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Abbreviations 
 
xxx a placeholder 
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1. Introduction 

1.1 Purpose 

FIRDesign is a tool for the design of Finite Impulse Response filters. It offers three design methods, namely 
the sync plus window design, the frequency sampling design and the Remez exchange (Parks – McClellan) 
design. The program may be used to create source code in C or C++ for the filter coefficient tables to be 
imported into your DSP application software. 
 
The purpose of this document is to outline the theory behind the various design methods and filter types. 
 
This document is not complete. It may be completed at a later time. 
 

2.  Theory 

2.1 Notation 

2.1.1 Frequency Domain Scaling 

 
 
 
 
 
 
 
 
 
In some cases, notably in connection with the Remez Exchange design method, we use the relative angular 
frequency 
 
ω = f1/fs. 

2.1.2 Number of Taps 

The number of taps of any filter is N. The number of intervals (unit delays) is N-1. For a filter with an odd 
number of taps, the indexes go from -(N-1)/2 via 0 to +(N-1)/2. 

2.2 Number Format Ranges 

The ranges represented by the various number formats are: 
 

Name Bytes  Range 

Q7 1 signed char 0x80 (-1) to 0x7f (1-1/128) 

Q15 2 signed short int 0x8000 (-1) to 0x7fff (1-1/32768) 

Q31 4 signed long int 0x80000000L (-1) to 

0x7fffffffL (1-1/2'147'483'648) 

-π 

-ωs/2 
-fs/2 

+π 

+ωs/2 
+fs/2 

-2πf1/fs 

-ω1 
-f1 

+2πf1/fs 

+ω1 
+f1 

 



FIRDesign V 1.0 Page  
 

 
Felix Meier GmbH Roggenfar 31 CH- 8193 Eglisau Switzerland 
felix.meier@smile.ch   +41 44 867-3723 

5

float 4 none 3.4E +/- 38 (7 digits) 

double 8 none 1.7E +/- 308 (15 digits) 

long double 10 none 1.2E +/- 4932 (19 digits) 

 
 
 

2.3 Windows 

2.3.1 Rectangular 

The rectangular window definition is 
 
w(k) = 1 

2.3.2 Hanning 

2.3.3 Hamming 

2.3.4 Blackman 

2.3.5 Dolph-Chebyshev 

2.3.6 Kaiser 
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2.4 Impulse Responses 

For the Window design method, we do need analytical expressions for the time domain impulse response of 
various filter types. 

2.4.1 Lowpass Filter 

The desired frequency response is: 
 
 
 
 
 
 
 
 
The sampled values of the impulse response in the time domain are: 
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k = 0 is a special case which requires the use of the Bernoulli – L'Hôpital rule: 
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2.4.2 Highpass Filter 

The desired frequency response is: 
 
 
 
 
 
 
 
 
The sampled values of the impulse response in the time domain are: 
 

-π 

-ωs/2 
-fs/2 

+π 

+ωs/2 
+fs/2 

-2πf1/fs 

-ω1 
-f1 

+2πf1/fs 

+ω1 
+f1 

 

-π 

-ωs/2 
-fs/2 

+π 

+ωs/2 
+fs/2 
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k = 0 is a special case which requires the use of the Bernoulli – L'Hôpital rule: 
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So the highpass filter coefficients are just the negative values of the lowpass filter coefficients. 

2.4.3 Bandpass Filter 

The desired frequency response is: 
 
 
 
 
 
 
 
 
The sampled values of the impulse response in the time domain are: 
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k = 0 is a special case which requires the use of the Bernoulli – L'Hôpital rule: 
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2.4.4 Bandstop Filter 

The desired frequency response is: 
 
 
 
 
 
 
 
 
The sampled values of the impulse response in the time domain are: 
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k = 0 is a special case which requires the use of the Bernoulli – L'Hôpital rule: 
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2.4.5 Gaussian Differentiator 

A good differentiator with no ringing can be obtained by using the first derivative of the Gaussian density as 
an impulse response: 
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Or, for a simple case: 
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The impulse response must be causal and discrete, so 
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For reasons of scaling, it does not make sense to keep the constant factor 
π2

1
, and 

T is set equal to 1, so the effective impulse response becomes: 
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If 0.1≠σ , still ignoring the constant factor: 
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2.4.6 Moving Average 

The moving average is a crude form of a low pass filter. All taps have equal weight. The impulse response is 
defined directly in the time domain: 
 

( )
N

nTh
1

=         Nn <≤0  

 

( ) 0=nTh         nN ≤  

 

3. Impulse Response Scaling 

4. Sin(x)/x Compensation 

 
 
 


