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As it was written above, for a Type 1 (Class 1) instrument 
all measurement results should be placed within the 1-dB 
band. There are plenty of sources of errors [2]. One of them is 
the SLM’s casing which is the source of the reflections and 
diffractions of the measured signal. The exemplary case effect 
in a real-world SLM, taken under consideration, is presented 
in Fig. 3: the frequency characteristic is within the limits for 
Type 1 instrument, but it has to be taken into account that the 
case effect is not the only one which occurs. There are also 
effects coming from humidity, magnetic and radio-frequency 
fields, electrostatic discharge, ambient pressure, temperature, 
vibrations, etc. So, the case effect should be minimized and the 
characteristic should be as flat as possible in order to not 
exceed the Type 1 limits in the worst case with the mentioned-
above influencing parameters. 

II. DESIGN METHODOLOGY 

The idea for reducing the case effect is to design a 
compensation filter whose frequency characteristics are 
inverse to those produced by the case effect. The superposition 
of the filter characteristic and the characteristic produced by 
the case effect should result in a flat characteristic whose 
ripples are drastically reduced. The assumption was made that 
the characteristics obtained after the implementation of the 
designed filter should be compressed to the 0.1 dB band, i.e. 
the ripples of those characteristics should not exceed 0.1 dB. 

The filter was designed in three steps: 
first, the calculated coefficients of the selected FIR filter were 
implemented in the SLM,  
next, the obtained frequency response was measured, 
finally, the filter was redesigned.  

As the starting point, the real-world measurement values 
were taken for 38 frequency values corresponding to the centre 
frequencies of the third-octave filters commonly used in the 
field of acoustics [16]. In Table I those values for the 
frequency range from 31.5 Hz to 20 kHz are presented. 

 
The frequency values for which the measurements were 

made are defined by the IEC 61672 standard. In Table I the 
longest occurring values are bolded. They are inside the 
tolerance limits, but taking into account all possible effects 
which could affect the amplitude-frequency characteristic of a 
sound-level meter, they should be much smaller.  

First, these values of the characteristic were interpolated by 
a cubic spline with the 10-Hz step. This trial was not 
successful because the number of points was not sufficient. So, 
some values resulting from local interpolation were added to 
the frequency characteristic as it is shown in Fig. 4.  

With those additional points the spline interpolation was 
repeated, and its result did not contain undesirable oscillations. 
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Fig. 3.  Case effect in a sound-level meter: the characteristic of the 

compensated SLM (thin line) and the tolerance limits (thick lines). 
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Fig. 4.  Measured (black circles) and added points (white circles) of the 

frequency characteristic of the case effect and the spline interpolation (line). 
 

TABLE I 

EFFECT OF REFLECTION AND DIFFRACTION FROM METER’S CASE 

Frequency 

[Hz] 

Case effect 

[dB] 

Frequency 

[Hz] 

Case effect 

[dB] 

31.5 0.00 63.0 0.00 

100.0 -0.05 125.0 -0.05 

160.0 0.05 200.0 0.05 

250.0 0.00 315.0 0.10 

400.0 0.14 500.0 0.03 

630.0 -0.08 800.0 0.00 

1000.0 0.58 1250.0 0.49 

1600.0 -0.88 2000.0 0.08 

2240.0 0.35 2500.0 -0.11 

2820.0 0.29 3150.0 -0.03 

3550.0 -0.32 4000.0 0.37 

4470.0 0.36 5000.0 0.21 

5600.0 -0.18 6300.0 -0.10 

7100.0 0.40 8000.0 0.70 

8400.0 -0.43 8900.0 0.34 

9400.0 0.92 10000.0 0.67 

10600.0 -0.33 11200.0 0.40 

11900.0 0.14 12500.0 0.45 

16000.0 0.08 20000.0 -0.38 
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The obtained cubic spline ( )fA  was used as the basis for 

the calculation of parameters of the digital compensation filter 
whose characteristic has the form:  

( )
( )fA

fAF
1

=  (1) 

For computing the filter parameters, the Remez algorithm 
[10], also called the Remez exchange algorithm, was used. It is 
an application of the Chebyshev alternation theorem on the 
best polynomial approximation of certain functions under a 
number of conditions [1]. This algorithm in fact goes a step 
beyond the minimax approximation algorithm to give a slightly 
finer solution to an approximation problem.  

The calculations were performed in the MATLAB 
environment using the firpm function which enables one to 
design a linear-phase FIR filter using the Parks-McClellan 
algorithm [8]. The latter algorithm uses the Remez exchange 
algorithm and Chebyshev approximation theory to design 
filters with an optimal fit between the desired and actual 
frequency responses. The filters are optimal in the sense that 
the maximum error between the desired frequency response 
and the actual frequency response is minimized. Filters 
designed in this way exhibit an equiripple behavior in their 
frequency responses and are sometimes called equiripple 
filters. The firpm function exhibits discontinuities at the head 
and tail of its impulse response due to this equiripple nature 
[6]. 

The characteristics were calculated for the filters of different 
orders from 64 to 128 and for each of them the maximum 
deviation from the 0 dB line was determined. In order to attain 
the assumed level of the ripples, the error in the linear scale 
should not be greater than 0.01. Such value was achieved for 
the FIR filter of order 117 as it is seen in Fig. 5. 

After the implementation of the compensation 117-order 
filter in the SLM, the frequency response was measured once 
again. The experiment showed that for two frequencies the 
divergence between the expected and obtained results were 
excessive.  

The probable reason of that was the local linear 
interpolation, performed in order to obtain the greater number 

of points necessary for spline interpolation. Thus the ( )fAF  

characteristic was modified in such a way that for the 
frequencies where the ripples were too large the opposite 
values were added.  

The filter was redesigned for such modified characteristics 
and after the implementation in the digital signal processor of 
the SLM the obtained results were satisfying 

III. OBTAINED RESULTS  

The designed filter was implemented in the on-chip 
Enhanced Filter Coprocessor (EFCOP). The EFCOP [7] is a 
general-purpose, fully programmable filter coprocessor that 
operates concurrently with DSP core operations and requires 
minimal CPU intervention. The EFCOP has dedicated modes 
of operation for performing real and complex FIR filtering, 
adaptive filtering and multichannel FIR filtering. The usage of 
the EFCOP increased significantly the overall performance 
and efficiency of DSP56307 [5] which was placed in the 
compensated SLM. 

The implementation of the FIR filter in this EFCOP is very 
simple since it requires only to place the calculated 
coefficients in the selected part of the coprocessor’s memory. 
EFCOP performs filtering in the shade without any 
consumption of the calculation power of the main processor 
[10]. 

In Table II the values of the obtained compensated 
characteristic are given. It is visible that the largest obtained 
values are well inside the tolerance limits for Type 1 
instrument, and the obtained frequency response is much 
flatter and does not contain undesirable ripples.  
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Fig. 5.  Maximum error in the function of filter’s order. 

 

 
 

TABLE II 

 CHARACTERISTICS AFTER DIGITAL COMPENSATION 

Frequency 

[Hz] 

Case effect 

[dB] 

Frequency 

[Hz] 

Case effect 

[dB] 

31.5 0.00 63.0 0.00 

100.0 -0.11 125.0 -0.11 

160.0 -0.02 200.0 -0.03 

250.0 -0.08 315.0 0.03 

400.0 0.11 500.0 0.07 

630.0 0.04 800.0 0.00 

1000.0 0.13 1250.0 0.03 

1600.0 -0.08 2000.0 0.07 

2240.0 -0.09 2500.0 -0.13 

2820.0 0.18 3150.0 0.01 

3550.0 0.00 4000.0 -0.14 

4470.0 -0.02 5000.0 -0.06 

5600.0 -0.21 6300.0 -0.39 

7100.0 -0.25 8000.0 -0.21 

8400.0 0.00 8900.0 -0.05 

9400.0 0.16 10000.0 0.07 

10600.0 -0.38 11200.0 -0.28 

11900.0 -0.03 12500.0 0.27 

16000.0 -0.01 20000.0 -0.18 
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In Fig. 6, various frequency characteristics are compared: 
the SLM characteristic without compensation, the 
characteristic of the designed inverse FIR filter of order 117, 
and the final SLM characteristic which is within the 1-dB band 
and fulfills the requirements for Type 1 instrument. 

IV. IMPLEMENTATION  

The compensation filter was incorporated in the software of 
an SLM [17] presented in Fig. 7. 

The compensation filter should be activated when the 
measurements are performed with the microphone placed on 
the preamplifier attached directly to the instrument’s input. 
The filter should be switched off when the microphone with 
the preamplifier are attached by means of a cable and the 
measurements are performed on a tripod (cf. Fig. 8). 

 
 

 
 
 
 

V. CONCLUSION 

The approach to the problem of the digitally-based filter 
compensation seems to be correct as the SLM in which the 
designed filter was implemented passed successfully the PTB 
approval (marked as 21.21/09.03).  
 

The obtained positive results encouraged the authors to 
implement similar approach for the design of another 
compensation filters dedicated for a specially mounted 
microphones of the dosimeters.  
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Fig. 6.  The characteristics before the compensation (dashed line) and after 

the compensation (solid line); the characteristics of the compensation filter 

dotted line) and the tolerance limits (thick lines). 

 

  

Fig. 8.  Activation and deactivation of the compensation filter in the SLM. 
 

 

  

Fig. 7.  SLM with the implemented designed compensation filter. 
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