a sound wave is the amount of cycles per second, measured in hertz (Hz) (see 

Figure 3 on page 10). The higher the frequency is, the higher the perceived pitch of the sound will 

be. The audible frequency range for a human is approximately 20 -  20,000 Hz. 

 

Most sounds contain more than just a single frequency. These are called complex tones . The 

spectrum of a sound is the combination of all the frequencies, and their amplitudes, the sound 

consists of. Figure 5 and Figure 6 below show the spectrum of the sound of a snare drum, in the 

time domain (amplitude over time) and the frequency domain (amplitude over frequency) ,  

respectively.  

 

 

 

 
Figure 5 -  time domain of a snare drum sound  

 

 
Figure 6 -  frequency domain of  a snare drum sound  

 

 

 

Each individual frequency of a complex tone is called a partial. When these partials are all integer 

multiples of the same frequency, the sound has a harmonic spectrum . These harmonic sounds 

are usually perceived as having a single pitch, and are used for cr eating music, for example. The 

partials of an inharmonic sound, on the other hand, are not all integer multiples of a fundamental 

frequency, and thus they do not blend together in a single perceived pitch as easily as with the 

harmonic ones. When we perceive noise, the sound consists of a lot of different frequencies with 

no apparent mathematical relationship.  
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Digital Representation of Sound5 
The basic concept of digital sound consists of taking a lot of snapshots of the amplitude  values of 

the sound, saving those values as numbers, and then reproducing the amplitude based on these.  

 

Figure 7 shows the process of converting an analogue sound signal into digital information and 

then playing it back.  

 

 
Figure 7 -  Digital recording and playback  6 

 

 

From the source, the sound goes into a microphone. The microphone converts the change in air 

pressure into change in electrical voltage. To limit the amount of information that needs to be 

processed, this change in voltage is only recorded at a certain periodic interval, in a process 

called sample and hold . Basically, the voltage value is recorded and then kept at that value until 

the next periodic sample is received (see  Figure 8). The amount of samples taken per second is 

called the sampling rate , and it is measured in Hertz (Hz).  

 

 

                                         
5 `tq, {¢~oq,r{~,¡tu ,otm|¡q~,u F,ºY _\,̀ ¢¡{~umx ,mzp,̀ {|uo º8,|msq ,>=- 28, by Cycling74     

   http://www.synthesisters.com/ download/MSP45TutorialsAndTopics.pdf    
6 _{¢~oqF,ºY _\,̀ ¢¡{~umx ,mzp,̀ {|uo º8,|msq,>?8,n¦,O ¦oxuzsC@ 

   http://www.synthesisters.com/download/MSP45TutorialsAndTopics.pdf    

http://www.synthesisters.com/download/MSP45TutorialsAndTopics.pdf
http://www.synthesisters.com/download/MSP45TutorialsAndTopics.pdf
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Figure 8 -  voltage signal sampled periodically 7 (amplitude over time)  

 

To represent a sound accurat ely, the computer needs to take many samples per second . The 

Nyquist Theorem 8 states that a computer can only accurately represent frequencies that are half 

or less than half of the value of the sampling rate. I.e . to accurately sample frequencies up to t he 

20,000 Hz a human can perceive, we would need to use a sampling rate of at least 40,000 Hz. 

This is why the signal is sent through a low- pass filter before the sample and hold process , to 

remove any frequencies above half the sample rate, in order to av oid that those frequencies 

create noise in the signal (see page 14 for more information on filters). 

 

From the sample and hold process, the sampled voltage values then go into a device called 

Analogue- to- Digital Converter (ADC). Here the voltages are being converted into a string of 

binary digits, in a process called quantization. The higher the resolution of the quantization is, the 

more values can be assigned to the amplitude range of the sound, and thus more precisely the 

sound can be stored digitally. I.e . a resolution of 8 bits allows the amplitude range to be divided 

into 256 steps (28), 16 bits allows 65,536 steps  (216), and so on. If the incoming signal is higher 

than the maximum quantized amplitude that can be expressed  with numbers, the phenomenon 

clipping occurs. Clipping causes the sound to be cut off, and become more or less distorted (see 

Figure 9 below). 

 
Figure 9 -  Clipping of a signal 9 

 
                                         
7 _{¢~oqF,ºY _\,̀ ¢¡{~umx ,mzp,̀ {|uo º8,|msq,>>8,n¦,O ¦oxuzsC@,-  http://www.synthesisters.com/download/MSP45TutorialsAndTopics.pdf    
8 _{¢~oqF,ºY _\,̀ ¢¡{~umx ,mzp,̀ {|uo º8,|msq,>?, by Cycling74 -  http://www.synthesisters.com/download/MSP45TutorialsAndTopics.pdf    
9 _{¢~oqF,ºY _\,̀ ¢¡{~umx ,mzp,̀ {|uo º8,|msq,>C8,n¦,O ¦oxuzsC@,-  http://www.synthesisters.com/download/MSP45TutorialsAndTopics.pdf    

http://www.synthesisters.com/download/MSP45TutorialsAndTopics.pdf
http://www.synthesisters.com/download/MSP45TutorialsAndTopics.pdf
http://www.synthesisters.com/download/MSP45TutorialsAndTopics.pdf
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After the quantization step, the data is stored on the computer. It takes about 10 MB of memory 

space to store one minute of audio data in compact disc quality (44,100 Hz, 16 bit, stereo).  

 

When the audio needs to be played back again, it first goes through a Digital- To- Analogue 

Converter (DAC), which transforms the strings of stored binary digits into a continuous stream of 

voltage. The signal then goes through a low - pass filter, to filter out any potential high - frequency 

noise created by the sample and hold proces s, before it is amplified and sent through a speaker.  

 

 

Filters and Effects10 

A filter is used to change the characteristics of a sound, by shaping the spectrum of the signal. It 

does not change the frequency of a signal, only the amplitude and phase  (placement in time). 

When describing the characteristics of a filter, you apply a sine wave to the input, and measure 

the differences in the output. The characteristics of the filtered sine wave are called frequency 

response. The frequency response consists of amplitude response  and phase response . Both 

amplitude response and phase response varies with frequency.  Amplitude response is the ratio 

between the amplitude of the input sine wave, compared to the amplitude of the output sine wave. 

You can normally tell which filter is being used by the shape of its amplitude response. The phase 

response describes the phase change of the input compared to the output.  

 

Low- pass filter 

A low- pass filter only allows frequencies below its cut - off frequency point (f c) to pass. 

Frequencies above this point are removed. However, the filter cannot abruptly cut off the 

frequencies, and therefore, there will always be a smooth transition between the frequencies that 

are kept (passband ), and the frequencies that are thrown away ( stopband). Because of this 

transition it can be difficult to specify where the cut- off frequency  is, but normally it is defined as 

the point where the signal has dropped - 3 dB compared to its maximum dB (see  Figure 10 

below). 

 

 

 

                                         
10 Source for this chapter F,¹O {y |¢¡q~,Y ¢ uoº, pages 171- 174. 
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Figure 10 -  Amplitude response of a low - pass and a high - pass filter 

 

 

High- pass filter 
A high- pass filter does the opposite of a low - pass filter. It discards the low frequencies and 

keeps the high frequencies ( see Figure 10).  

 

Band- pass filter 
A band- pass filter is a combination of a low- pass and a high - pass filter. It discards both low 

and high frequencies with a pass- band in between. It has a centre frequency (f 0) which is the 

centre of the pass- band, and a bandwidth (BW). The bandwidth is defined by a lower cut - off 

frequency (f l) and an upper cut - off frequency (f u) (see Figure 11 below). The response of a 

band- pass filter can often be describe as either sharp or broad, depending on the bandwidth .   

 

 
Figure 11 -  Amplitude response of a band - pass and a band - reject filter 
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Band- reject filter 

The band- reject filter has the opposite amplitude response of a band - pass filter. It rejects a 

band of frequencies and passes the rest ( see Figure 11, above). It is defined by a centre 

frequency and a bandwidth like the band - pass filter.  

 

Delay 
A delay is created by changing the phas e of the signal as it passes through the filter (phase 

response). It is a simple, but very useful effect. The most basic type of delay is shown in  Figure 

12. The input signal is played immediately , and after a certain delay time (t), the delayed signal 

will be played. The delayed signal is multiplied with an amplitude factor ( g) (amplitude response ), 

which would normally be below 1, since it otherwise would be louder than the original signal.  

 
Figure 12 -  Diagram of a basic delay  

 

If the delay time is short it is called a slapback  delay (approx. 40 - 120ms), otherwise it is called an 

echo11. 

 

Comb filter 
Comb filters are used together with all- pass filters (see below) to create reverberation 12 (see 

¹Reverberationº section on page 18). 

The comb filter works by sending the signal through a delay. The delayed signal  is fed back to the 

input, after being multiplied by an amplitu de factor (g). The amount of time the signal uses to go 

through this loop is determined by the loop time (t) (see Figure 13). The amplitude factor (g) must 

be between 0 and 1, not including 1, so that the signal wi ll get lower for each loop. The closer g 

gets to 1 the more extreme the reverberation will sound 13. 

 

                                         
11 Source: http://www.harmony- central.com/Effects/Articles/Delay/   
12  Source: http://www.harmony- central.com/Effects/Articles/Reverb/   
13  _{¢~oqF,¹O {y |¢¡q~,Y ¢ uoº, page 296  

http://www.harmony-central.com/Effects/Articles/Delay/
http://www.harmony-central.com/Effects/Articles/Reverb/
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Figure 13 -  Comb filter 

 

All- pass filter 

All- pass filters are used either alone or together with comb filters to create reverbera tion (see 

Reverberation section on page 18). 

The all- pass filter is similar to a comb filter, but a bit more advanced. Again we have a loop time 

(t) and the amplitude factor (g) which must be less than 1 (see Figure 14). 

 

 
Figure 14 -  All- pass filter 

 

In an all- pass filter there is, unlike the comb filter, no delay between the input and output. The first 

output, or impu lse response, will therefore be:  

1*- g = - g 

 

The next impulse response will be:  

(1*g)*- g+1 = 1 - g 2 

 

And the impulse response after will be:  

(g*g)*- g +g = g*(1- g2) 

¯ mzp, {,{z14 (see Figure 15) 

                                         
14 Source: ¹O {y |¢¡q~,Y ¢ uoº,|msq,>EC 
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Figure 15 -  The impulse response of an all - pass filter 

 

 

Reverberation 
Reverberation (reverb) is the result of sound reflected off surfaces. It is  similar to multiple echoes 

and yet it is not. Imagine that you stand in a room. In the other end of th e room someone hits a 

drum. The first sound you will hear is the sound wave that has travelled directly from the drum to 

you. But a few milliseconds later , the same sound will hit you again, but this time the sound wave 

has not travelled directly, but inst ead it has been reflected off the walls, floor and/or ceiling (see  

Figure 16). `tu ,¤ uxx,o{z¡uz¢q,¢z¡ux,¡tq, {¢zp,¹puq º:,Q£q~¦,¡uy q,¡tq, {¢zp,~qrxqo¡ ,{rr,m, ¢~rmoq,u¡,

looses some of its energy (amplitude). The amount of energy it looses depends on the surface. 

E.g. hard, solid surfaces , such as marble , absorb very little energy, whereas soft materials , such 

as curtains, absorb the energy very well. The water vapour in the air is also contributing to the 

loss of energy. Other factors that influence the amount of reverb are the size and shape of the 

environment15.  

 

                                         
15 _{¢~oqF,¹O {y |¢¡q~,Y ¢ uoº, page 289. 
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Figure 16 -  Sound is reflected off the different surfaces  

 

Humans do not perceive all the reflected sounds as independent sound s, because these hit the 

listeners within a few milliseconds. But we can hear the effect of the reverb. If you could 

distinguish between the sounds it would be like echoes 16. 

 

When creating a digital reverb , a series of delays are not enough. There are more factors than just 

the delays that influence the effect. These are: Early and late reflections and reverberation time17. 

 

The early reflections are the first reflected sound waves that reach the listener. Their amplitudes 

are almost as high as the sound wave travelling directly to the listener. There is quite a big gap 

between the arrivals of these early reflections (see  Figure 17). 

 

The late reflections reach the listener after the early reflections. They arrive muc h closer to each 

others and with a more random interval between them.  

The amplitude of the reflections gets lower as time goes, since these reflections will have travelled 

farther and have reflected off surfaces more times than the previous ones. However,  if you look at 

a small section of the spectrum, this will vary a little ( see Figure 17). 

 

The reverberation time is how long time it takes for the sound to die away to 1/1000 th of its original 

amplitude 18. This depends on the size, shape, and surfaces of the environment as explained 

earlier.  

 

                                         
16 Source: http://www.harmony- central.com/Effects/Articles/Reverb/  
17 Source: http://www.harmony- central.com/Effects/Articles/Reverb/  
18 _{¢~oqF,¹O {y |¢¡q~,Y ¢ uoº, page 290  

http://www.harmony-central.com/Effects/Articles/Reverb/
http://www.harmony-central.com/Effects/Articles/Reverb/
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Figure 17 shows a graphical representation of a rever b. Each of the lines represents  the same 

piece of the sound when it hits the lis tener. The height shows the amplitude of the sound when it 

reaches the listener. 

 

 
Figure 1719 -  Showing the sound decay over time  

 

 

 

Sound Synthesis 
As we mentioned earlier, digital sound is basically string s of binary digits  that hold the amplitude 

information of a sound. We have explained how these numbers can be created from real - life 

sounds through a microphone  and analogue- to- digital conversion  (see ¹Digital Representation 

of Soundº chapter on page 12). 

 

The basic concept of  digital  sound synthesis is to create these numbers directly on the computer, 

without actually having a real - life sound as the source.  In this chapter we will explain some of the 

basic concepts behind sound synthesis.  

 

Oscillators 
The oscillator is fundamental to almost all computer synthesis units, and  produces a periodic 

waveform. You can set the frequency and amplitude of the waveform . 

The output of the oscillator is a sequence of samples which forms a digital signal represent ing the 

waveform.  

 

                                         
19 Image taken from http://www.harmony- central.com/Effects/Art icles/Reverb/  

http://www.harmony-central.com/Effects/Articles/Reverb/


Funkmeister7 -  Group 405 -  Aalborg University Copenhagen -  Medialogy, 4 th semester ¼ spring 2005 

  

  Page 21 of 98 

The spectrum of an oscillator that produces periodic waveforms with well - defined spectral 

components is called a discrete spectrum . The opposite is a disturbed spectrum , which covers all 

frequencies. An oscillator that produces such a s pectrum is called a noise oscillator. 

Noise is sound with an extremely rich spectrum. A signal covering all frequencies is called white 

noise, but also other types of noise exist. It is made by creating a random frequency at each 

sample.20 

 

ADSR envelopes  
Amplitude envelopes  are used to create an amplitude sequence, instead of using fixed 

amplitude. This is done to create a more natural sound. No natural sounds have constant 

amplitude. In connection with synthesis of musical  sounds, the term ADSR envelope is used to 

create more realistic envelopes.  

ADSR envelopes consist of 4 phases: Attack, Decay, Sustain, and Release (see ¹Figure 4 -  

Amplitude envelope º,and further description on  page 10). Percussive instruments have a very 

short attack, whereas instruments such as pipe organ or tuba have a longer attack 21.   

 

Synthesis techniques  
Throughout time several synthesis techniques have been invented. Each of them has its own 

qualities and can be used with different purposes. In this chapter we look at two techniques; 

additive synthesis and subtractive synthesis. This is due to the fact that synthetic drum sounds 

traditionally were made with these techniques. 22 

 

Additive synthesis  

Additive syn thesis is based on the idea that complex tones can be created by the summation, or 

addition, of simpler ones.  

 

Basically, additive synthesis starts from scratch and adds sinusoids together, until the desired 

sound is achieved.  

 

                                         
20 _{¢~oqF,¹O {y |¢¡q~,Y ¢ uoº, page 75- 78 + 95- 98. 
21 _{¢~oqF,¹O {y |¢¡q~,Y ¢ uoº8,|msq,D@: 
22 Sources: http://www.soundonsound.com/sos/apr02/articles/synthsecrets0 402.asp and   

   http://www.soundonsound.com/sos/feb02/articles/synthsecrets0202.asp   

http://www.soundonsound.com/sos/apr02/articles/synthsecrets0402.asp
http://www.soundonsound.com/sos/feb02/articles/synthsecrets0202.asp
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¹S u£qz,qz{¢st,{ ouxxm¡{~ 8 any set of spectral components can be synthesized,  

mzp, {,£u~¡¢mxx¦,mz¦, {¢zp,omz,nq,sqzq~m¡qp:º23 

 

With additive synthesis you have good sound control, but in order to get a very complex sound 

you will need many sound generators, which demands a lot of da ta. 

 

In its most basic form, additive synthesis is the addition of two sinusoids. Two sinusoids can be 

added to create a more complex sound.  

 

A sinusoid can be defined mathematically this way:  

 

ɉ (t) = Asin(2ʣ ft + ū ) 

 

A is the amplitude (always positive, by  convention) 

f is the frequency  

ū  is the starting phase  

 

Example of adding two sinuso ids with the frequencies of 500Hz and 328Hz : 

 

ɉ (t) = sin(2ʣ500t + ū ) + sin(2ʣ328t + ū ) 

 

Subtractive synthesis 

The opposite technique of additive synthesis is subtractive synthesis. Subtractive synthesis has 

all frequencies as the starting point.  Such signals, covering all frequencies, are called white noise. 

From these signals, you filter out the unwanted frequencies, using filters like low - pass, high-

pass, or band pass - filters (see chapter ¹Filters and Effectsº on page 14 for details). With this 

technique it is easier to create more complex sounds, but it is rather difficult to filter out unwanted 

frequencies very precisely.  

 

 

 

 

                                         
23 _{¢~oqF,¹O {y |¢¡q~,Y ¢ uoº, page 88.  
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ANALYSIS AND DISCUSSION 
With basis in the theory chapter, we will now discuss the choices we make for the system we are 

going to create. The areas we will cover in this chapter are Percussive Sound Characteristics , 

Short Analysis of DrumSynth 2, Electronic Sensor Interfacing , Mapping , and Real- time. 

 

 

Percussive Sound Characteristics 
In this chapter we look at the characteristics of a percussive sound , in order to get a better 

understanding of the parameters we need to be aware of, when detecting voice- to- drum 

simulated sounds and creating our own synthetic drum sounds.  

 

º̀ tq~q,m~q,¡¤ {,wq¦,qxqy qz¡ ,uz percussive sounds, the amplitude envelope shape  and the 

frequency content. The amplitude envelope usually has a sharp attack followed  by a slow 

exponential decay. In the frequency content of the sound usually consists of  non- integer 

harmonics or noise, with little or no pitch. There are also often many frequencies at the beginning 

{r,m, {¢zp,rmpuzs,uz¡{,{zx¦,m,rq¤ ,r~q}¢qzouq ,m¡,¡tq,qzp:º24 

 

 

 

Amplitude Envelope 
As the quote above states, a key characteristic of a percussive sound is the rapid attack (see 

page 21 for more on amplitude envelopes and attacks). Figure 18 below shows the amplitude 

envelope of a typical snare drum (top) and of a  typical  bass drum (bottom), and supports the 

statement about a rapid attack.  Because of this, one of the key elements we have chosen to use 

in our system, when it comes to detecting drum sounds, is the attack.   

 

 

 

                                         
24 _{¢~oqF,º\q~o¢  u{z,_¦z¡tq u º,n¦,_¡q|tqz,P uxl -  http://ccrma - www.stanford.edu/~sdill/220A - project/drums.html  

http://ccrma-www.stanford.edu/~sdill/220A-project/drums.html
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Figure 18 -  Snare drum (top) and bass drum  (bottom), amplitude over time 

 

 

Voice- to- drum Frequency Analysis 
M ,¤ q,r{¢zp,{¢¡,uz,¹The Basics of Soundº,otm|¡q~,{z,|msq,9, a good way to distinguish between 

sounds is by frequency. Furthermore, the quote on page 23 also states that frequency is a key 

element of a drum sound.  Because of this, we have chosen to look further into using frequency as  

another key element in our system, when it comes to detecting and distinguishing drum sounds. 

 

The purpose of this chapter is to f ind the frequency bands where voice- to- drum simulated bass 

drum sounds and voice- to- drum simulated snare drum sound s, respectively, typically have their 

main amplitude peaks. We want to find out whether we can use these f requency bands to 

distinguish between bass drum and snare drum sounds, when we build our system. To find the 

frequency bands, we use statistics.  

 

We record a set of 18 bass drum sounds and 18 snare drum sounds, done by three different 

people with two diffe rent microphones ¼ a cheap Labtec microphone and a more expensive 

Shure microphone ¼ on a low latency FireWire soundcard (see ¹Appendix 2 -  Sound Hardware 

Specificationsº8,{z,|msq,89 for technical details on hardware).  We look at the frequency spectrum 

of each sound and find the frequency value of the main amplitude peak of each of them. We then 



Funkmeister7 -  Group 405 -  Aalborg University Copenhagen -  Medialogy, 4 th semester ¼ spring 2005 

  

  Page 25 of 98 

calculate the mean frequency value and the standard deviation 25 based on these peaks, in orde r 

to find the interesting frequency bands in a scientific way.  

 

Bass Drum Frequency Calculation 
Figure 19 shows the frequency spectrum of a typical voice- to- drum simulated bass drum sound. 

It has a lot of activity in the lower end of the frequency scale, at around 100 - 400Hz, and not much 

activity in the higher end of the scale.  

 

 

 

 
Figure 19 -  Frequency Spectrum for a voice- to- drum simulated bass drum sound  

 

 

 

¹Appendix 3 ¼ Bass and Snare drum peak frequencies of recorded voice - to- drum samplesº,{z,

page 90 contains a table of the frequency values for the amplitude peak of each of the 18 bass 

drum sounds we recorded. We use these values to find the mean and the standard deviation, in 

order to get a more precise frequency band.  

 

Mean: 
n

sfrequencie  sampled of sum
  = 238 

 

Where n is the number of sampled frequencies.  

                                         
25 O mxo¢xm¡u{z ,m~q,nm qp,{z,̀ t{y m ,Y {q x¢zp  ̧, xupq ,mn{¢¡, ¡m¡u ¡uo ,      

http://www.cvmt.dk/education/teaching/e04/MED3/AP/ap17+18.ppt  ¼ pages 9- 12 

 

http://www.cvmt.dk/education/teaching/e04/MED3/AP/ap17+18.ppt
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Variance: [(Fbd1 -  Fmean)
2 + (Fbd2 -  Fmean)

2 7 ,̄ ,7,4Rn -  Fmean)
 2] / n =  5649.2222 

 

c tq~q,ºRnº;º,Rbdx¹,u ,¡tq,r~q}¢qzo¦,|qmw,£mx¢q,{r,¡tq,o{~~q |{zpuzs,nm  ,p~¢y , {¢zp8,ºRmeanº,u ,

the mean frequency value of all ¡tq, {¢zp ,mzp,ºzº,u ,¡tq,z¢y nq~,{r, my |xqp,r~q}¢qzo¦,|qmw : 

 

 

Standard Deviation = ů  = Variance  = 75.1613 

 

 

To cover 95.44% of the sampled bass drum frequency peak values, we multiply the Standard 

Deviation by 2: 

 

2ů  = 150.3226 

 

Snare Drum Frequency Calculation 

Figure 20 shows the frequency spectrum of a typical voice- to- drum simulated snare drum 

sound. It has its main activity in the higher end of the frequ ency scale, at around 2000 - 4000Hz, 

but also significant activity in the lower end of the scale, at around 100 - 400Hz. 

 

 

 
Figure 20 -  Frequency Spectrum for a voice- to- drum simulated snare drum sound  
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Since we have already covered the lower end of the frequency scale and calculated a frequency 

band based on the sampled values, when we did the bass drum calc ulation, we are going to 

concentrate the snare drum calculation on the higher end of the frequency scale.  

 

¹Appendix 3 ¼ Bass and Snare drum peak frequencies of recorded voice - to- drum samplesº,{z,

page 90 contains the frequency values for the amplitude peak  of each of the 18 recorded snare 

drum sounds. These peaks are not necessarily the highest ones, overall, but they are the highest 

ones in the higher end of the frequency scale. I. e. we disregard any peaks that occur in the lower 

frequency range, at around 100 - 400Hz, since this range has already been covered.  

 

We use the sampled values to find the mean and the standard deviation, in order to get a more 

precise frequency band:  

 

 

Mean: 
n

sfrequencie sampled of sum
  = 2847 

 

Where n is the number of sampled frequencies  

 

 

Variance: [(Fsd1 -  Fmean)
2 + (Fsd2 -  Fmean)

2 7 ,̄ ,7,4Rn -  Fmean)
 2] / n =  174916.6111 

 

 

c tq~q,ºRnº;º,Rsdx¹,u ,¡tq,r~q}¢qzo¦,|qmw,£mx¢q,{r,¡tq,o{~~q |{zpuzs, zm~q,p~¢y , {¢zp8,ºRmeanº,u ,

the mean frequency value of all ¡tq, {¢zp ,mzp,ºzº,u ,¡tq,z¢y nq~,{r, my |xqp,r~q}¢qzo¦,|qmw : 

 

 

Standard Deviation = ů  = Variance  = 418.2303 

 

 

To cover 95.44% of the sampled snare drum frequency peak values, we multiply the Standard 

Deviation by 2: 

 

2ů  = 836.4607 
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Conclusion of Percussive Sound Characteristics 
In the first part of the chapter we concluded that an important element of a drum sound is a rapid 

attack. This is something we need to keep in mind both when it comes to detecti ng voice - to-

drum simulated sounds, and also when it comes to creating our own synthetic drum sounds.  

 

Furthermore, we found out that frequency is another important part of a drum sound, so we  

analyzed some recorded voice - to- drum simulated sounds. The results show that frequency is a 

parameter we can use to distinguish between a voice - to- drum simulated bass drum sound and 

a voice- to- drum simulated snare drum sound. We have found the following interesting frequency 

bands:  

 

¶ For the bass drum, we get a frequenc y band with a centre frequency equal to the mean 

value, 238 Hz, and a bandwidth of 2 ů  150Hz.  

 

¶ For the snare drum, this means we get a frequency band with a centre frequency equal to 

the mean value, 2847 Hz, and a bandwidth of 2ů  836Hz.  

 

We will use these ~q ¢x¡ ,m ,m,nm u ,r{~,o~qm¡uzs,{¢~, ¦ ¡qy ,4 qq,¡tq,otm|¡q~,¹Design & 

Implementationº,{z,|msq,37). 

 

 

Short Analysis of DrumSynth 2 
In this chapter we take a look at how the program DrumSynth 2 creates synthetic drum sounds, i n 

order to get some inspiration as to how we can create our own sounds from scratch.  

 

As mentioned in the introduction , we have chosen to synthesize drum sounds that resemble  the 

old analogue vintage drum machines. Such drum machines are still essential in  modern electronic 

music, and we are all fond of the sound from such machines.  

 

We have been taking a look into different software drum synthesizer to get inspired, and we were 

amazed by the sonic possibilities that DrumSynth 2 26 could offer with only a few parameters. 

                                         
26 DrumSynth 2 is available from: http://www.hitsquad.com/smm/programs/Drum Synth/  

http://www.hitsquad.com/smm/programs/DrumSynth/
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DrumSynth 2 is a simple program that builds drums sounds from combining elements like swept -

frequency sine waves, noise bands, noise, distortion, and overtones  (see Figure 21).  

 

 

 
Figure 21 -  DrumSynth 2 

 

 

The different elements have a few controllable parameters, including amplitude envelope and e.g. 

frequency range. The elements are then combined in a mixer that controls the overall volume and 

the signal is then sent to the sound card.  

 

Even though the controls of the different elements are limited, it is possible to create rather 

complex sounds by combining the different elements.  This is something we intend to use, when 

we are going to create our own synthetic drum sounds.  
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Electronic Sensor Interfacing27 
By using sensor technology, we would like to provide an additional interface for user interaction, 

in addition to the standard input devices found on a PC (keyboard and mouse). Originally, this 

additional user interface w as supposed to consist of a floor board, where the user could select 

different application commands by pressing buttons on the floor board with the foot, and a foot 

pedal , where the user could input a continuous range of values into the application, again by 

using foot pressure. Finally, the microphone  as a sensor device for auditory input would be 

included as a part of our user interface extension.  

 

Since a foot pedal can be understood simply as a mechanical construction that converts rocking 

foot motion into rotary motion of a potentiometer28, and since we did not have the resources to 

build a foot pedal, we estimated that it would be enough to simply use a potentiometer instead. In 

addition, since a potentiometer can be directly connected to a power suppl y in order to produce 

a voltage divider, no additional circuitry but the potentiometer itself is needed to provide a voltage 

input to the system, and to simulate a foot pedal input .  

 

A floor board, on the other hand, would electrically consist of push but tons. A single push button  

can be interfaced directly to a device  called a  microprocessor  (Intro Teleo Module), which 

converts voltage into digital data  4 qq,otm|¡q~,¹The Tactile Sensorº,{z,|msq 45 for more 

information on this device) . But you would need to use one of the four available inputs on the 

microprocessor per button. Since we want to use six buttons in total, and we only have three 

available inputs left, (the potentiometer uses one of the inputs) we need to build a voltage divider 

switching network. This enables us to use six push buttons, but only one input on the 

microprocessor.  

In this report, the electronic aspect is focused on this circuit, since it is the only one that we had to 

build ourselves.  

 

Since a microphone can be taken as a standardized device used in connection with PCs, the 

electronic aspect of interfacing a microphone will not be debated further here 29. 

 

                                         
27 `tu ,otm|¡q~,u ,nm qp,{z,¹Appendix 1  -  Sensor Theoryº8, qq,|msq,83 
28 Source: http://www.geofex. com/Article_Folders/wahrocker/wahrocker.pdf  
29 _qq,¹

Digital Representation of Soundº,otm|¡q~,{z,|msq,12 for a bit more info about microphones  

http://www.geofex.com/Article_Folders/wahrocker/wahrocker.pdf
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Mapping 
`{, ¢ooq  r¢xx¦,n¢uxp,m, ¦ ¡qy ,¡tm¡,u ,mnxq,¡{,¹o{z£q~¡º,t¢y mz,£{uoq,uz¡{,p~¢y  8,y mz¦,rmo¡{rs will 

have to be taken in to account. How do we detect the sound , but also which sound should trigger 

what synthesis? In our voice to synthesis mapping we have a one- to- one mapping ; a voice input  

with short attack and frequencies in the lower areas will  trigger the bass drum . Voice input with 

short attack and high frequencies trigger the snare drum.  

 

When mapping both the sensor and the microphone to the instrument we have built, it is important 

that some sort of consistency and logic is maintained. An e xample could be: When changing the 

instrument by pushing the left instrument button (a button on a controller), the menu is displaying 

this action too, and the GUI30 button is placed onscreen similar to the layout of the tactile senso r.  

 

To have a better idea of how the mapping should be like, we have looked at some examples 

made by other researchers. One of the projects we have looked at is also investigated by Andy 

Hunt and Marcelo M. Wanderley, where they give an example of how the mapping in a MIDI wind  

controller may look like, and how it may be altered to get a different experience both of how to 

play it and when listening to it.  

 

How the mapping looked like is illustrated in Figure 22, below. 

 

                                         
30 Graphical User Interface  
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Figure 2231 -  An example of altered mapping for a MIDI wind controller.  

 

By using different mappings between the actual instrument and the sound synthesis engine like in 

the wind controller example, it is possible to alter the playing experience , while only changing the 

mapping.  

 

Another example of mapping has been carried out by Andy Hunt and Marcelo M. Wanderley , but 

in this case the instrument interface was not a simulation of a real instrument, only a computer 

with a mouse and a controller wi th sliders was used 32.  

 

The test was set up in different configurations, again with the mapping altered. In Figure 23 a 

one- to- one configuration was used, where each slider on the screen manipulate d a different 

parameter in the sound synthesis. Only one parameter could be controlled at a time, using the 

mouse.  

 

                                         
31 Image taken r~{y F,ºY m||uzs,|q~r{~y q~,|m~my q¡q~ ,¡{, ¦z¡tq u ,qzsuzq º,n¦,Mzp¦,T ¢z¡,mzp,Y m~oqx{,Y :,c mzpq~xq¦. 
32 Source: º̀ tq,uy |{~¡mzoq,{r,|m~my q¡q~,y m||uzs,uz,qxqo¡~{zuo,uz ¡~¢y qz¡,pq uszº,n¦,T ¢z¡8,c mzpq~xq¦,mzp,\m~mpu : 
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The second configuration also had 4 sliders on the screen, but instead of controlling them with the 

mouse, they where controlled by a control board wit h sliders. The main difference in this 

configuration was the fact that the user had to keep moving one of the sliders to produce a sound, 

kind of like using a bow on a violin.   

 

 

 

 

The last configuration combined the slider interface and the mouse interf ace into one. The mouse 

had to be moved in order to produce sound, while sound parameters could be changed by the 

sliders and also by the position of the mouse. Moving the mouse was necessary in order to 

produce a sound.  

 

Figure 23 -  One- to- one 

Figure 24 -  One- to- one with sliders 
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Andy Hunt and Marcelo M. Wand erley write that the last configuration seemed frustrating at first, 

but most people grew fond of this after a while, because the interface only using two sliders and 

the mouse controlling several parameters seemed more like an actual instrument.  

 

Based on this we can say that how we build our own mapping is essential to the user experience, 

and how much they will like the system.  We have to be aware of the fact that a slight difference in 

mapping can change the way the user interacts with the system.  

 

 

Real- time 
In order to make an instrument like ours useful in a musical context, the system needs to be fast 

enough so that the user does not perceive the actual latency.  

In a system like ours, there will always be latency because of e.g. the data throughput of the 

computer, but the latency can be reduced through efficient coding and better hardware, such as 

e.g. a sound card with a low - latency driver. Also the distance from the speakers to the user 

creates latency. In air, sound travels at a speed of approxima tely 345 m/s33. This means that for 

each meter the speakers are located from the user, there will be an extra latency of:  

 

1m * (1000ms / 345m) å  2.9ms 

 

In relation to this it is important to find out how much latency the human ear accepts, without 

sensing it as a disturbance in a musical context.  

                                         
33 _{¢~oqF,¹O {y |¢¡q~,Y ¢ uoº,|msq,>DE 

Figure 25 -  The multiparametric interface  
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Nelson Posse Lago has researched how much latency is acceptable between a user action and 

the corresponding reaction in music applications. He concludes:   

 

¹̄ up to 20- 30ms, are pretty much acceptable for most mul timedia and music applications º 34 

 

Knowing that if the speakers are positioned 3 - 4m away there will be an extra latency of 

approximately 10ms, our system should not have a latency of more than 20ms from the input (the 

microphone) to the output (the speaker s), if we want it to be perceived as real - time. 

 

                                         
34 Source: "Distributed Real- Time Audio Processing" by Nelson Posse Lago, Page 7  

   http://gsd.ime.usp.br/~lago/masters/extended_abstract.pdf   

http://gsd.ime.usp.br/~lago/masters/extended_abstract.pdf
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DESIGN & IMPLEMENTATION  
In this chapter we talk about the design and implementation of the actual system we have 

created. We start out with a general description and an overview of the system, and then we go 

into a more detailed description of each element.  

 

 

Short Description of the System 
We have named our system ¹R¢zwy qu ¡q~Cº (see Figure 26). It is basically a digital, percussive 

instrument that you can play using your voice.   

 

 
Figure 26 -  Funkmeister7 Screenshot 

 

 

The system takes voice- to- drum simulated sound s as input through a microphone, analyzes the 

sound, and determines whether it is a snare drum or a bass drum  (or neither). When it detects 

one of these drum types, the system will play back a synthesized  version of the same kind of 

drum type . In addition to this, there is a tactile sensor/controller with six buttons and a turning 

knob (see Figure 28 on page 39) that allows the user to control certain parameters  and effects  of 

the synthesized output sound , through a menu. The menu is divided into two levels: a main menu 

which allows the user to switch between th e available types of instruments , and a sub- menu 
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where there options change, based on which instrument the user has chosen in the main menu.  In 

the sub- menu the parameters of the chosen instruments can be altered.  

 

 

System overview 
Figure 27 below shows the overall system structure.  

 

 

 

 

 

 

Figure 27 ¼ System Structure 
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The hardware part of our system consists of a microphone and  two interaction input devices : 

a board interface and a potent iometer, and a Teleo Intro Module35 as a microprocessor that 

acquires and converts the data from the input devi ces (see Figure 28 below). The board interface, 

the potentiometer and the microprocessor make  up what we omxx,¹̀ tq,̀ mo¡uxq,_qz {~º: 

 

 
Figure 28 ¼ The Tactile Sensor 

 

 

The microprocessor is connected via USB to a PC with a soundcard, speakers and a monitor. The 

microphone is connected to this PC via the soundcard.  

 

The software part of our system is implemented in Max/MSP36. It is based on a hierarchic 

construction consisting of 12 patches (see Figure 29).  

 

 

                                         
35 Teleo Intro Module from www.makingthings.com   
36 Max/MSP is available from: http://www.cycling74.com/products/maxmsp.html   


