1/3 octave analogue filters in accordance with
digital technology - a discontinued model?

» |mplementation using the MATLAB Signal Processing Toolbox
= Verification and evaluation of octave spectra
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Introduction: two methods to calculate octave spectra

= Sine-tone (100 Hz) with white noise (small amplitude) ) in accordance with
- . . . . = DIN-EN 61260-1
. = 80
100 ‘ :
- 70
1l 1 . s
' ' | = 80 £
P_'. — @\ 100 .
3 S 60 » w physically correct
g ot 1 . 90 —
] 2 . “ g (FFT way)
E | a A R g
o [P S SRR P g
W % 60
1t i %
0 3 50
10 102 10° 10 @ HIEE
L L L L 40
"% 0.02 0.04 0.06 0.08 0.1 Frequency [Hz]
Time [s] B &

Frequency [Hz]

= Current state of DIN-EN 61260-1: analogue filters are imitated by digital filters
» Up-to-date method with FFT-calculations is not mentioned explicitly

Topic: implementation of both methods and systematic comparison
= Parseval’s theorem, evaluation of octave spectra
= Discussion for low frequencies (DIN 45680)
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Method with FFT-calculations

Implementation using the MATLAB Signal Processing Toolbox

=  Amplitude spectrum with spectrogram(...) - command
= Window functions : : :
= Blockwise average (squared values) : N7 SR :
e.g., subdivision of a signal into 3 blocks
= Octave: sum of N spectral components A4; within the limit frequencies f; ,

= Energy-correction ¢ for non-normalized window functions

= With enough block-averaging: OAL (frequency domain) = RMS (time domain)

N
1 Z
Parseval 0AL = |- Ai
100 | Bl -: T T 100 8
| =1
= I
g | = A
D | = 80
g 1 e
o 60 | | - 70
2 ! 2 Rectangle 1
S 4ol | : 8 60
P o .
a ! | = Hanning 15
E | f ) 3 50
2 20 NItk v © :
g t ! sof__g=d Energy-correction for
. f=8%Hz | " f=178Hz . “ window functions
10" 102 10° 10° ARG S e
Frequency [Hz] Frequency [Hz]

OAL of an octave band (midband frequency f,, = 125 Hz)
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Imitation of analogue filters with digital filters
Implementation using the MATLAB Signal Processing Toolbox

= Bandpass filters (Butterworth) are applied with a filter passage range f ,
= Octaves follow from RMS over the complete time span

= Compliance with DIN-EN 61260-1 is checked with damping curves
» Impulse response gets ,unstable” with increasing filter order and decreasing bandwidth

= Countermeasure: resampling — sampling rate is reduced by compressing time data
= A lowpass filter is necessary to prevent aliasing

Time Domain fm = 250 [Hz] fm = 250 [Hz]
O original signal 1000 0 .
@ compressed signal / Time section =
_________________________________________ o o1 o]
___________________________ — = | | = |
i) o2 I' I', o ) |I §
! 35 s00 £ £ ,'
\ — | | = | |
! E &3 .' £° |
1 E [m] I' \ (] | |
o ; > <L 4 | \ P || I'.
| » | \ | |
1 | II | |I
: t |n [S] 0 5 | \ 5 | |
, 0 0.05 0.1 0.6 0.8 1 1.2 1.4 1.6 06 08 1 12 14 18
! Time [s] fffm

fifm

_____________________________________________________________________

Damping curves — impulse response

Reducing the sampling rate of existing time data by a factor 2 before and after one resampling, filter order 4
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Imitation of analogue filters with digital filters (cont.)
Implementation using the MATLAB Signal Processing Toolbox

= A ,stable” damping curve requires:

= adaptation of sampling on bandwidth and filter order

a certain number of remaining samples N within the blocklength
,,unstable”\:m = 16 [Hz]

fm = 16 [Hz]

fm = 16 [Hz]

_.0 _D _0

3 S g

22 22 22

g g g

a4 a4 a4

0.5 2 0.5 2 0.5 . 2
_ " - Y’ = 512 after resampling means
m m
=20 220 =20 65536 samples in the original signal
'ém éqo '%40
Q60 8 60 © 60
107" 10° 10 107 10? 101 10° 10

flfm fifm fifm

d=64,N=512 d=128 N =512 d=128 N = 256

Octave band fa[Hz] | 16 | 315 | 63 | 125 | 250 | 500 | 1000

2000 | 4000 | 8000 [16000
Subdivisions d 128 64 32 16 8

4 2 1 1 1 1
Chosen number of subdivisions d of the sampling rate 2 ,stable” impulse response for filters of 6th order
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Overview
Implementation using the MATLAB Signal Processing Toolbox

Repeat for each block

FFT )—l—y Block average )—} OAL in frequency bands ‘—}[ Octave spectrum}
Low pass )—b Resampling )—} Band pass H RMS )—|—>[Octave spectrum}

Repeat for each frequency band Imitation of analog filters

[ Time data
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Parseval’s theorem with changing signal-frequency

Verification and evaluation of octave spectra

» FFT-method: error is independent of the signal-frequency ,___Unfiltered signal

= Parseval's theorem is satisfied with the third decimal place in dB 80
60

40

—
(=]

= Calculation with filters: error depends on signal and filter order

= Parseval’s theorem is satisfied with the first decimal place in dB .

Error [dB] = QAL [dB] — RMS [dB] ?0" 102 10t 10t

Frequency [Hz]

Sound Pressure Level [dB]

Sum of all RMS in the
octaves time domain .
FFT-method Filter 4. order
SN-ratio RMS OAL Error SR-ratio RMS  OAL Error
Signal type [dB] [dB] [dB] [dB] Signal type [dB] [dB] [dB] [dB]
Noise - 90.7 90.7 0.00 Noise - 90.7 90.7 0.05
24 Hz sine 40 99.3 99.3 0.00 24 Hz sine 40 99.3 994 0.06
24 Hz sine 50 93.8 93.8 0.00 24 Hz sine 50 93.8 939 0.09
31.5 Hz sine 40 99.3 99.3 0.00 31.5 Hz sine 40 99.3 994 0.04
31.5 Hz sine 50 93.8 93.8 0.00 31.5 Hz sine 50 93.8 939 0.02
100 '_|1DD
% 80 ? 80 ‘I_I—,_'_'_‘_’_I—’_’_
g 60 g 60
g 40 § 40
O CLLE SIS0 00 @ PP SO @c%@@
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Parseval’s theorem with changing signal-frequency (cont.)

Verification and evaluation of octave spectra

» FFT-method: error is independent of the signal-frequency
= Parseval's theorem is satisfied with the third decimal place in dB

= Calculation with filters: error depends on signal and filter order
= Parseval’s theorem is satisfied with the first decimal place in dB

—
(=]
=

80

60

40

Sound Pressure Level [dB]

Unfiltered signal

I

20
Error [dB] = QAL [dB] — RMS [dB] ?0" 102 10® 10
. .. . . . Frequency [Hz]
= Higher precision if signal-frequency = midband frequency f,, (z.B. 31.5 Hz)
0.5¢ 0.5r
FFT Method FFT Method
0.4f Butterworth 6. order 0.4r Butterworth &. order |
Butterworth 5. order Butterworth 5. order [j
0.3f Butterworth 4. order 031 Butterworth 4. order I!I
02t _ o2t : 'I.!
g fi % f Illlll |il|
— 0.AF |]\ — 01p 1'. I'- .’.'| ."\II ."*' fy M -'*' ln-. "4 '\I .'I | . |
", | " " Ala ! = ! '|\ _."- 0 | \ I A !
£ . M AR R AR RN «___t’_\__:j___ | &= E Di&v {f/ _."1'._/_'-.:\.-" t \J }f ) u} \Y% J'J - W W R | =
b ] W/ a I'iI
= ¥ = il
E -0y E 017 |II
] [1§]
@ ©
027 -0.21
03rF 053+
041 . . . 04t
40 dB signal to noise ratio 04 50 dB 5|gnal to noise ratio
: T 0.
r,g,b‘ \‘T’,,pf"‘ Cﬁrb NP PP ﬁ“f@ '5} "*,5_»,‘5} > @’ Vs \r{l rz}é} r;,b' "*%b?/\ I::?b@" ff’i ,.3:. <§3 & 'C§3 b @b-"‘ @@@ ,:}c%ﬁ R rﬂf Q,c?
Signal Frequency [Hz] Signal Frequency [Hz]
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Octave spectra in the usual frequency range

Verification and evaluation of octave spectra

= FFT-method: sine-tone has an impact on its corresponding octave band g™ =asem  eriereasons
= Leakage effect can have a minor impact on adjacent octaves [ s
o 60 ; B0
= Calculation with filters: sine-tone has an influence on several octaves g« § «
= High discrepancy if sine-frequency is located between two octaves ? 2 ® 2
= Higher filter order leads slightly reduces discrepancy C T o T
Frequency [Hz] Frequency [Hz]

100 100 100 [
_ ot 1 gof go} F "'[
m ) = |
= | = = ;I | |
T | T T ==
] I & ]
3 80 5 w0 3 so}
@ @ a
a = [
E ot o] Q@ ]
L m g c £ =
- -
5 - Lkd E E f
2 2 2 =
60 . FFT Method “ 60 FFT Method ? sof = FFT Method
----------- Butterworth 6.order = ammmmmmmns Butterworth 6.order I ===nmmnnns Butterworth 6.order
________ Butterwaorth 5.order e me e Butterworth 5.order =======+ Butterworth 5.order
o = == == Butterworth 4.order — == == Butterworth 4.order m— = == Bytterworth 4.order
5
I T QP T L YL T LR 50 : ° :
y LG S SN O i e o Ot @ E g @ P P P O SR SN ) SR LT LT S
Frequency [Hz] Frequency [Hz] Frequency [Hz]
Signal-frequency = 31.5 Hz Signal-frequency = 40 Hz Signal-frequency = 3000 Hz

© Schnieringer / Kameier stroemungsakustik.de June 2024



Octave spectra with low frequencies

Verification and evaluation of octave spectra

Settings

= 1024 necessary subdivisions of the sampling rate for a ,stable” Impulse response at 1 Hz octave

= Number of samples after resampling N = 2048 (= 22! in the original signal)

Octaveband | f,, [Hz]| 1

2

4

8

Subdivisions d 1024

512

256

128

d = 1024 2 new sampling rate of 46.9 Hz instead of 48000 Hz
= Extension for 1/3 octaves is possible in analogy to this

100

ot ——1

80

70F

Sound Pressure Level [dB]

6ol 3 Hz sine

—ET Nethod
Butterworth 4. order

50 Lt . . . \ . . . . . .
A 72 Y B WD rb,\fa ) ,\rf.) lc_)() 55)5) \@Q ?—@Q L‘@Q %,@Q '\TDQQQ

Frequency [Hz]
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4 Hz sine

Unfiltered signal

FFT Method

o
T 80
o
—l
o 60
2 40
o
B 20
3
“ 9
] " " =] =
Frequency [Hz]
FFT method | Filter 4. Ord.
Signal type [dB] [dB]
Noise 0.00 0.05
3 Hz sine 0.00 0.06
4 Hz sine 0.00 0.05

Butterworth 4. order
T T T

L iz N B AR ?3\5 ot \15 ,f:,@ ‘JQQ \@Q 1@3 LQDQ %QQQ '\FDQQQ
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Results

FFT-calculations:
= Physically correct — Parseval’s theorem is satisfied with the third decimal place in dB
= Full octave spectrum with infrasound range can be easily calculated

= Imitation of analogue filters:
= Precision depends on the signal — Parseval’s theorem is satisfied with the first decimal place in dB
= Signal-frequency between two octaves falsifies adjacent octave bands
= Long recording times and multiple resampling are necessary to depict octave spectrum with infrasound range

= The FFT-method satisfies the specifications of DIN EN 61260-1. This raises the question whether it should be
explicitly mentioned in the standard

= Filtering in the time domain requires an adjusted sampling rate to the desired filter order while considering the
frequency span

= This investigation has shown that the imitation of analog filters requires a higher effort in terms of implementation
in comparison to the FFT method

= The original aim of DIN EN 61260-1 was to allow old hand-held sound level meters with analogue technology to
continue to be used. Doesn't the standard now leave too much room for frequencies between two octaves in the
21st century?

Thanks to Prof. J. Becker-Schweitzer for his background information of DIN 61260-1.
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