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Five notes were played on the clarinet, each at three different sound levels corresponding to its three modes of playing. 

The steady state portions of the recorded 15 sounds were analysed with the Short-Time Fourier Transform (STFT).  

A specific algorithm was used to derive a set of parameters characterising the harmonic structure of each sound from 

the STFT representation. A quantitative analysis of harmonic structures of all sounds was performed. It revealed some 

effects of the sound level on that structure of the clarinet.   

 

 

1. INTRODUCTION 

 

The spectra of musical instruments depend heavily on 

the loudness of played sounds. This has consequences 

not only in the perceived tone colour but also in 

subjective loudness [11]. Musicians in informal 

communications claim that a lot of issues occur when 

the instrument is played too loud like the sounds being 

sharp and rough. They noticed also changes with in 

timbre whilst playing instrument loud [12]. This is 

because loud instrumental sounds contain more energy 

in higher frequencies, as a result of the increased role of 

nonlinearities in their production.  

 

The analysis of time-frequency (t-f) spectra of musical 

instruments is commonly performed with the use of the 

STFT or other t-f analysis methods [13]. In order to gain 

more insight into this problem and to find out possible 

quantitative relations we used the STFT as a first step 

and then derived several parameters from it. These 

parameters were compared at various levels of 

instrument’s sound pressure.  

 

A quantitative analysis of the effect of sound level on 

the spectral features of the clarinet sound was 

performed. The clarinet was used by musicians to 

produce three levels of sound articulation, each resulting 

in a different sound level. Therefore, it was assumed 

that these ways of generation may affect the spectra. 

There seems to be no related literature, apart from an 

extensive study of the clarinet sound production 

presented in [2], including a virtual clarinet model.  

 

 

 

 

2. MEASUREMENT PROCEDURE AND SETUP 

 

Three methods of sound generation in the clarinet were 

investigated. Each method is related to the level of air 

pressure generated by a musician and put into an 

instrument. The clarinet Bb is a kind of instrument with 

the scale transposed by two semitones, therefore, the 

sounds played have a different pitch than those heard by 

listeners. The following notes were analysed:  C4(B3), 

B4(A4), C6(B6), E6(D6), G6(F6). The names in 

parenthesis indicate the notes really heard.  

In order to keep better stationary of the amplitude, the 

musicians did not play the notes one by one following 

the scale, but each note was played 3 times according to 

the three sound pressure generation ways.  

Fifteen sounds of a clarinet were recorded. The 

following scheme was used for their naming: 

 

Smn, where:  

m – the number of the note played: 1 – C4, 2 –B4,  

3 – C6, 4 – E6, 5 – G6. 

n – the number of the way of playing, corresponding to 

increasing the sound level in the ascending order. 

 

The recordings were performed in an anechoic room the 

same day in order to reduce a probability of effects of 

changing temperature, atmosphere pressure and 

humidity. Moreover, recording was in the evening 

because all of the stage events are organised in 

evenings.  

 

The recordings were performed by one omni-directional 

microphone (G.R.A.S - Type 40HF 1’’ Low-noise 

Measuring System), preamplifier (G.R.A.S - Type 

12HF), and analogue interface PC card (NI 4461), with 

24-bits of resolution and at 88.2 kHz sampling 
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frequency. The amplitude of the signal at the input of 

the NI 4461 card was +/- 1V. All samples were of 1s 

duration.  

 
The parameters of the anechoic room were as follows: 

Capacity - 1000 [m3] 

Noise level - 3 [dB] 

Temperature - 20.5 C 

Atmospheric pressure - 1025 hPa 

Humidity - 54% 

 

The clarinet: 

Type -  Selmer Signature „442” 

Scale - e (147 Hz) - c4 ( 1890 Hz) 

 

 

3. THE PARAMETERS AND SAMPLES 

 

In order to investigate clarinet spectra, six parameters 

were evaluated: 

- the fundamental frequency, 

- the quantity of meaningful local maxima (peaks) in the 

spectrum, indicating harmonic components, later 

referred to as “no. of harmonics” 

- the frequency of the highest harmonic in the spectrum, 

later referred to as “highest frequency” 

- the amplitude fluctuation of the fundamental 

harmonic, further referred to as “amplitude fluctuation” 

- the number of the harmonic with the biggest 

amplitude, later referred to as “no. of the biggest 

harmonic” 

- the value of amplitude of the biggest harmonic, later 

referred to as “biggest amplitude”. 

 

As can be seen from this list, all of these parameters 

require the evaluation of local maxima in the amplitude 

spectrum. This was obtained from the STFT 

spectrogram with the use of a specific procedure 

described in the next section. 

 

The successful assessment of the above parameters also 

required taking of the STFT from the steady portion of  

a sound. This was obtained by the removal of the attack 

and decay portions of each sound, performed by hand. 

The segmentation process has been done as follows: 

All of the signals were produced by a musician with a 

main criterion of forcing compressed stable air into  

a mouthpiece. Next, RMS (root-mean-square) values of 

pre-recorded sounds were calculated, and afterwards a 

total energy was expressed in percentage, assuming that  

the total signal energy was equal to 100%. 

 

In order to strictly define the segments of signals they 

were defined in the following way: 

1st - "attack": from the beginning of the signal until a 

signal energy percentage achieved 15% of total energy.  

2nd - "steady" part which occurred directly after the 1st 

one, energy equal to 67% of total energy. 

3rd - "release" the last segment of a signal with energy 

percentage of 18%.  

Because of each sound’s length being between 3 and 4 

seconds, the steady part was usually longer than 2 

seconds. 

The extraction of segments to be analysed was 

performed by hand, but taking 1 second of the most 

stationary part of the “steady” part.  

 

4. SIGNAL PROCESSING 

 

All processing was performed with Matlab (R2011a)  

The sequence of processing is shown in Fig. 1 

 
Fig. 1. The sequence of processing.  STFT was used on 

prerecorded sounds. The  FindPeak algorithm extracted 

the most useful harmonics, which were put into an 

outcomes matrix. Further estimation gave expected 

parameters.  

 

Sound Pressure Level.  

The SPL was calculated from the following equation [3] 

  (1) 

where  

5
2*10  Parefp

−
=  

root mean square pressure
RMS
p − .

 

 

In order to estimate prms the microphone sensitivity was 

included 

V
RMS

S
p Pa

S
=

     

(2) 

where 

SV – RMS value of the selected steady state portion 

Prms- RMS pressure in Pa
 

S – microphone sensitivity 
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The Short-Time Fourier Transform.  

The STFT [4] with the following parameters was used: 

the Chebyshev window, window length - 0.2s 

overlapping - 50%, time resolution - 0.1s, frequency 

resolution - 5 [Hz]  

In the following formulae, it is assumed that the STFT 

matrix has R  rows and C  columns, where subsequent 

spectra are stored in columns. 

 

FindPeak Function. 

For each recorded sound the FFT was calculated, giving 

a sequence of spectral components F. The next step was 

to calculate the amplitude of each frequency in signal 

     (3). 

The frequencies „k“ are tentatively accepted for which 

[1] 

 (4) 

 

D – a non negative constant - the detection threshold,  

L – the width of searched interference area,  - distance 

between the estimated peak and width of the searched 

interference area. 

The fundamental frequency was introduced manually 

[9] and those frequencies f which satisfied the following 

condition were chosen 

     (5) 

where: ε  - a small positive constant, characterising 

acceptable deviation in found local maxima, i - 

multiplicity index.  

The final result is a vector of multiplicities of the 

fundamental frequency present in the signal.  

 

Estimation of amplitude fluctuations. 

For the obtained STFT matrix, a row R with the greatest 

mean value was found 

       

   (6) 

for r = 1,...,R. 

 

This row is related to the largest peak in the long-term 

spectrum of the signal. The mean value µ and standard 

deviation σ of this row were calculated [5] 

    (7) 

   (8) 

Finally, the dispersion V as a measure of  amplitude 

fluctuation was calculated 

      (9) 

This value is relative to each harmonic within a signal. 

 

  

5. RESULTS 

The examples for 3D plots of the results of the STFT 

are given in Fig 3 for signals S22 and S23. 

 

 
Fig. 2 STFT figures in 3D - presenting S22 and S23 pre-

recorded sounds. The colour map was chosen 

specifically in order to avoid the harmonics with lowest 

amplitudes to merge with the background.. 
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Table 1. Results of all analyses. 

Signals S11 S12 S13 S21 S22 S23 S31 S32 S33 S41 S42 S43 S51 S52 S53 

SPL [dB] 63 70 74 62 70 75 69 80 81 76 81 84 64 69 78 

The Fundamental 

Frequency [Hz] 
233 233 233 442 442 442 928 928 928 1161 1161 1161 1400 1400 1400 

No. of harmonics 16 19 21 7 9 10 5 5 6 2 4 4 4 4 5 

Highest frequency 3728 4427 4893 3094 3978 4420 4640 4640 5570 2322 4644 4644 5600 5600 7000 

Amplitude 

fluctuation 
0,174 0,058 0,048 0,535 0,321 0,206 0,380 0,363 0,476 0,112 0,273 0,402 0,152 0,353 0,494 

No. of the highest 

harmonic 
1 3 5 1 1 1 1 1 1 1 1 1 1 1 3 

Biggest amplitude 0,022 0,050 0,069 0,026 0,085 0,110 0,057 0,136 0,164 0,158 0,183 0,332 0,032 0,036 0,055 

Tab. 1 Summary table - presenting a set of outcomes, given for each sound. This is also a representation of every 

estimated parameter for all of the sounds. A different number of the highest harmonic then 1 for signals S12, S13 and 

S53 is an outstanding fact. 

 

 

Figs. 3-8 show the results from Table 1.in the form of plots. 

 

 
Fig. 3 Fundamental frequency vs. SPL. A general remark is that the SPL does not have any influence on fundamental 

frequency changes.  
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Fig. 4 The quantity of meaningful local maxima (peaks) in the spectrum vs. SPL. 

 

 

 
Fig. 5 The frequency of the highest harmonic in the spectrum vs. SPL. 
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Fig. 6 The amplitude fluctuation of the fundamental harmonic vs. SPL. The essential relationship between fluctuation 

of the fundamental harmonic and SPL can not be clearly noticed. For the first two fundamental frequencies (233 Hz 

and 442Hz), fluctuation decreases with rising SPL. For middle values of fundamental frequency (928 Hz) an amount 

of fluctuation varies.  

 

 

 
Fig. 7 The number of harmonics vs. fundamental frequency. 
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Fig. 8 The amplitude of the highest harmonic vs. the number of harmonics. 

 

 

 6. CONCLUSIONS 

The most important finding is that the effect of SPL 

on amplitude fluctuation shows the following 

variability: for the two first fundamental frequencies 

223 Hz and 442 Hz, i.e. for sounds from the lower part 

of the clarinet Bb scale, the amplitude fluctuation 

decreases. For the fundamental frequency 928 Hz, 

which corresponds to a sound in the middle part of the 

clarinet Bb scale, the amplitude fluctuation is mixed. 

For fundamental frequencies 1161 Hz and 1400 Hz, 

which are from the highest part of clarinet Bb scale 

the amplitude fluctuation increase from the sound with 

the lowest SPL up to the biggest SPL.  

The general observation in music instruments that the 

amplitudes of the highest harmonics increase with 

increasing SPL of the instrument has been confirmed.  

Based on Fig. 3 and the results from Table 1 it can be 

concluded that the SPL has no effect on the 

fundamental frequency.  

On the basis of the relation of SPL values to the three 

sound generation methods their respective ranges of 

levels can be determined: 

1
st
 method – from 62dB to 76 dB 

2
nd

 method – from 68dB to 81 dB 

3
rd

 method – from 71dB to 84 dB 

The overall SPL range including all methods is from 

62 dB to 84 dB. This can be regarded as a feature of 

the clarinet Bb. 
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