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1. Relevant Quantities with Relations Between them

1 RELEVANT QUANTITIES WITH RELATIONS BETWEEN
THEM

1.1 Basic Definitions

Sound intensity*! is the amount of energy that is transferred thnoaginit
surface perpendicular to the direction of wave pggtion, in unit time:

w=p?/pc [W/m?], (1.1)
wherep is the effective pressurg is air density and is the speed of sound.
Sound levelin dB (decibels) is defined 438

L =10log(w/w, ) = 20log(p/ p,) dB . (1.2)

w, =10?W/m? is the threshold of human ear (i.e. the smalleshd intensity that
is perceived by human ean), is the effective pressure ang, =20uPa is the
effective pressure that correspondsap

A-weighted sound pressure level! in dBA:

L,(t)= 10Iog[pA—(t)J2 dB, (1.3)

Po

where p,(t) is the effective sound pressure, measured by afrument with

frequency weighting A. Similar are the definitions for other frequenagighting
(B,C,D).

Remark: Tables of frequency weighting characteristics uguapecify
relative frequency response in decibels at a givequency. Let us denote these
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values by A( f )[dB]. Given A(f), we would like to establish relationship betwgen
andpafor a sinusoidal signal of a given frequericWe have

L, =10log(p,/p,)* = L - A(f)=10log(p/ p,)* - A(f)

This yields
0.1A()=10g((pa/ po)’ /(p/ Po) )= 100(p4/ P’
and finally
p, = p? 0% A (1.4)
Similarly we could write
L, (t)=10log(w, /w,), (1.5)

and in that case the relation between the flatvegighted sound intensity would be

w, = w10 (1.6)

Equivalent continuous A-weighted sound pressure |y or average A-
weighted sound pressure level is defined as

ifz p2(t)dt

- T A . -
Lpeqr =10lg| T2——— |dB; T =t,-t, (1.7)

Po

where pA(t) is the instantaneous A-weighted sound pressurel lefv the sound
signal and p, is the reference pressure @0uPa. Similar definitions apply for
frequency weighting characteristics other than A.

A-weighted sound exposure levat defined as

[P (D)at

Lear =10lg) =——— | dB, (1.8)
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where T, =1s (one second). The quantitp,’T, =410°Pa’s is the reference

sound exposure. The integral expression in the above equatiaheA-weighted
sound exposure

E, = f p,2(t)dt. (1.9)

The equivalent continuous A-weighted sound pressevel L,..; can be
alternatively expressed as

1 ¢t
L peqr =10I9(? [ 1 10°10) dtj (1.10)

The weighted sound exposure level is related teethevalent continuous weighted
sound pressure level in the following way:

Lear = Lpegr +10lg(T/T,). (1.11)

1.1.1  Definition of Some Auxiliary Functions

For use in further text some auxiliary function® atefined herein; The
function db converts ratio of r.m.s. (root of mean squarejp&slof two signals to
decibels:

do(R,)=10log,,(R,)=10In(R, )/In(10). (1.12)

Its inverse functiomvdb converts the ratio in decibels back to the rafithe
r.m.s. values:

invdb(db) =107, (1.13)

The functiondbampconverts the ratio of amplitudes of two sinusoglghals
to decibels:

dbamdR, ) = 20log,,(R,). (1.14)
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Its inverse functionnvdbampconverts the ratio in decibels back to the ratio
of amplitudes:

invdbamgdb) =10°°® . (1.15)

The frequency is often expressed in terms of thrdstrd frequency index
The functionfstdis used to convert this frequency index to thguency:

fstd(n) = 1kHz10"/*° (1.16)

Its inverse function calculates the frequency inth&t corresponds to a given
frequency:

invfstd(f ) =10log,,( f /1kHz). (1.17)

The responses in standards are usually specifiethéofrequencies whose
frequency index is an integer. These frequenciehawever stated by some nominal
numbers rounded to specific number of digits. If want to evaluate the exact
frequencies for which responses are specified, wst rtherefore find the nearest
frequency to the nominal one for which the freqyemumber is an integer.
Responses for different types of frequency weightine specified in standards for
frequencies with integer frequency indices from —20rresponding to 10 Hz
exactly) to 13 (corresponding to approximately 1®8& or nominally 20kHz).

1.2 Requirements Regarding the Quantities to Be Measlire

According to international standards [5] and [8Haaccording to [10] the
instrument should be capable of measuringt), L., and Lg,, for different

frequency (A, C, flat, optionally B, D) and time mybting characteristics (slow, fast
impulse, peak, 10ms). In general, only one frequera time weighting time may
apply at a time.

For weighted sound pressure level functions pedd Ineax, min and.,
should be included. Meaning &f : L, for example is the level of noise that is
exceeded in 1% of sampling time. [14] includesewampleL,, L, L, Ly, Lo,
Lys and L.
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The above quantities are measured also by [13]dd]

[12] mentions sampling rate df20us. [10] states the requirement for two
channel measurement of noise in natural and resigievironment forL .., and

Laeqr» DECause the correction for outstanding tonesaisutated from these two

quantities. Furthermore, a filter for obtaining uks in 1 octaves is necessary
because of the correction for outstanding tbnes

RMS and peak detection usually run in parallel.

| haven’t noticed explicitly mentioned digital si@nprocessing (DSP), but
this probably is the case with [14] since it mengidliterally) “Calculation sampling
20us.

It seems possible that the B&K meter uses analetparonics for frequency
weighting. This seems possible because the extBiteas are used for octave ardd

octave analysis. The signal sent to the exterhat fs frequency weighted.

In the case of [13], only one frequency/time weilghtregime can take place
at a time. Seven overlapping 70 dB measuring rangesvailable, i.e. 60-130, 50-
120, 40-110, 30-100, 20-90, 10-80 and 0-70 dB.

!t is not yet clear to me if all bands should @perat the same time.
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2 FILTERS

2.1 Analogue Low Pass and High Pass Filters

2.1.1 Low Pass Filter

An analogue version of the low pass filter is showRigure 2.1. We see that

U, =U,+U, =Rl +V,=RC ddUtO

+U,.

Iz is the electrical current through the resistarazel (through the condensor
since these currents are equil)s the resistance ar@ is the capacity. The output
voltageU, is therefore in the following relation with theput voltageU, :

du

RC—=+U,=U,. (2.1)
dt

If U, is a sinusoidal signal, thed, will also be sinusoidal with different
phase and amplitude. We write sinusoidal input@urtgut signal as

, (2.2)
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where the amplitude#y and A, will in general be complex in order to account for
phase, andis the imaginary unit. By setting (2.0 intoq2ve have
RCAiwe” + A € = A€
and therefore

A 1+RCiw '

The amplitude response of a low pass filter isefoze

1 _ 1 w,

J1+(RC) o _\/1+[ wJZ :onsz |

(2.4)

U
ul -

Wy

where @, =1/RC . The phase respongecan also be obtained from (2.0. Its tangent
tg(¢) is the ratio between the imaginary and real pai\g A .

Figure 2.1: Scheme of a passive low pass filter.

2.1.2 High Pass Filter

An analogue version of the high pass filter is shaw Figure 2.2. We see
thatU; =U_. +U, and therefore
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du, _du; du, _1 _du,_U, du,

dt dt dt C dt RC dt

We have taken into account that the current thrauglondensor equals the current
through the resistant. The input and output voltage so related by the following
equation:

du, _du, . U,
= +

. 2.5
dt dt RC (2:3)

Remark: The above equations can also obtained thentow pass filter equation by
taking into account that

U =U, +U,,

whered , is the output voltage of the low pass filter dng is the output voltage of
the high pass filter with the sar®ReandC.

By using again (2.0 in (2.0 we obtain the ielabetween complex input and output
amplitudes:

_ _ 1 _
iC() el(ut =ia) ela)t 4 elwt
A A+ A

This gives

é%:_ L — (2.6)

1 1 w

" e (8]

(2.7)

10
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Figure 2.2: Scheme of a passive high pass filter.

2.2 Digital Filters

2.2.1 Digital Low Pass Filter

We will construct a digital filter that works onrepled data and has similar
frequency response that the correspondent lowfpssIn order to do that, we take
the differential equation that describes the anasdofjter and replace derivatives of
the quantities with difference of consequent samplethese quantities. With other
words, we approximate

dU, _U,(i)-U,( —1):Uo(i)—Uo(i‘1), (2.8)
dt t -t T

WhereUO(i) is the output voltage of theth sample and is the time period between
two consecutive samples (an analogue formula wéll used fordU,/dt). By
inserting (2.0 into the low pass filter equat{@0 we obtain

TEU0)-U,-1)+u,0)=u,0)

and then with some rearrangement

11
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U,()=U, (i -1+ ——(u,()-U, (i -1) (2.9)

We will write this as

u,(i)=au,(i)+bu,(i-1), (2.10)
where
_ T
T+RC (2.11)
= RC
T+RC

Again we use the assumption that input and outgunipées are sinusoidal, which can
be written for sampled input and output data as

Ui (n) - Aleia)nT
U,)= A (242
sincet, = nT . Inserting this into (2.0 yields
Ab eiwnT — aA eiwnT + bp\) eiw(n—l)T -
— aA eia)nT + bA) e—ia)T eiamT ’ (213)
This gives the formula
A__ 8 (2.14)

A 1-be'm

from which we obtain the amplitude frequency resgoof the low pass digital filter:

a

. 2.15
J1+b? - 2bcodwT) (219

U, (i) -
(0]

WhenT/RC - 0, the above response converges to the responke ahalogue low
pass filter (2.0.

12
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2.2.2 Digital High Pass Filter

The high pass digital filter will be constructed mgerting approximation
(2.0 and the analogue formula fobJ, /dt into (2.0, which yields

U,(1)-Ui(1-2) _U,(1)-Uo(i-1) , U, (i)
T T RC

Rearrangement yields

TR U009
and finally
U i) = U (1)U, - 1)+, 1), (2.16)
where
CZTTEC (2.17)

Applying the setting (2.0 in (2.0 yields afserme rearrangement
A) =C(A _A e—in +A)e—i(uT) ’
from which follows

_ AT

This expression will be further developed:

1-codeT)+isin(eT) _ catib

1-ccodwT)+cisin(wT) a,+ib,’ (2.19)

i:c
A

where

13
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a, =1-codaT)

b, =sin(wT)

a, =1-ccodwT)
b, = csin(wT)

(2.20)

a, ib, a, andib, are real and imaginary parts of the counter ambihénator in
(2.0. We will further develop this equation by Iltplying the counter and
denominator bya, —ib,:

izc(alafblt;”i azbé-alkZJzJ (2.21)
A a," +b, a, +b,

The amplitude frequency response of the digitah lpigss filter is so

=c\/(aia§+bll}J +{azb;_a1§2] , (2.22)
3, +b, 3, +b,

Y,
U

where coefficient is defined by (2.0 and coefficienss, b, a, andb, are defined
by (2.0.

2.3 Frequency Weighting Filters

For sound level meters, frequency must be weightedrding to one of the
weighting curves A, B or C specified in [5]. Thdsequency weighting regimes can
be achieved by a set of low pass and high passrsfilshown in Figure 2.3.
Characteristic frequenciésare also shown in the figure, where

1
f(’__C‘)O_anc’

> (2.23)

14
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whereR and C are the resistance and capacity of filter elemastshey appear in
equations (2.0 And (2.0 andy, is the corresponding characteristic angular
frequency.

| | | | o C weighting
Low pass, Low pass, High pass, High pass,
fo=12.2 KHz f=12.2 KHz £,=20.6 Hz f,=20.6 Hz . .
| B weighting
| o)
High pass,
fo=158.5 Hz
| A weighting

| o)
High pass, High pass,
f=107.7 Hz f=737.9 Hz

Figure 2.3: Scheme of analogue filter sets which can be used f
frequency weighting. Characteristic frequenciesséi@vn for individual
high or low pass filters.

Theoretical response of filters in Figure 2.3 istained by multiplying
individual responses of individual low pass (2@ high pass filters (2.0. In this way
we obtain

RA“’['W]'

(2.24)
(1220tHz)* £ 4
(£2+(208H2) (£ 2 + (12200H2)? )y 2 + (107.7HZ) | £ 2 +(737.9H2)
Ul
Ry (f ){: |:°BJ =
bl (2.25)

(1220(Hz)’ f°
(f 2+ (20.6Hz)2)(f 2+ (1220042)2)J f2+(1585Hz)

15
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Vel
R. (f )[: |:°CJ =
il
. (12200Hz)" £2 ‘

|£2+(206H2)){f 2 +(1220tHz)?

(2.26)

If filters are combined as shown in Figure 2.3 theoretical responses will
differ from those required by the standard forragpnately a constant factor at all
frequencies specified in the standard. The respofiseeighting filters must be
corrected for the following constants (in decibatsprder to match the requirements
of the standard:

Cor, =1.9998dB
Cor, =0.1696031B (2.27)
Cor, =0.061847B

Equivalently, input of filters must be multiplied the following amplitude factors:

Coramp, =1.2589
Coramp, =1.01972 (2.28)
Coramp =1.007146

2.4 Digital Frequency Weighting Filters

Since components of digital filters will have noniform properties, to
eliminate noise, etc., the frequency weightingefst will be implemented in digital
form (Figure 2.4). Weighting filters are in thiase implemented as a combination of
digital low and high pass filters (equations (ZaAd (2.0), which is a digital
equivalent of the filters shown in Figure 2.3.

What concerns algorithms, several digital filtems @mbined in a filter set in
such a way that the input signal is first procesegdhe first filter, its output is
processed by the second filter, output of thaerfiis processed by the third filter, etc.

16
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Signal fron
microphone

Digital
/\/\J |:> ADC |:> % weighting |:> Processing
filter

Figure 2.4:Processing of the signal from microphone.

2.4.1.1 Algorithm for Implementing Digital Frequency Weighting
Filters

A digital low pass or high pass filter can be ddém by the following
equation

M N
O =>al_+)bO,. (2.29)
k=1

j=0

Here O, denotes tha-th output (filtered) sample andi, denotes tha-th input

sample. An individual sample of the filtered sigmabbtained as a combination of
the corresponding input sample (fact)), a certain number of earlier input samples

(factors a,, a,, etc.) and a certain number of earlier (alreadgutated) output

samples (factord, b,, etc.). When a signal is processed by such a,fl\einput

andN output samples must be stored in two buffers (imma output) of sizelsl and

N, respectively. After an output sample is evaluated two buffers must be shifted

right (the last values are dropped), the calculatggut sample must be stored in the
first position of the second buffer, and the fodiming input sample is stored in the
first position of the first buffer.

According to equations (2.0 and (2.0, the coeefits for a digital low pass
filter are

. T T
% T Re T+1/2mf!

RC 12mt, (2.30)
le- — 0

" T+RC T+12rf]

and according to (2.0 and (2.0 the coefficidotsa digital high pass coefficients are

17
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»_ RC 12 f]
% T+RC T+J/2nf“
h
A= - RC 12 f, h (2.31)
T+RC CT+12mt]
b = RC V2,

T+RC T+]/27Tfh

The digital frequency weighting filters were ob&ihby combining a series
of digital low pass and high pass filter as showrrigure 2.3. The signal is filtered
in such a way that it is first filtered by the fifdter in the series, its output is then
filtered by the second filter in the series, etising equations (2.0 and (2.0 or (2.0 to
apply individual filters to a signal, dependent which filters constitute the filter
series (see Figure 2.3).

Let us for example combine filtelsand2, where the first filter is defined by
equation

My Ny
o =% a1 @ +3 Kol (2.32)
; - kZ:; k
and the second one by equation
M, N,
V=3 a3 000, (2.33)
= -

For implementation of the combination of these fillers we must storéM, values

of the original signalmax(N,,M, +1) values of the first filter output and, values
of the second filter output. Input of the secorigfiequals output of the first one:

12 =W, (2.34)

therefore (2.0 becomes
o =%"alo 1+Zbk o (2.35)

The C weighting filter is implemented in the follmg way:

18
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Oil aloll 11 + |1oli.:L ,
( 2) _ |1 +b1|2 —1 '
ab 02 +pM3lohs) - (2.36)
ao ai Oh3 +b1h4 —1)'
i= 34

We must storeQ,, O, 02, 0%, O, O™ and Q" for the next sample. We
apply the above formula to samples 3 4and set

o) =1,
O£h4) = |2
o =1,
o =
ZZ) 2, (2.37)
Ol = Il
ol? =
2 -2
ol =1,
ofi =1,
The B filter is implemented by (2.0 and in adufiti
(hs) _ ,(hs) _(h4) h5
O =270 WMol (2.38)
I=34...
Initially we set (2.0 and in addition
oM =|
1(h5) ! (2.39)
OZ = I2
The A filter is implemented by (2.0 and in aduofiti
h6) :a(()hﬁ) (h5) +blh6 _1 ,
h7) — aT(Jh7) 61 h6 +b1h7 | l) -, (2.40)
i=34..

Initially we set (20. and in addition

19
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o =1,
o) = |
2 z, (2.41)
O:fh7) = Il
o =1,

Coefficients in the above equations are obtainenhf(2.0 for low pass and from (2.0
for high pass filters that constitute the seriebe Tcorresponding characteristic
frequencies are shown in Figure 2.3. Upper inddm®te the individual filter of the
set for all quantities used in equations (2.(2t0.

2.4.2 Time Discretisation Errors and Corrections

Because of time discretisation (effectively appnoxiion of derivatives by
differences) response of a digital filter will ¢ exactly the sama as response of its
analogue equivalent. If samples can be represemtadbitrary accuracy, then digital
filter response will limit to the appropriate angl® response when the sampling
period T will approach zero. An objective is to find thewkst sampling rate at
which the response of digital weighting filters Wihatch the prescribed response
enough accurately. Results of the corresponding tee shown in Table 2.4, Table
2.5 and Table 2.6 below. It turns that tbagest acceptable sampling periods

T =107s. All further discussions will therefore assume shenpling rate of 10°s™
if not stated differently.

Deformation of filter response due to time disaation can be partially
compensated by variation of filter parameters (ckaracteristic frequencies of
individual low and high pass filters in a weightirsgt). Parameters have been
optimised for the sampling rate @0°s™. The resulting response of a corrected
weighting digital filter is shown in Table 2.7. @maximum relative error (with
respect to admitted tolerance) has been approxiynaadved, which is quite a lucky
circumstance for instrument design. Correctionsfiiber parameters are listed in
Table 2.1. Frequency correction factors are ddfinea relative manner such that

f, = f,(1+Cor, ), (2.42)

20
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wheref, is the corrected charasteristic frequency ofi itiefilter in a weighting filter
set,foi is the uncorrected characteristic frequency spwading to the appropriate
analogue filter, an@or; is the corresponding relative correction tabulateTable
2.1. Amplitude corrections are factors by whidtefed signals must be multiplied in
order to achieve exact agreement with the staratattte calibration frequency of 1
kHz.

Results shown in the tables below apply for A weighfilters. Tesults for
other weighting filters are not stated becausergmwath B and C weighting are
nowhere greater than errors with A weighting (instncasesthey are approximately
the same).

Table 2.1:Optimal corrections for digital weighting filteapameters
at sampling ratd0°s™.

Filter Weighting Uncorrected char. Optimal correction
frequency
Low pass 1 A B, C fon=12.2 kHz Cor1;=0.308381
Low pass 2 A B, C fop=12.2 kHz Cor»x=0.421121
High pass 3 A, B, C fon=20.6 Hz Cor,3~=-0.0313729
High pass 4 A, B, C fon=20.6 Hz Cor,4~=0.0498406
High pass 5 B fons=158.5 Hz Cor,5~=0.0107605
High pass 6 A fone=107.7 Hz Cor=0.00377726
High pass 7 A fonm=737.9 Hz Cor,7+=0.0223711
Amplitude correction factors to achieve perfect ageement at 1kHz
Filter set Notation Value
Amplitude cor. A Corampdig, 1.29495
A
Amplitude cor. B Corampdig 1.02703
B
Amplitude cor. C Corampdig 1.00915
C

2.4.2.1 Parameters for frequency weighting at sampling ratet8 kHz

At a lower sampling rate, e.g. 48 kHz, optimal paeters for digital
weighting filters will differ from those which appfor the sampling rate of 100 kHz.
Parameters which give the response closest todtealr for this sampling rate, are
listed in Table 2.2. Meaning of parameters is escdbed in the previous section.
With this sampling rates, errors are greater inmitage than with the sampling rate
of 100 kHz. Maximum relative errors for type 1 respe are 0.382 for C weighting,

21
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0.382 for B weighting, and 0.381 for A weightingrd&'s were controlled for up to
19952 Hz. Frequency response of the A weightingrfillesigned for operation at the
sampling rate of 48 kHz is shown in Table 2.3.

Table 2.2:Optimal corrections for digital weighting filteapameters
at sampling ratet8000s™.

Filter Weighting Uncorrected char. Optimal correction
frequency
Low pass 1 A B, C fon=12.2 kHz Cor;= 0.70186
Low pass 2 A B, C fop=12.2 kHz Cor»x= 0.30801
High pass 3 A B, C fon=20.6 Hz Coryg= -0.06693
High pass 4 A B, C fon=20.6 Hz Cory= 0.17758
High pass 5 B fons=158.5 Hz Corys= 0.02531
High pass 6 A fone=107.7 Hz Coryg= -0.06268
High pass 7 A fonm=737.9 Hz Cor,7+= 0.053132
Amplitude correction factors to achieve perfect ageement at 1kHz
Filter set Notation Value
Amplitude cor. A Corampdig, 1.33966
A
Amplitude cor. B Corampdig 1.03763
B
Amplitude cor. C Corampdig 1.01372
C

Table 2.3: Response of A weighting digital filter with sammgirate 48 kHz.
Parameters for the filter are listed in Table 2.2.

Corrected digital response

f [Hz] an. r. [db] num dig. n.d.-a. tol. type 1 (n.d.-a.)/+tol
* 10 -70. 4351 -70.4945  -0.0594076 -1e+30 - 3 5. 94076e- 32
* 12.5893 -63. 3758 -63. 3861 -0.0103151 -1e+30 - 3 1. 03151e-32
* 15. 8489 -56. 6927 -56. 6391 0. 0536045 -1e+30 - 3 0.0178682
* 19.9526 -50. 4566 -50. 3273 0. 129271 -3- 3 0. 0430905
* 25,1189 -44.7072 -44. 4981 0.209158 -2 -2 0. 104579
* 31.6228 -39. 444 -39. 1632 0.280816 -1.5 - 1.5 0.187211
* 39.8107 -34.6341 -34. 3003 0.333797 -1.5 - 1.5 0. 222531
* 50.1187 -30. 2318 -29.8708 0.360978 -1.5 - 1.5 0. 240652
* 63.0957 -26.1976 -25.838 0.359574 -1.5 - 1.5 0. 239716
* 79.4328 -22.5066 -22.1742 0.332441 -1.5 - 1.5 0.221628
* 100 -19. 1452 -18. 8585 0. 286677 -1-1 0. 286677
* 125.893 -16.1003 -15. 8683 0.231988 -1-1 0.231988
* 158. 489 -13. 3518 -13.1744 0. 177379 -1-1 0. 177379
* 199.526 -10. 8715 -10. 7416 0. 129924 -1-1 0. 129924
* 251.189 -8.63114 -8.53851 0. 0926298 -1-1 0. 0926298
* 316. 228 -6.61163 -6.54636 0. 0652768 -1-1 0. 0652768
* 398.107 -4.80889 -4.76296 0. 0459276 -1-1 0. 0459276
* 501.187 -3.23297 -3.20053 0.0324388 -1-1 0.0324388
* 630. 957 -1.90067 -1.87852 0. 022151 -1-1 0. 022151
* 794,328 -0.823951 -0.811821 0.0121303 -1-1 0.0121303
* 1000 0 0 0 -1-1 0
* 1258.93 0. 591255 0.573334  -0.0179207 -1-1 0. 0179207
* 1584. 89 0. 980885 0. 935848 - 0. 0450362 -1-1 0. 0450362
* 1995. 26 1.20024 1.11279 -0.0874487 -1-1 0. 0874487
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2511. 89 1.27114 1.11932 -0.151818 -1 -
3162. 28 1.19934 0. 952735 - 0. 2466 -1 -
3981. 07 0.970799 0. 590769 - 0. 38003 -1 -
5011. 87 0.549976 -0.00491042 -0.554887 -1.5 -
6309. 57 -0.119329 -0.878113 -0.758784 -2 -
7943. 28 -1. 10806 -2.05773 - 0. 949666 -3 -
10000 -2.48833 -3.52731 -1.03898 -4 - 0. 259744
12589. 3 -4.31312 -5.19365 - 0. 880532 -6 - 0. 146755
15848. 9 -6.59725 - 6. 85565 -0.258406 -1e+30 - 3 2.58406e- 31
19952. 6 -9.31078 -8.16829 1.14249 -1e+30 - 3 0. 380832

0.151818

0. 2466
0. 38003
0. 369925
0. 379392
0. 316555

WNRPRPRPRPPRE
aaa

o T

Correction: 2.53991 db, anp. factor 1.33966 (th. cor=1.2589)

Maxi mumrel ative error in decibels: 0.382027

Plotting from1l to 34, range -70.4945 to 2.17956

Xx * *

****X**
***x**
***x**
5 ***X**
6 ***X*
(7,-34.3003) *X*
(8,-29.8708) *X*
(9, -25.838) X x X
(10, -22.1742) +x* X
(11, -18.8585) +* X
(12, -15.8683) *X
(13,-13.1744) *X
(14, -10. 7416) *X
(15, -8.53851) *X
(16, -6.54636) +* X
(17,-4.76296) +X
(18, - 3. 20053) *X
(19, -1.87852) *X
(20, -0.811821)
(21,0)
(22,0.573334)
(23, 0.935848) #X
(24,1.11279) #X
(25,1.11932) #X
(26, 0.952735) #X
(27,0.590769) X+
(28, -0.00491042) X
(29,-0.878113) X+
(30, -2.05773) X* +#
(31, -3.52731) X+
(32,-5.19365) X* +
(33, -6.85565) X*
(34, -8.16829) +X
Plotting from1l to 34, range -70.4945 to 2.17956

XX%###################

2.4.2.2 Antialiasing Filter

There exists a possibility that analogue signall Vo filtered by an
antialiasing filter before AD conversion and fregag weighting. Such filter should
cut off the frequencies higher than the Nyquistiaal frequency, whose power
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would be otherwise aliased to lower frequencieswaadld spoil the accuracy of the
instrument.

Influence of such a filter consisting of two highgs analogue filters with
critical frequencies 40 kHz and 80 kHz has beetetedf such filter was applied,
parameters of the frequency weighting filters stdog further corrected. Optimal
corrections are stored in function setoptaliaspar80 in the accompanying
software. It turns that weighted response of theirsguding the antialiasing filter
would be even more accurate than the response wtitihs filter, provided that
appropriate corrections are applied. Response $® alot too sensitive on
characteristic frequencies of the included low gass's, which is a precondition for
using analogue components. It turned that chaiatitefrequencies could be varied
from 28 to 45 and from 70 to 90 kHz, respectively.

Table 2.4 Response of uncorrected A weighting digital fikath
sampling period=10" s. The uncorrected filter is implemented as a set
of digital filter with the same parameters as deva in Figure?.4,
except that filter response is shifted in such g that response at 1 kHz
corresponds to the response required by the stin@atumns of the
table represent frequency in Hz, required (anajjtiesponse in
decibels, numerically calculated response of tier fidifference between
the numerical and analytical response, admitteatinegand positive
tolerance for type 1, and relative error, i.e.alénce between the
calculated and required response at a certaindrexnyudivided by the
appropriate tolerance for type 1. Results are shavendraft graphical
form below the table. Time discretisation erroacseptable for type 1.

Filter A uncorrected, Ts=le-5

f [Hz] an. r. [db] num dig. n.d.-a. tol. type 1 (n.d.-a.)/+tol
* 10 -70. 4351 -70. 2646 0.170584 -1e+30 - 3 0. 0568612
* 12.5893 -63. 3758 -63. 2062 0.169643 -1e+30 - 3 0. 0565478
* 15.8489 -56. 6927 -56. 5246 0.168105 -1e+30 - 3 0. 0560349
* 19.9526 -50. 4566 -50. 2901 0. 166528 -3-3 0. 0555095
* 25.1189 -44.7072 -44.5427 0. 16454 -2 - 2 0. 0822701
* 31.6228 -39. 444 -39. 2817 0.162374 -1.5 - 1.5 0. 108249
* 39.8107 -34. 6341 -34. 4739 0.160224 -1.5 - 1.5 0. 106816
* 50.1187 - 30. 2318 -30. 0745 0.157296 -1.5 - 1.5 0. 104864
* 63. 0957 -26.1976 -26. 0437 0.153871 -1.5 - 1.5 0. 102581
* 79.4328 -22.5066 -22. 3567 0.149883 -1.5 - 1.5 0. 0999222
* 100 -19. 1452 -19. 0002 0. 144961 -1-1 0. 144961
* 125.893 -16. 1003 -15. 9609 0. 139461 -1-1 0. 139461
* 158. 489 -13. 3518 -13.2188 0. 133016 -1 -1 0. 133016
* 199. 526 -10. 8715 -10. 7463 0. 125206 -1 -1 0. 125206
* 251.189 -8.63114 -8.51527 0. 115873 -1-1 0. 115873
* 316.228 -6.61163 -6.50773 0. 103906 -1-1 0. 103906
* 398. 107 -4.80889 -4.72025 0. 0886325 -1 -1 0. 0886325
* 501. 187 -3.23297 -3.16347 0. 0695074 -1 -1 0. 0695074
* 630.957 -1. 90067 -1.8536 0. 0470735 -1-1 0. 0470735
* 794.328 -0.823951 -0. 800765 0. 0231857 -1-1 0. 0231857
* 1000 0 0 0 -1-1 0
* 1258.93 0. 591255 0.570128 -0.0211266 -1 -1 0. 0211266
* 1584. 89 0. 980885 0. 940857 - 0. 0400279 -1 -1 0. 0400279
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* 1995. 26 1.20024 1. 1437 - 0. 0565333 -1-1 0. 0565333
* 2511.89 1.27114 1. 19856 -0.0725748 -1 -1 0. 0725748
* 3162.28 1.19934 1. 1096 -0.0897378 -1 -1 0. 0897378
* 3981. 07 0. 970799 0. 86098 -0.109819 -1-1 0.109819
* 5011. 87 0. 549976 0. 416479 -0.133497 -1.5 - 1.5 0. 088998
* 6309. 57 -0.119329 - 0. 278055 - 0. 158727 -2 - 1.5 0. 0793633
* 7943. 28 -1. 10806 -1. 28606 -0.177998 -3 - 1.5 0. 0593326
* 10000 -2.48833 -2.66212 -0.173785 -4 - 2 0. 0434461
* 12589.3 -4.31312 -4.42895 -0.115826 -6 - 3 0. 0193043
* 15848.9 -6.59725 - 6. 55503 0. 0422205 -1e+30 - 3 0. 0140735
* 19952.6 -9.31078 -8.94213 0. 368652 -1e+30 - 3 0.122884
* 25118.9 -12.3893 -11. 4241 0. 96514

* 31622.8 -15. 7534 -13.7623 1.99114

* 39810.7 -19. 327 -15. 6064 3. 72056

* 50118.7 -23.0468 -16. 3971 6. 64967

* 63095.7 - 26. 8652 -15.0821 11. 7831

Correction: 2.17282 db, anp. factor 1.28422 (th. cor=1.2589)

Maxi mumrel ative error: 0.14496

Xk ok x

P,
xk gk
xk gk
R
xk

-34. 4739) * XK
-30. 0745) *o Xk
-26.0437) * XK
(10, - 22. 3567) * XK
(11, - 19. 0002) *x X
(12, - 15. 9609) *X
(13, -13. 2188) *X
(14, -10. 7463) *X
(15, -8.51527) *X
(16, - 6. 50773) +*X
(17, -4.72025) +X
(18, - 3. 16347) *X
(19, - 1. 8536) *X
(20, - 0. 800765)
(21,0)
(22, 0. 570128)
(23, 0. 940857) #X
(24, 1. 1437) #X

1

1

0

0

,\A,\mm
Lo~

XXé###################

(25, 1. 19856) #X
(26, 1. 1096) #X
(27,0.86098) #X
(28, 0.416479) X
(29, -0. 278055) X#
(30, - 1. 28606) X #
(31, - 2. 66212) X #
(32, - 4. 42895) X*
(33, -6.55503) X*
(34, -8.94213) +X*

(35, - 11. 4241) X

(36, -13.7623) +H+X*
(37,-15.6064) +++  X*
(38,-16.3971) +H++ X

(39, -15.0821) +++ X

HHEHRHHHHR

Table 2.5:Response of uncorrected digital A weighting fikaer
sampling period 1¢s (see explanation fdrable 2.4. It is evident that at
such sampling rate the time discretisation errorroat be compensated
by variation of filter parameters.

Filter A uncorrected, Ts=le-4:

f [Hz] an. r. [db] num dig. n.d.-a. tol. type 1 (n.d.-a.)/+tol
10 -70.4351 -68. 6102 1.8249 -1e+30 - 3 0. 608301
* 12.5893 -63.3758 -61.5616 1.81416 -1e+30 - 3 0.604719
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Lo S T I R S R R N N N N N N N

Correction:

125.
158
199
251.
316.
398
501.
630.
794.

125
158
199
251
316
398
501
630
794

1
125
158
199
251
316
398
501
630

. 8489
. 9526
. 1189
. 6228
. 8107
. 1187
. 0957
. 4328

100
893
489
526
189
228
107
187
957
328
1000
8. 93
4.89
5.26
1.89
2.28
1. 07
1.87
9. 57
3.28
0000
89
48
52.
18
22.
10
18
95

N~N~N0OoOow

-56. 6927 -54.8924 1.80024 -1e+30 - 3
-50. 4566 -48.673 1. 78358 -3 - 3
-44.7072 -42.9427 1. 7645 -2 - 2
-39. 444 -37.7011 1.74297 -1.5 -1
-34.6341 -32.9149 1.71921 -1.5 -1
-30. 2318 - 28. 5408 1.69094 -1.5 -1
-26. 1976 - 24. 5406 1.65698 -1.5 - 1
-22.5066 - 20. 8907 1.61591 -1.5 -1
-19. 1452 -17.5784 1.56678 -1-1
-16. 1003 -14.5909 1.50941 -1 -1
-13. 3518 -11. 9087 1. 44312 -1 -1
-10. 8715 -9.50774 1. 36377 -1 -1
-8.63114 -7.36614 1. 265 -1-1
-6.61163 -5.47316 1.13848 -1-1
-4.80889 - 3. 83215 0.97674 -1 -1
-3.23297 -2.45636 0.776614 -1 -1
-1. 90067 -1.359 0. 541673 -1-1
-0.823951 - 0. 54419 0.279761 -1-1
0 0 0 -1 -1
0.591255 0.292104 -0.299151 -1 -1
0. 980885 0. 352156 -0.628728 -1-1
1.20024 0.197879 -1. 00236 -1-1
1.27114 - 0. 146942 -1.41808 -1 -1
1.19934 -0.626298 -1. 82563 -1 -1
0. 970799 -1.10972 -2.08052 -1-1
0. 549976 -1. 34589 -1.89587 -1.5 -1
-0. 119329 - 0. 962672 - 0. 843343 -2 - 1.
-1. 10806 0. 162544 1. 27061 -3 -1
-2.48833 -52.559 -50. 0707 -4 - 2
-4.31312 -0. 204267 4.10885 -6 - 3
-6.59725 -1.18063 5.41661 -1e+30 - 3
-9.31078 -29.4303 -20.1195 -1e+30 - 3
-12. 3893 -1. 34264 11. 0466
-15. 7534 0. 346022 16. 0994
-19. 327 -10. 0345 9. 29248
-23.0468 -15. 3235 7.72332
- 26. 8652 -0.579132 26. 2861

3.84908 db, anp. factor 1.55759 (th. cor=1.2589)

Maxi mumrel ative error: 12.5177

X R

,\,\Amm
Lo~

30
31
32

(33,
(34,

R

-32.9
-28.5
-24.5
(10,
(11,
(12,
(13,
(14, -
(15, -
(16, -
(17, -
(18, -
(19, -
(20, -
(21,
(22,
(23,
(24,
(25,
(26,
(27,
(28,
(29,

- 20.
-17.
-14.
-11.
.5
.3
4
.8
.4
3
.5

—“orNMwWOINO

0
0.29
0.35
0.19

-0.146942)
-0.626298)

-1.1
-1.3

-0.962672)

-1.1
-29.

* Wk K

Rk Xk x

149)
408)
406)
8907)
5784)
5909)
9087)
0774)
6614)
7316)
3215)
5636)
59)
4419)

2104)
2156)
7879)

0972)

4589)

8063)
4303)

Rk Xk
SRRk XK
Rk YK
kx XK
+HFE X
+HFE X
Rk XK
++** X
++* X
++* X
+*X

HHEHFHFHRAHFEHEHFH R

X+
X#+
X#+

X #+
X +
X#

Kok kK kKK kKR KKk KKk KKk KKk Y
XK kKR kR kK kK kKK kK kK Rk K +
e

N

KKK KKk KKK KK Ak ++ #

oo o

[ ¢ )]

0. 600081
0.594527
0. 882252
16198
. 14614
12729
10466
07728
56678
50941
44312
. 36377

1. 265
. 13848
. 97674

0.776614

0.541673

0.279761

0
0.299151
0.628728

1. 00236
1. 41808
1. 82563
2.08052
1.26391
0.421672
0.847072
12. 5177
1. 36962
1. 80554
2.01195e-29

PRPRRPRPRPRR

o
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(35, - 1. 34264) N
(36, 0. 346022) o AR
(37, - 10. 0345) . M. 4
(38, - 15. 3235) bt [P, #
(39, -0.579132) i ok krk Rk Y

Table 2.6:Response of uncorrected digital A weighting fikaer
sampling period 3*18s (see explanation fdrable 2.4. Although the
sampling rate is close to the satisfactory rate0¥s?, at such sampling
rate the time discretisation error still can notcbenpensated enough by
variation of filter parameters. Problem caused &fjedtion of low pass
filters at higher frequencies are clearly seensBampling rate would
give satisfactory results for type 2 instrumentemithe condition that all
other parts of the sound lever meter produce égssrthan half of those
admitted by the standard.

Filter A uncorrected, Ts=3e-5

f [Hz] an. r. [db] num dig. n.d.-a. tol. type 1 (n.d.-a.)/+tol

* 10 -70.4351 -69. 8766 0.558523 -1e+30 - 3 0.186174
* 12.5893 -63.3758 -62. 8206 0.555248 -1e+30 - 3 0.185083
* 15. 8489 -56. 6927 -56. 1415 0.551132 -1e+30 - 3 0.183711
* 19.9526 -50. 4566 -49.9103 0. 546256 -3-3 0. 182085
* 25.1189 -44.7072 -44.1669 0. 540311 -2- 2 0. 270156
* 31.6228 -39. 444 -38.91 0.534013 -1.5 - 1.5 0. 356009
* 39.8107 -34.6341 -34.1071 0.526946 -1.5 - 1.5 0. 351297
* 50.1187 -30. 2318 -29.7135 0.518264 -1.5 - 1.5 0. 345509
*  63.0957 -26.1976 -25.6894 0.508181 -1.5 - 1.5 0. 338787
* 79.4328 -22.5066 -22.0107 0.49593 -1.5 - 1.5 0. 33062
* 100 -19. 1452 -18. 664 0. 48114 -1-1 0.48114
* 125.893 -16. 1003 -15. 6361 0. 464205 -1-1 0. 464205
* 158. 489 -13.3518 -12.9076 0. 444244 -1-1 0. 444244
* 199.526 -10. 8715 -10. 4511 0. 420452 -1-1 0. 420452
* 251.189 -8.63114 - 8.24002 0. 391126 -1-1 0. 391126
* 316.228 -6.61163 -6.25834 0. 353297 -1-1 0. 353297
* 398.107 -4.80889 -4.50444 0. 304447 -1-1 0. 304447
* 501.187 -3.23297 -2.99008 0. 242897 -1-1 0. 242897
*  630. 957 -1.90067 -1.73095 0.16972 -1-1 0.16972
* 794.328 -0. 823951 -0.7367 0. 087251 -1-1 0. 087251
* 1000 0 0 0 -1-1 0
* 1258.93 0. 591255 0.498921  -0.0923335 -1-1 0. 0923335
* 1584.89 0. 980885 0. 786221 -0. 194663 -1-1 0. 194663
* 1995. 26 1.20024 0. 883631 -0. 316607 -1-1 0. 316607
* 2511.89 1.27114 0. 797521 -0.473616 -1-1 0.473616
*  3162.28 1.19934 0.516259 -0. 683076 -1-1 0. 683076
* 3981. 07 0.970799 0.0119923 -0. 958806 -1-1 0. 958806
* 5011. 87 0. 549976 -0.749276 -1.29925 -1.5- 1.5 0. 866168
*  6309. 57 -0.119329 -1.78571 -1.66638 -2 - 1.5 0. 833192
* 7943.28 -1.10806 -3.06806 -1.96 -3- 1.5 0. 653332
* 10000 -2.48833 -4. 47966 -1.99133 -4 - 2 0. 497833
* 12589.3 -4.31312 -5.77697 -1. 46385 -6 - 3 0. 243975
* 15848.9 -6.59725 -6. 53455 0. 0626964 -1e+30 - 3 0. 0208988
* 19952. 6 -9.31078 -6. 05297 3.25781 -1e+30 - 3 1. 08594
* 25118.9 -12.3893 -3.26984 9. 11943

* 31622.8 -15. 7534 0. 838683 16. 5921

* 39810.7 -19. 327 -1.92101 17. 406

* 50118.7 -23.0468 -6. 56587 16. 4809
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*  63095.7 - 26. 8652 0. 279952 27. 1452
Correction: 2.56563 db, anp. factor 1.34364 (th. cor=1.2589)

Maxi mum rel ative error in decibels: 1.08594

X
SN

prrrxr
pre e

7,-34.1071) *orx xx

8, - 29. 7135) *o Xk

9, - 25. 6894) Hx

(10, - 22. 0107) +ex X

(11, - 18. 664) + XK

(12, -15. 6361) *x X

(13, -12. 9076) +*X

(14, -10. 4511) *X

(15, - 8. 24002) ++X

(16, - 6. 25834) +*X

(17, - 4. 50444) +*X

(18, - 2. 99008) +X

(19, - 1. 73095) *X

(20, -0. 7367)

XXé###################

0)
, 0. 498921)
,0.786221) X+
(24, 0.883631) #X
,0.797521) X+
, 0. 516259) X+
,0.0119923) X+
-0.749276) A
. 78571) ot
. 06806) X+ #
- 4. 47966) X+ #
77697) Xt 4
. 53455) +X #
. 05297) X #
-3.26984) - o @
(36, 0. 838683) o+ ey
(37,-1.92101) e+ r
(38, -6.56587) o+ . “
(39, 0. 279952) et M

w
=
WODUAWRO

Table 2.7:Response aforrected digital A weighting filter at
sampling period 0°s (see explanation foFable 2.4. Significant
improvement with respect to uncorrected responee/stin Table 2.4is
achievedMaximum relative error 0.078 permits that also for type 1
instruments major source of error are elsewheriéel@nce with respect
to analogue filter is notable at higher frequenéasyhich tolerances are
not prescribed and should therefore not affect d@mge with the
standard.

Filter A corrected, Ts=le-5

f [Hz] an. r. [db] num dig. n.d.-a. tol. type 1 (n.d.-a.)/+tol
* 10 -70.4351 -70.5392 -0.104099 -1e+30 - 3 1. 04099e- 31
* 12.5893 -63.3758 -63.4701 -0.094313 -1e+30 - 3 9. 4313e-32
* 15. 8489 -56. 6927 -56.7747 -0.0820821 -1e+30 - 3 8. 20821e- 32
* 19.9526 -50. 4566 -50.524 -0.067383 -3-3 0. 022461
* 25.1189 -44.7072 -44.7591  -0.0518727 -2 -2 0. 0259364
* 31.6228 -39. 444 -39.481 -0.0369501 -1.5- 1.5 0. 0246334
* 39.8107 -34.6341 -34.6578 -0.0237028 -1.5- 1.5 0.0158018
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* 50.1187 -30.2318 - 30. 2452 -0.0134629 -1.5 - 1.5 0. 00897529
*  63. 0957 -26.1976 -26.2033 -0.00575954 -1.5 - 1.5 0. 0038397
* 79.4328 -22.5066 -22.5067 -0.000113519 -1.5 - 1.5 7.56793e- 05
* 100 -19. 1452 -19. 1415 0. 00367393 -1 -1 0. 00367393
* 125.893 -16. 1003 -16. 0939 0. 0063976 -1 -1 0. 0063976
* 158. 489 -13.3518 -13. 3437 0. 0080958 -1 -1 0. 0080958
* 199.526 -10. 8715 -10. 8626 0. 00886421 -1 -1 0. 00886421
* 251.189 -8.63114 -8.62185 0. 0092911 -1 -1 0. 0092911
* 316.228 -6.61163 - 6. 60247 0. 00916445 -1 -1 0. 00916445
* 398. 107 -4, 80889 -4, 80029 0. 00859998 -1 -1 0. 00859998
* 501.187 -3.23297 -3.2256 0. 00737752 -1 -1 0. 00737752
* 630. 957 -1.90067 -1. 89525 0. 00542718 -1 -1 0. 00542718
* 794,328 -0. 823951 - 0. 820972 0. 0029788 -1 -1 0. 0029788
* 1000 0 0 0 -1 -1 0
* 1258.93 0.591255 0.587137 -0.00411799 -1 -1 0. 00411799
* 1584. 89 0. 980885 0. 970497 -0.0103875 -1 -1 0. 0103875
* 1995. 26 1.20024 1.18123 -0. 0190086 -1 -1 0. 0190086
* 2511.89 1.27114 1. 23924 -0.0318934 -1 -1 0. 0318934
* 3162.28 1.19934 1.14872 -0. 0506175 -1 -1 0. 0506175
* 3981. 07 0.970799 0. 893564 -0.0772344 -1 -1 0. 0772344
* 5011. 87 0. 549976 0. 437041 -0.112935 -1.5 - 1.5 0. 07529
*  6309. 57 -0.119329 -0.275483 -0. 156154 -2 - 1.5 0. 078077
* 7943.28 -1.10806 -1.30737 - 0. 199305 -3 - 1.5 0. 066435
* 10000 -2.48833 -2.71193 -0.223598 -4 - 2 0. 0558996
* 12589.3 -4,31312 -4.50934 -0.196222 -6 - 3 0. 0327037
* 15848.9 -6.59725 - 6. 66485 -0.0676055 -1e+30 - 3 6. 76055e- 32
* 19952.6 -9.31078 -9.07744 0.233345 -1e+30 - 3 0.0777818
* 25118.9 -12.3893 -11.5794 0. 809827
* 31622.8 -15.7534 -13.9319 1.82155
* 39810.7 -19. 327 -15.7848 3.54214
* 50118.7 -23.0468 -16.5788 6. 468
*  63095.7 - 26. 8652 -15. 2582 11. 607
Correction: 2.24505 db, anp. factor 1.29495 (th. cor=1.2589)
Maxi mumrel ative error: 0.078077
. #
- #
Jon ik #
orn #
5 PN #
6 won e #
(7,-34.6578) wxXE #
(8,-30.2452) >k Yk #
(9, - 26.2033) wxXE #
(10, - 22. 5067) wxXE #
(11, -19. 1415) *x X #
(12, - 16. 0939) *X #
(13, -13.3437) *X #
(14, - 10. 8626) *X #
(15, - 8. 62185) *X #
(16, - 6. 60247) *X #
(17, - 4. 80029) *X #
(18, - 3. 2256) *X o #
(19, - 1. 89525) X #
(20, - 0. 820972) X#
(21,0) X
(22,0.587137) X
(23, 0. 970497) #X
(24,1.18123) #X
(25, 1. 23924) #X
(26, 1.14872) #X
(27, 0. 893564) #X
(28, 0. 437041) X
(29, -0. 275483) X+
(30, -1.30737) X+t
(31,-2.71193) X #
(32, - 4.50934) X #
(33, - 6. 66485) X* #
(34,-9.07744) +X* #
(35,-11.5794) +X* #
(36, -13.9319) XK #
(37, -15.7848) X 4
(38,-16.5788) ++++ X #
(39, - 15. 2582) . X #

Plotting from1l to 39,

range -70.5392 to 2.18013.
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2.4.3 Errors Due To Level Discretisation at ADC
Conversion

Individual samples of the signal will be represdnby a finite number of bits
(level discretisation), which will cause additional distortion of didifdter response.
Errors caused by level discretisation have beerestiyated by checking filter
response on sinusoidal signals with different nesmhs. Amplitude of testing signals
was always the same as ADC range, but number sfusid for representation of
different levels was varied. Results of numerioaksstigation are shown in Table 2.9
through Table 2.14.

Results show thamplitude of a sinusoidal signaimust beat least 11 bits
in order to obtain response within tolerances. datwuracy at 11 bits would be rather
poor for type 1 instruments and satisfactory fqrety2. 11 bits means 181024
distinctive positive and negative levels (one bidisign bit).

According to the results, 12 bits should be takemamabsolute minimum for
amplitude of the lowest signal that can occur dymmeasurement within a certain
range if this signal is sinusoidal. At A certairseeve should be taken in practice, at
least 3 bits are suggested. Table 2.14 clearlywshoow accuracy of frequency
weighting is destroyed when the detected signatd@msow amplitude.

The total amplitude range of the ADC must be aademumber of bits above
the minimum signal amplitude that can be accuratelgasured. This number
depends on level range we would like to have. Ealthitional bit extends the level
range by 6.02 dB:

bit = 602dB. (2.43)

For example, by 7 additional bits (above the mimmi2, say) we have level range
of 40dB, by 10 additional bits we obtain the range of 80ashd by 14 additional bits

the range of 80 dB (Table 2.8). By 16 bit convansive could cover the range of 20
dB in the best possible case, which is probablyobufuestion. By 24 bit conversion
we could in the best case cover the range of 7QrdBhis respect there is not much
difference between types 1 and 2, since by lowguired accuracy for type 2 at most
a single bit can be gained.

Table 2.8:relation between the number of additional bitkeirel
representation and the extension of the level range
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Bits / dB
1 6. 0206
12. 0412
3 18. 0618
4 24.0824
5 30. 103
6 36. 1236
7 42. 1442
8 48. 1648
9 54. 1854
10 60. 206
11 66. 2266
12 72.2472
13 78.2678
14 84. 2884

15 90. 309
16 96. 3296
17 102. 35

18 108. 371
19 114. 391
20 120. 412

Table 2.9:Response aforrected digital A weighting filter at
sampling period 0°s with limited (8 bits) signal representation (see
explanation foiTable 2.4. Problems occur at low frequencies where the
signal has an expressive step form, which causaatams in the high
pass filter response. Response is obtained witlssidal signal of
amplitude equal to the ADC range (i.e. the highegl| of the signal
which is representable).

Corrected digital Afilter, Ts=le-5 s, linited representation (8 bits)

f [Hz] an. r. [db] num dig. n.d.-a. tol. type 1 (n.d.-a.)/+tol
* 10 -70. 4351 -51.2148 19.2204 -1e+30 - 3 6. 40678
* 12.5893 -63. 3758 -51. 6205 11. 7553 -1e+30 - 3 3.91843
* 15. 8489 -56. 6927 -51. 2532 5.43942 -1e+30 - 3 1.81314
* 19.9526 -50. 4566 -48. 7553 1.70132 -3-3 0.567107
* 25.1189 -44.7072 -44.3066 0. 400583 -2 -2 0.200292
* 31.6228 -39. 444 -39. 3598 0.0841926 -1.5 - 1.5 0. 0561284
* 39.8107 -34. 6341 -34.618 0.0160588 -1.5 - 1.5 0. 0107059
* 50.1187 - 30. 2318 -30.2275 0.00430965 -1.5 - 1.5 0. 0028731
*  63.0957 -26.1976 -26.1907 0.00690297 -1.5 - 1.5 0.00460198
* 79.4328 -22.5066 -22.4969 0.00974059 -1.5 - 1.5 0. 00649373
* 100 -19. 1452 -19.1323 0. 0128889 -1 -1 0. 0128889
* 125.893 -16. 1003 -16. 0847 0. 0155984 -1-1 0. 0155984
* 158. 489 -13. 3518 -13. 3352 0.0165983 -1-1 0.0165983
* 199.526 -10. 8715 -10. 8541 0.0174383 -1 -1 0.0174383
* 251.189 -8.63114 -8.61323 0. 0179079 -1 -1 0. 0179079
* 316.228 -6.61163 -6.59412 0.0175098 -1-1 0.0175098
* 398.107 -4.80889 -4.79187 0.0170147 -1-1 0.0170147
* 501.187 - 3.23297 -3.21713 0. 0158427 -1-1 0. 0158427
* 630. 957 -1.90067 -1.88692 0. 0137497 -1 -1 0. 0137497
* 794.328 -0.823951 -0.812513 0. 0114385 -1 -1 0. 0114385
* 1000 0 0 0 -1-1 0
* 1258.93 0.591255 0.595523  0.00426843 -1-1 0.00426843
* 1584. 89 0. 980885 0.978947 -0.00193742 -1 -1 0. 00193742
* 1995. 26 1.20024 1.18959 -0.0106521 -1 -1 0. 0106521
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* 2511. 89 1.27114 1. 2477 -0. 0234344 -1-1 0. 0234344

* 3162.28 1.19934 1.15728 - 0. 0420544 -1 -1 0. 0420544

* 3981. 07 0.970799 0. 902015 - 0. 0687835 -1 -1 0. 0687835

* 5011. 87 0. 549976 0. 445454 -0.104523 -1.5 - 1.5 0. 0696819

* 6309. 57 -0.119329 -0.267003 -0.147674 -2 - 1.5 0. 0738369

* 7943.28 -1. 10806 -1.2989 - 0. 190837 -3 - 1.5 0. 0636124

* 10000 -2.48833 -2.70874 - 0. 220402 -4 - 2 0. 0551006

* 12589.3 -4.31312 -4.50082 -0.187697 -6 - 3 0. 0312828

* 15848.9 -6.59725 -6. 65628 -0. 0590299 -1e+30 - 3 5. 90299e- 32
* 19952.6 -9.31078 -9. 06884 0.241949 -1e+30 - 3 0. 0806498

Correction: 2.25284 db, anp. factor 1.29611 (th. cor=1.2589)

Maxi mum rel ative error: 6.40678

++++ X
+H++++ X
+H++++ X
+++* X*
G
*okk Yk

-34.618) xR X*
- 30. 2275) *EX*
-26.1907) *EX*
(10, - 22. 4969) *EX*
(11,-19.1323) **X
(12, -16.0847) *X
(13,-13.3352) *X
(14, -10. 8541) *X
(15, -8.61323) *X
(16, -6.59412) *X
(17,-4.79187) *X
(18,-3.21713) *X

1

0

)

AAAmm
Lo~

(19, - 1. 88692) *X
(20, - 0. 812513)
(21,0
(22, 0. 595523)
(23, 0. 978947) #X
(24, 1. 18959) #X
1
1
0
0

XX%###################

(25, 1. 2477) #X
(26, 1. 15728) #X
(27, 0. 902015) #X
(28, 0. 445454) X
(29, - 0. 267003) X
(30, - 1. 2989) X #
(31, -2.70874) X #
(32, - 4.50082) X< #
(33, - 6. 65628) X* #
(34,-9.06884) X #

Table 2.10:Response of corrected digital A weighting filtér a
sampling period 168 with limited @ bits) signal representation (see
explanation offable 2.9.

Corrected digital Afilter, Ts=le-5 s, linmited representation (9 bits):

f [Hz] an. r. [db] num dig. n.d.-a. tol. type 1 (n.d.-a.)/+tol
* 10 -70.4351 -59.1758 11. 2593 -1e+30 - 3 3. 75311
* 12.5893 -63. 3758 -58. 649 4.72678 -1e+30 - 3 1. 57559
* 15. 8489 -56. 6927 -55.4301 1.26258 -1e+30 - 3 0. 420859
* 19.9526 -50. 4566 -50. 2163 0. 240265 -3-3 0. 0800882
* 25.1189 -44.7072 -44.689 0.0182623 -2 -2 0.00913116
* 31.6228 -39. 444 - 39. 4587 -0.0146995 -1.5 - 1.5 0. 0097997
* 39.8107 -34. 6341 - 34. 6527 -0.0186262 -1.5 - 1.5 0. 0124175
* 50.1187 - 30. 2318 -30.2437 -0.0118978 -1.5 - 1.5 0.00793185
*  63.0957 -26.1976 -26.2022 -0.00461535 -1.5 - 1.5 0. 0030769
* 79.4328 -22.5066 -22.5067 -0.000109635 -1.5 - 1.5 7.30902e-05
* 100 -19. 1452 -19. 1422 0. 00298145 -1 -1 0. 00298145
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* 125.893 -16.1003 -16. 0942 0. 00610025 -1-1 0. 00610025
* 158. 489 -13. 3518 -13. 3441 0. 00769881 -1 -1 0. 00769881
* 199. 526 -10. 8715 -10. 8631 0. 00839151 -1 -1 0. 00839151
* 251.189 -8.63114 -8.62239 0. 00874622 -1-1 0. 00874622
* 316. 228 -6.61163 -6.60281 0. 00882278 -1-1 0. 00882278
* 398. 107 -4.80889 -4.80086 0. 00802652 -1 -1 0. 00802652
* 501. 187 -3.23297 -3.22604 0. 00693662 -1 -1 0. 00693662
* 630. 957 -1. 90067 -1.89591 0. 00476548 -1-1 0. 00476548
* 794.328 -0.823951 -0.821493 0. 00245791 -1-1 0. 00245791
* 1000 0 0 0 -1 -1 0
* 1258.93 0.591255 0.586695 -0.00455951 -1 -1 0. 00455951
* 1584.89 0. 980885 0. 969992 -0.0108924 -1 -1 0. 0108924
* 1995. 26 1.20024 1.18078 - 0. 0194558 -1-1 0. 0194558
* 2511. 89 1.27114 1.23873 - 0. 0324026 -1-1 0. 0324026
* 3162.28 1.19934 1. 14819 - 0. 0511411 -1 -1 0. 0511411
* 3981. 07 0.970799 0. 893008 -0.0777908 -1 -1 0. 0777908
* 5011. 87 0. 549976 0. 436509 -0.113468 -1.5 - 1.5 0. 075645
* 6309. 57 -0.119329 -0. 275956 -0. 156627 -2 - 1.5 0. 0783135
* 7943.28 -1. 10806 -1.30786 - 0. 199792 -3 - 1.5 0. 0665973
* 10000 -2.48833 -2.71347 -0.225138 -4 - 2 0. 0562846
* 12589.3 -4.31312 -4.50989 -0.196768 -6 - 3 0. 0327946
* 15848.9 -6.59725 -6. 66536 -0.0681158 -1e+30 - 3 6.81158e- 32
* 19952.6 -9.31078 -9.07794 0.232841 -1e+30 - 3 0. 0776136

Correction: 2.2443 db, anp. factor 1.29484 (th. cor=1.2589)

Maxi mumrel ative error in decibels: 3.75311

Table 2.11:Response of corrected digital A weighting filtér a
sampling period 185 with limited (LO bits) signal representation (see
explanation offable 2.9. Error is not acceptable, neither for a type . no
for type 2 instrument.

Corrected digital Afilter, Ts=le-5 s, linited representation (10 bits):

f [Hz] an. r. [db] num dig. n.d.-a. tol. type 1 (n.d.-a.)/+tol
* 10 -70.4351 -65. 9584 4. 4767 -1e+30 - 3 1.49223
* 12.5893 -63. 3758 -62. 2957 1.08013 -1e+30 - 3 0. 360042
* 15.8489 -56. 6927 -56. 4767 0.21595 -1e+30 - 3 0.0719832
* 19.9526 -50. 4566 -50.4649 -0.0082744 -3-3 0.00275813
* 25.1189 -44.7072 -44. 7474 -0.0401674 -2 - 2 0. 0200837
* 31.6228 -39. 444 -39.474 -0.0299704 -1.5 - 1.5 0. 0199803
* 39.8107 -34. 6341 - 34. 6581 -0.0240063 -1.5 - 1.5 0. 0160042
* 50.1187 - 30. 2318 -30.2474 -0.0156154 -1.5 - 1.5 0. 0104102
*  63.0957 -26.1976 -26.2057 -0.00810953 -1.5 - 1.5 0.00540635
* 79.4328 -22.5066 -22.5093 -0.00273116 -1.5 - 1.5 0. 00182077
* 100 -19. 1452 -19. 1441 0. 00106826 -1 -1 0. 00106826
* 125.893 -16. 1003 -16.0967 0.00361809 -1-1 0. 00361809
* 158. 489 -13. 3518 -13.3465 0.00532167 -1-1 0. 00532167
* 199. 526 -10. 8715 -10. 8654 0. 00608995 -1 -1 0. 00608995
* 251.189 -8.63114 - 8.62458 0. 00656555 -1 -1 0. 00656555
* 316.228 -6.61163 -6.60528 0.00635681 -1-1 0. 00635681
* 398.107 -4.80889 -4.80303 0.00585279 -1-1 0. 00585279
* 501. 187 - 3. 23297 -3.22842 0. 00455615 -1 -1 0. 00455615
* 630. 957 -1.90067 -1.89793 0. 00274117 -1 -1 0. 00274117
* 794.328 -0.823951 -0.823745 0.000206604 -1-1 0. 000206604
* 1000 0 0 0 -1-1 0
* 1258.93 0. 591255 0. 584398 -0.00685653 -1 -1 0. 00685653
* 1584. 89 0. 980885 0. 967747 -0.0131372 -1 -1 0. 0131372
* 1995. 26 1.20024 1.17845 -0.0217923 -1-1 0.0217923
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* 2511. 89 1.27114 1. 23647 -0. 0346677 -1-1 0. 0346677

* 3162.28 1.19934 1. 14602 - 0. 0533148 -1 -1 0. 0533148

* 3981. 07 0.970799 0. 890808 -0. 0799911 -1 -1 0. 0799911

* 5011. 87 0. 549976 0. 434195 -0.115781 -1.5 - 1.5 0. 0771875

* 6309. 57 -0.119329 -0.278225 -0.158896 -2 - 1.5 0. 0794482

* 7943.28 -1. 10806 -1.31012 - 0. 202057 -3 - 1.5 0. 0673524

* 10000 -2.48833 -2.71556 -0.227224 -4 - 2 0. 0568059

* 12589.3 -4.31312 -4.51208 -0.198958 -6 - 3 0. 0331597

* 15848.9 -6.59725 -6. 66759 -0.0703446 -1e+30 - 3 7.03446e- 32
* 19952.6 -9.31078 -9. 08017 0.230616 -1e+30 - 3 0. 0768721

Correction: 2.24222 db, anp. factor 1.29453 (th. cor=1.2589)

Maxi mum rel ative error in decibels: 1.49223

Table 2.12:Response of corrected digital A weighting filtér a
sampling period 168 with limited (L1 bits) signal representation (see
explanation offable 2.9. Error is acceptable for a type 1 instrument and
hardly acceptable for a type 2 instrument.

Corrected digital Afilter, Ts=le-5 s, limted representation (11 bits),
anmpl i tude of sinusoidal signals equals anplitude range

f [Hz] an. r. [db] num dig. n.d.-a. tol. type 1 (n.d.-a.)/+tol
* 10 -70. 4351 -69. 2649 1.17024 -1e+30 - 3 0. 39008
* 12.5893 -63. 3758 -63. 2056 0.170192 -1e+30 - 3 0. 0567308
* 15. 8489 -56. 6927 -56. 6406 0. 0520146 -1e+30 - 3 0. 0173382
* 19.9526 -50. 4566 -50.5003 -0.0436708 -3-3 0. 0145569
* 25.1189 -44.7072 -44.7526  -0.0453987 -2 -2 0. 0226994
* 31.6228 -39. 444 -39. 4767 -0.0326585 -1.5 - 1.5 0. 0217724
* 39.8107 -34. 6341 -34. 6554 -0.0212747 -1.5 - 1.5 0. 0141832
* 50.1187 - 30. 2318 -30.2432 -0.0114729 -1.5 - 1.5 0.00764858
*  63.0957 -26.1976 -26.2014 -0.00379237 -1.5 - 1.5 0.00252825
* 79.4328 -22.5066 -22.5048 0.00179175 -1.5 - 1.5 0. 0011945
* 100 -19. 1452 -19. 1396 0. 00552147 -1 -1 0. 00552147
* 125.893 -16. 1003 -16.092  0.00829559 -1-1 0. 00829559
* 158. 489 -13. 3518 -13.3418 0. 00998063 -1-1 0. 00998063
* 199. 526 -10. 8715 -10. 8608 0. 0107419 -1 -1 0. 0107419
* 251.189 -8.63114 -8.61998 0.0111636 -1 -1 0.0111636
*  316.228 -6.61163 - 6. 60056 0.0110711 -1-1 0.0110711
* 398.107 -4.80889 -4.79842 0.0104627 -1-1 0.0104627
* 501. 187 - 3. 23297 -3.22372 0. 00925722 -1 -1 0. 00925722
* 630. 957 -1.90067 -1.89336 0. 00730831 -1 -1 0. 00730831
* 794.328 -0.823951 -0.819084 0. 00486669 -1 -1 0. 00486669
* 1000 0 0 0 -1-1 0
* 1258.93 0.591255 0.588997 -0.00225808 -1-1 0. 00225808
* 1584. 89 0. 980885 0.972343 -0.00854108 -1 -1 0. 00854108
* 1995. 26 1.20024 1.18313 -0.0171118 -1 -1 0.0171118
* 2511.89 1.27114 1.24114  -0.0299934 -1-1 0. 0299934
*  3162. 28 1.19934 1.15059 -0.0487478 -1-1 0. 0487478
* 3981.07 0. 970799 0. 895437 -0.075362 -1 -1 0. 075362
* 5011. 87 0. 549976 0. 43888 -0.111097 -1.5 - 1.5 0. 0740644
*  6309. 57 -0.119329 -0.273638 -0. 154309 -2 - 1.5 0.0771545
* 7943. 28 -1.10806 -1. 3055 -0.19744 -3- 1.5 0. 0658135
* 10000 -2.48833 -2.7127 -0. 224365 -4 - 2 0. 0560912
* 12589.3 -4.31312 -4.50743 -0.194314 -6 - 3 0. 0323856
* 15848.9 -6.59725 -6. 66297 -0.065724 -1e+30 - 3 6. 5724e- 32
* 19952.6 -9.31078 -9. 07554 0.235245 -1e+30 - 3 0.0784151

Correction: 2.24689 db, anp. factor 1.29522 (th. cor=1.2589)
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Maxi mum rel ative error in decibels: 0.39008

Table 2.13:Response of corrected digital A weighting filtér a
sampling period 18 with limited (L2 bits) signal representation (see
explanation offable 2.9. Error because of discrete level representation
is still present and vanishes at 13 bits. Errortoanever be considered
acceptable for a type 1 and 2 instrument.

Corrected digital Afilter, Ts=le-5 s, limted representation (12 bits),
anplitude of sinusoidal signals equals anplitude range

Corrected digital response, correction=2.24466 db

f [Hz] an. r. [db] num dig. n.d.-a. tol. type 1 (n.d.-a.)/+tol

* 10 -70. 4351 -69. 9916 0. 443546 -1e+30 - 3 0. 147849
* 12.5893 -63. 3758 -63. 3869 -0.011094 -1e+30 - 3 1. 1094e- 32
* 15.8489 -56. 6927 -56.7437 -0.0510827 -1e+30 - 3 5.10827e- 32
* 19.9526 -50. 4566 -50.5219 -0.0652694 -3-3 0. 0217565
* 25.1189 -44.7072 -44. 7579 -0. 0506681 -2 - 2 0. 0253341
* 31.6228 -39. 444 - 39. 4808 -0.0367662 -1.5 - 1.5 0. 0245108
* 39.8107 -34. 6341 - 34. 6581 -0.0240096 -1.5 - 1.5 0. 0160064
* 50.1187 - 30. 2318 -30.2455 -0.0137465 -1.5 - 1.5 0.00916435
*  63.0957 -26.1976 -26.2037 -0.00612825 -1.5 - 1.5 0. 0040855
* 79.4328 -22.5066 -22.5071 -0.000497661 -1.5 - 1.5 0. 000331774
* 100 -19. 1452 -19. 1418 0. 00337538 -1 -1 0. 00337538
* 125.893 -16. 1003 -16.0943 0.00602782 -1-1 0. 00602782
* 158. 489 -13. 3518 -13.3441  0.00771941 -1-1 0.00771941
* 199.526 -10. 8715 -10. 863 0. 00850218 -1 -1 0. 00850218
* 251.189 -8.63114 -8.62223 0. 00891181 -1 -1 0. 00891181
* 316.228 -6.61163 -6.60287 0.00876745 -1-1 0.00876745
* 398.107 -4.80889 -4.80067 0.00821785 -1-1 0.00821785
* 501. 187 -3.23297 -3.22599 0. 00698371 -1 -1 0. 00698371
* 630. 957 -1.90067 -1.89562 0. 00504857 -1 -1 0. 00504857
* 794.328 -0.823951 -0.821369 0.00258172 -1-1 0.00258172
* 1000 0 0 0 -1-1 0
* 1258.93 0. 591255 0. 586764 -0.00449079 -1 -1 0. 00449079
* 1584. 89 0. 980885 0. 970085 -0.0107995 -1 -1 0. 0107995
* 1995. 26 1.20024 1.18087 -0.0193698 -1-1 0. 0193698
* 2511.89 1.27114 1.23885 -0.0322875 -1-1 0. 0322875
* 3162.28 1.19934 1.14833 -0. 0510007 -1 -1 0. 0510007
* 3981.07 0. 970799 0. 893177 -0.0776221 -1 -1 0.0776221
* 5011.87 0. 549976 0. 436659 -0.113317 -1.5 - 1.5 0. 0755449
*  6309. 57 -0.119329 -0. 275846 -0. 156518 -2 - 1.5 0.0782588
* 7943. 28 -1.10806 -1.30772 -0. 199661 -3- 1.5 0. 0665537
* 10000 -2.48833 -2.71174 -0.22341 -4 - 2 0. 0558526
* 12589.3 -4.31312 -4.50972 -0.196602 -6 - 3 0. 032767
* 15848.9 -6.59725 -6. 66525 -0.068001 -1e+30 - 3 6. 8001e- 32
* 19952.6 -9.31078 -9.07784 0.232948 -1e+30 - 3 0.0776495

Correction: 2.24466 db, anp. factor 1.29489 (th. cor=1.2589)

Maxi mum rel ative error in decibels: 0.147849
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Table 2.14:Response of corrected digital A weighting filtér a
sampling period 18 with very low & bits where 8 positive and
negative levels can be representggignal resolution (see explanation of
Table 2.9. Filtere response is completely destroyed fayudencies
below 100 Hz.

Corrected digital Afilter, Ts=le-5 s, limted representation (4 bits)>

f [Hz] an. r. [db] num dig. n.d.-a. tol. type 1 (n.d.-a.)/+tol

* 10 -70.4351 -29.1868 41.2484 -1e+30 - 3 13. 7495
* 12.5893 -63.3758 -28.4138 34.962 -1e+30 - 3 11. 654
* 15. 8489 -56. 6927 -27.7283 28.9644 -1e+30 - 3 9. 65479
* 19.9526 -50. 4566 -27.14 23. 3165 -3-3 7.77218
* 25.1189 -44.7072 - 26. 6404 18. 0668 -2- 2 9. 03341
* 31.6228 -39. 444 -26.1744 13.2696 -1.5- 1.5 8. 84642
* 39.8107 -34.6341 -25. 6067 9.02736 -1.5 - 1.5 6.01824
* 50.1187 -30. 2318 -24. 6946 5.53718 -1.5 - 1.5 3. 69145
*  63.0957 -26.1976 -23.1781 3.01949 -1.5 - 1.5 2.01299
* 79.4328 -22.5066 -21.0164 1.49024 -1.5 - 1.5 0. 993492
* 100 -19. 1452 -18. 449 0. 696154 -1-1 0. 696154
* 125.893 -16. 1003 -15. 7837 0. 316654 -1-1 0. 316654
* 158. 489 -13.3518 -13. 2111 0. 140693 -1-1 0. 140693
* 199.526 -10. 8715 -10. 8121 0. 0594233 -1-1 0. 0594233
* 251.189 -8.63114 -8.611 0. 0201433 -1-1 0. 0201433
* 316.228 -6.61163 -6.61009 0.00153989 -1-1 0. 00153989
* 398.107 -4.80889 -4.81647 -0.00758056 -1-1 0. 00758056
* 501.187 -3.23297 -3.24556  -0.0125844 -1-1 0.0125844
*  630. 957 -1.90067 -1.91812  -0.0174486 -1-1 0.0174486
* 794.328 -0. 823951 -0.845145  -0.0211939 -1-1 0.0211939
* 1000 0 0 0 -1-1 0
* 1258.93 0. 591255 0.562771  -0.0284839 -1-1 0. 0284839
* 1584.89 0. 980885 0.946065  -0.0348192 -1-1 0. 0348192
* 1995. 26 1.20024 1.15819  -0.0420459 -1-1 0. 0420459
* 2511.89 1.27114 1.21649  -0.0546433 -1-1 0. 0546433
* 3162.28 1.19934 1.12404 -0.0752919 -1-1 0.0752919
* 3981. 07 0.970799 0.871585  -0.0992135 -1-1 0. 0992135
* 5011. 87 0. 549976 0. 415032 -0.134944 -1.5 - 1.5 0. 0899628
*  6309. 57 -0.119329 -0. 298052 -0.178724 -2 - 1.5 0. 0893618
* 7943.28 -1.10806 -1. 32965 -0. 221587 -3- 1.5 0.0738624
* 10000 -2.48833 -2.62558 -0. 137243 -4 - 2 0. 0343108
* 12589.3 -4.31312 -4.52824 -0.215119 -6 - 3 0. 0358532
* 15848.9 -6.59725 -6.68114  -0.0838912 -1e+30 - 3 8. 38912e- 32
* 19952. 6 -9.31078 -9.08381 0.226972 -1e+30 - 3 0. 0756573

Correction: 2.17788 db, anp. factor 1.28497 (th. cor=1.2589)

Maxi mumrel ative error in decibels: 13.7495

+H++ X
e+ X
+H++++ X
+HH+ X
5 ++++++ X
6 +++++ X
(7,-25.6067) ++++ X
(8, -24.6946) +H++ X
(9,-23.1781) ++++ X
(10, -21.0164) +++* X
(11, -18. 449) ++* X
(12, -15.7837) *X
(13,-13.2111) *X
(14,-10.8121) *X
(15,-8.611) *X
(16, -6.61009) *X
(17, -4.81647) *X
(18, - 3. 24556) *X
(19,-1.91812) *X
(20, - 0. 845145)
(21,0
(22,0.562771)

XX%###################

Torwh
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2. Filters

(23, 0. 946065) #X
(24, 1. 15819) #X
(25, 1. 21649) #X
(26, 1. 12404) #X
(27, 0. 871585) #X
(28, 0. 415032) X
(29, - 0. 298052) X
(30, - 1. 32965) X #
(31, - 2. 62558) X #
(32, - 4.52824) X+ #
(33, -6.68114) X #
(34, -9.08381) +X* #

2.4.3.1 Smoothing of Sampled Signals

Limited level resolution causes problems becausmrainuously varying
signal is represented by a step function. Even whersignal is gradually changing,
a number of samples have the same discrete levethwhen jumps to another
discrete level, and after a number of samples @fstme represented level it jumps
to another discrete level again (Figure 2.5). Thefaviour is emphasised at low
frequencies where the number of consequent samjifleshe same level is greater
because of slower variation by time.

One idea of how to correct the error in responsdigital filters because of
the discrete level representation is therefore shiiog of the sample before filtering.

Detected continuou
sigha

|

¢
\DF
%

p

Smoothed sampled signa|

TT

Sampled signal

Figure 2.5: effects of sampling with AD conversion and smoagfi

Smoothing should result in intermediate levelsarhples as shown in Figure
2.5. Computationally acceptable approaches inchigous ways of averaging,
where each sample value is obtained as a comhbmnafiovalues of neighbouring
samples. Smoothed samples must of course be reprddey higher resolution than
Is used for AD conversion.
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Two basic approaches were tested. At the first Gaaghr the level of each
smoothed sample is a combination of levels of &asemumber of previous non-
smoothed samples. The sum of coefficient of thealincombination must be 1. At
low frequencies this approach is not very efficientess a high number of previous
samples are involved.

Another approach each smoothed sample is a condinaf a certain
number of previous already smoothed samples. Thmoach is more efficient
because the effect of smoothing of a given sampkickes back to all previous
samples.

Response of frequency weighting filter is much dretin smoothed signals
than on non-smoothed. Various numbers of smootlpagameters have been
optimised in order to give the best filter responsesmoothed signals. Results are
shown in Table 2.15 for the second approach, whemmothed signals are
combinations of already smoothed signals.

Table 2.15:Maximum relative errors of the A weighting filter
response on optimally smoothed samples with celeaiel resolution.
Different number of smoothing parameters were used.

Bits/Par. 7 5 3 2 No smoothinp
8 1.4 0.33 0.41 0.44 6.4
9 0.51 0.085 0.25 0.27 3.75
10 0.099 0.105 0.084 0.088 1.49
11 0.205 0.085 0.078 0.078 0.39
12 0.099 0.085 0.078 0.078 0.15

These results show that errors with respect todbfaired response are much
smaller on smoothed signals than on non-smoothlee.pfoblem is that smoothing
itself produces a frequency dependent attenuaticheosignal (higher frequencies
are attenuated more than lower ones). Combinedudrery response of the
smoothing and weighting filter therefore differsorr original response. The
frequency response of the weighting filter shodldréfore be corrected in such a
way that the frequency response of smoothing wbaldompensated.

A larger number of smoothing parameters and filberrections were
optimised in order to achieve smoothing and corfieciuency response at the same
time. Results are rather poor and lead to conahugiat smoothing is not worth to be
applied, since a minimal gain in reducing the ledistretisation error can not excuse
the additional processing cost.
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Table 2.16:Maximum relative errors of the optimally combined
smoothing and A weighting. Different number of srimiog parameters
were used. When 11 parameters are used, thereaanplitude factor, 5
smoothing parameters for the first approach, 3 ¢shiog parameters for
the second approach, and 2 frequency correctiarthdoveighting filter.
When 15 parameters are used, there are 1 ampfaatte, 5 smoothing
parameters for the first approach, 5 smoothingmpaters for the second
approach, and 4 frequency corrections for the wigtfilter.

Bits/Par. 11 15 No smoothing
4.77 6.4
2.53 2.316 3.75
10 1.016 0.743 1.49
11 0.304 0.182 0.39
12 0.125 0.15

2.5 Tables from Standards

Table 2.17:A, B and C weighted frequency response in decikels
specified in the standard [5].is a frequency measure, namely the

frequency is obtained as(n) =1KHz[10*"".

nomf. Aw. B w. C wei ghting

10 -70.4 -38.2 -14.3
12.5 -63.4 -33.2 -11.2
16 -56.7 -28.5 -8.5
20 -50.5 -24.2 -6.2
25 -44.7 -20.4 -4.4
31.5 -39.4 -17.1 -3.0
40 -34.6 -14.2 -2.0
50 -30.2 -11.6 -1.3
63 -26.2 -9.3 -0.8
80 -22.5 -7.4 -0.5
100 -19.1 -5.6 -0.3
125 -16.1  -4.2 -0.2
160 -13.4 -3.0 -0.1
200 -10.9 -2.0 -0.0
250 -8.6 -1.3 -0.0
315 -6.6 -0.8 -0.0
400 -4.8 -0.5 -0.0
500 -3.2 -0.3 -0.0
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2.6 Time Weighting

After the signal is frequency weighted, time weight must be applied
(Figure 2.6). Either S (slow), F (fast) of | (inpe) weighting regime is used.

Frequency
weighting
filters

Optional band Averaging
pass filters circuits
Variable »
- Squarini
amplifier for octave ci?cuit 9

P lifi L
reampilier  calipration

Microphone

1

]

1/3 octaw Time
weighting

(|

Indicator Further processing (logarithming,
integration, statistical quantities)

Figure 2.6: Scheme of a complete sound level meter.

Time weighting consists of a squaring circuit and an exponeatiaraging
circuit (Figure 2.7). In the case of digital impientation, the squaring unit simply
squares each sample. Teeponential averaging circuitis implemented as w
pass filter (either analogue or digital, dependent on impletem).

The exponential averaging circuits differ in timenstant for F, S and |
weighting. This constant determines how quickly théication (or output signal)
falls when a constant signal is suddenly switch#dFor a low pass filter, the time
constant is

r=—=—=——_, (2.44)

fo=—". (2.45)

The decay of the indication when turning off a dansinput signal is described by
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o(t)=0(0)e" (2.46)
or in the case of a digital signal
O, =0, €. (2.47)

This gives a decay for fact@ 9" per a second, which can be expressed in
decibels by taking the base ten logarithm and thehiplying by a factor 10.

Exponential averaging

____|squaring circ_uit
circuit F: time constant 125 ms —
S: time constant 1000 ms

Figure 2.7: Scheme of F and S time weighting

The impulse time weighting includes, in addition tiee squaring and
averaging circuit, thpeak detector(Figure 2.8). The peak detector has a function of
storing the voltage fed to it for a sufficient tine allow it to be displayed by the
indicator. The onset time of the peak detector rhessmall compared with the time
constant of the averaging circuit (35 ms). Its Decate must be 2.9 dB/s, which
gives the time constant,., =15s.

eak

In digital implementation, the peak detector isgyra unit whose-th output
is set either to its input or to the decayed presioutput, whichever is greater in
magnitude:

(2.48)

_{li; |, 20 g/

0 e /™= otherwise

Peak detector;

- Exponential averaging :
S_qua_rlng circuit ?gggynt}l;ne constant
circuit I: time constant 35 ms

Figure 2.8: Scheme of | time weighting
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2.7 Indication

Indication of sound levels must be in decibels wehkpect to the reference
sound pressure or intensity (see Section 1.1).sblwed pressure at the microphone
is converted to voltage, which is then additionalhgplified. Let us say that the ratio
between the pressure on the microphone and thageothat is frequency weighted is
Km[V/ Pa], which is the sensitivity of microphone with the@lifier. The output of

the time weighting unit is converted to the indechsound level in decibels as

L =10log,, — 2> (2.49)

(Kopo)?'

where O is the current output (in volts) of the time wdigly unit and p, is the
reference sound pressure POuPa. Note thatO contains squared and averaged
signal (i.e. a kind of r.m.s. of the signal).

It is specified® that the range of the indicator must be at ledstdB.
Resolution of the digital display must be 0.1 dB.

2.8 Calculation of Integral and Statistical Quantities

Integral quantities can be evaluated by replachegittegral by a weighted
sum. Weights can be uniform provided that the samgphterval of summation is
short enough. The interval aims is recommended, which means that every

hundredth sample that contains the integrated gyastadded to the sum at the
sampling rate ofl0> s™. Integration of a quantiti(t) is therefore performed as

. (-T,)/(200T)
[ Alt)dt:=100T A(100iT). (2.50)

i=1

Statistical quantitied., refer to the level of noise that is exceeded cerain
portion of the measuring time (e.d, is the level of noise that was exceeded in
90% of the measuring time). In order to measuredltpiantities, we must divide the
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total possible range of measured levels into aelagough number of intervals and
count for each of them the number of events dutimegmeasuring time when the
level of noise falls into that interval. The totahge will cover all measuring ranges
of the instrument. Number of intervals will depesrdthe required accuracy and the
total range. For example, if the total range igrfr®6 to 100 dB and the required
accuracy is 0.5 dB, we must count the number oéammces of a specific level for
200 intervals.

Measuring statistical quantities requires allogatiof a table that holds
counters for all intervals of the level of noisattlare monitored. Use of 32-bit
integers will satisfy the requirements for the instent. Updating counters does not
need to be performed on every sample. We must egldatcounters on uniform time
periods in which the time weighted level can naaraie too much. If the sampling

rate is10°s™, we can update counters at every 100-th sample.

The updating procedure consists of taking the nredsmoise level on
uniform periods of time (e.g. every 100-th sampb&)culating the index of interval
into which the level falls (total range divided Itlye number of intervals) and
incrementing the appropriate counter.

When evaluating the quantity, , we must first form the cumulative table of

counters from the table which count number of evdat individual intervals. For
example, if we have table of everifsand the cumulative tabl€, both withn
elements, then elements of the cumulative tablewakiated in the following way:

qai]:= T1];
for (i:=2 to n)

qil:= qi-1]+T[i]

If the statistical quantities will be calculated lymat the end of the
measurement, then the cumulative taBlean be stored in the same space as the
table of countersl, otherwise a special storage is required. Whenhaxe the
cumulative table, the appropriate statistical giyams evaluated by finding index of
the last element of the cumulative table which ams less than a given percentage
of the total number of counts (which equals todbetents of the last element of the
cumulative table). This index is then convertedh® corresponding noise level and
evaluation of the statistical quantity is done.

For example, the index k fdr, would be calculated in the following way:

kx: =0;
for (i:=1to n)
it (qi]<(1-x)*Cn])
kx: =i
el se
exit the for |oop
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For Ly, x in the above code will be 0.9, for example. Théugeof L, is

obtained by multiplying the calculated indexy the total range, which corresponds
to the last interval and therefore to the last elenof tables andL (e.g. 100 dB).

In practice, of course, more than one indices de&trmine the corresponding
statistical quantities, will be calculated at onéar example, if wee need the
quantitiesL,, and Ly,, they will be calculated in the following way:

k90: =0;
k10: =0;
for (i:=1to n)
if (di]l<(1-0.9)*Cn])
k90: =i ;
el se
exit the for |oop
for (i:=k90 to n)
if (dil<(1-0.1)*Cn])
k10: =i ;
el se
exit the for |oop
L90: =k90*t ot al _r ange;
L10: =k10*t ot al _r ange;
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3. Octave-band and One-third-octave-band Filters

3 OCTAVE -BAND AND ONE-THIRD -OCTAVE -BAND
FILTERS

3.1 Introduction

The standafd specifies properties of the band pass filters,ctviian be
attached to the sound level meter. Lower and ubpends on frequency response of
these filters are specified and are listed in T&leand shown graphically in Figure
3.1
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Figure 3.1: Graphical illustration of admitted bounds on resgof
octave band filters.

Table 3.1:Prescribed lower and upper bounds on octave-hhed f
response (permeability in decibels) for sound leneters of type 0, 1

and 2. Index is a measure of frequency, i.6.= f__ 2", where f___ is

the central frequency of the octave filter. Limat® symmetric, which
means that minimum and maximum responses for negaidices are
the same as for positive ones.

i ndex O- 0+ 1- 1+ 2- 2+

0 -0.15 0.15 -0.3 0.3 -0.5 0.5
0.125 -0.2 0.15 -0.4 0.3 -0.6 0.5
0.25 -0.4 0.15 -0.6 0.3 -0.8 0.5
0.375 -1.1 0.15 -1.3 0.3 -1.6 0.5
0.5 -4.5 0.15 -5 0.3 -5.5 0.5
0.5 -4.5 -2.3 -5 -2 -5.5 -1.6
1 -1e30 -18.0 -1e30 -17.5 -1e30 -16.5
2 -1e30 -42.5 -1e30 -42 -1e30 -41
3 -1e30 -62 -1e30 -61 -1e30 -55
4 -1e30 -75 -1e30 -70 -1e30 -60

For the purpose of construction of octave and iivael octave filters, some
measure for error in response must be definederHiisponse does not satisfy the
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prescribed one if it does not lie between the loamd upper bound as specified by
the standard. The error measure will thereforedimeld in the following way:

er(f)=maxR(f) = Rygn(f), Rou(f)=R(f)) (3.51)
Of interest is also the maximum of this error measver all frequencies,

maxer= mfaxer(f ) (3.52)

The filter response meets the requirements of tdredard ifer(f)s oof or,
equivalently, if maxer<0. The lowest the maximum error measunaxeris, the
better the filter is.

It can be seen that very sharp transitions in nespare required, which
makes these filters difficult to implement. An avgle implementation of an octave
band filter composed of high pass and low passréiltvas searched for. It turned that
it is practically impossible to construct sucheiltbecause of non-sharp transition in
response of analogue low and high pass filters. éxample, a filter with 13 (!)
analogue low pass and high pass filters was te®gdchanging parameters the
smallestmaxer achieved was 0.51 dB for type 1, which means theatfilter was
quite far from satisfying standard requirementstalfar this filter is listed in Table

3.2.

Table 3.2:Parameters for the best constructed filter comgosenly
analogue high and low pass filters. Each row int#ide corresponds to a
pair (or two pairs) of high and low pass filterfiefcharacteristic
frequency of the-th high pass filter (or two filters when the righibst

number is 2) isfh(i) = f_ 2% and the characteristic frequency of the

corresponding low pass filter in the pairfi¢’ = f__2"*s The filter
output must be amplified bgorrection

[ S Number of
filters
1 0.0264894 1
2 -0.266864 1
3 -0.336659 1
4 0.662349 1
5 0.331586 1
6 1.11145 1
7 -0.366819 1
8 1.1968 2
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9 1.40986 2
10 1.52029 2
Balance 0.00110773
Correction 47.41 dB
Maxer 0.510971 dB

3.1.1 Some Basic Definitions

The standard [9] permits the base-ten and basespions for determining
an octave frequency ratio. With base-ten optioroittave ratio is defined as

G,, =10"°=1.9953 (3.53)
and with base-two option the octave ratio is define
G,=2. (3.54)

Throought this document the base-two option is tetb@and notationG =G, is
therefore used.

The adjacent filters in a set are characterisedhby mid-band frequencies

f...- ONe of these frequencies is the reference freguehl kHz, denoted as

cent*
f, =1kHz. (3.55)
Other mid-band frequencies can be obtained from

f) =G*°f (3.56)

cent

whereb designates the fraction of the octave band,h=. forlctave-band filters
and b = 3for one-third-octave-band filters.

Filters are also characterised by bandedge freieer{designatedf, and
f,), i.e. the lower and upper edges of the passbeafided! in such a way that any

two adjacent filters in a set share one bandedgguéncy and that the mid-band
frequency of the filter is the geometric mean oé tlower and upper bandedge
frequency. The lower and upper bandedge frequeaceedetermined from
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f, =G

cent
e (3.57)

cent

The normalised frequency will sometimes be usestdte frequencies, and is defined
as

Q=

f (3.58)

cent

and sometimes the logarithmic frequency index bellused for this purpose, defined
as

i =log,Q =log,(f/f.,)- (3.59)

3.1.2 Prescribed Limits on Permeability for
Octave-band and One-third-octave-band filters

Table 3.1 shows the breakpoints in prescribed uppe lower limits on
octave-band filter permeability. Between the breakis specified in the table, the
limit change linearly with the logarithmic frequend hat is, the upper or lower limit
A at the normalised frequendy, is determined from relation

_a o(a _alod@/Q,)
A=A+(A-A) g2 /0. ) (3.60)

where A, and A are the prescribed limits in two adjacent breakigofrom the

table, andQ
3.1).

etc., are the corresponding normalised frequen(@ee also Figure

X!

The breakpoint frequencies in prescribed limitsdoe-third-octave-band filters can
be determined from the corresponding breakpoimfueacies for octave-band filters
by using the relation

¥(23) _
Qh:1+G—l(Q—1); Q>1, (3.61)

Gl/Z -1
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where Q is a normalised frequency of a breakpoint freqyefoc an octave-band
filter and Q,, is the normalised frequency of the correspondimegkpoint for a one-

third-octave-band filter. Note that the correspogdbreakpoint frequencies are not
obdained simply by multiplication by a factor df3 in the logarithmic scale.

However, the breakpoints located at the midbanduigacy and at both bandedge
frequencies follow this rule.

Limit values in breakpoit frequencies for one-thactave-band filters match
the limit values for octave-band filters at theresponding breakpoint frequencies,
i.e. values listed in Table 3.1. For limits betweke breakpoint frequencies the same
relation as for octave-band filters applies (3@t is, the limit values between the
breakpoints are linearly interpolated in the lothamic frequency scale.

3.2 Resonance Filters

One idea is to use sharp resonance filters for tnmt®n of octave and
fractional octave filters. The analogue resonanitterfsatisfies the following
differential equation:

d?O(t)
dt?

doft)
dt

+28 +a)’0(t) = w1 (t), (3.62)

wherel(t) is the input signal an@®(t) is the output signal. Such a filter gives the

following response:
2\2 2 2
S _ 1—(ﬁj +[£j [ﬁj . (3.63)
|o| W, ) )
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gl

Figure 3.2: Shape of the resonance filter response for difteralues
of . Note that the frequency scale is linear, notiibigaic. The fact
that the lower frequency response tends to 0 @Btfie response is not
symmetric abouty, in logarithmic scale) causes certain difficultvsen
using this filter in a band pass filter set.

3.2.1 Analogue Implementation of an Octave-band
Filter By Using High Pass And Resonance Filters

An analogue filter was composed of 4 resonancedahigh pass filters. The
least maximum error measure achieved by suchea filasmaxer-0.288337 dB for
type 1 bounds. This is a very good achievementiftake into account the fact that
the best possiblenaxerfor type 1 is —0.3 dB since the smallest gap imi&ed
response is 0.6 dB (see Table 3.1). The datafitieais listed in Table 3.3.

The parameters listed in Table 3.3 have the foligwinterpretation for
resonance filters:

f) =2meg) = £, 2"

’g(i) = 05h( )wo(i)

cent

(3.64)
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and the following interpretation for low pass fike

f0=f 2. (3.65)

cent

Table 3.3:Data for analogue octave pass filter composedrofd
pass and 4 resonance filters.

Resonance filters
i I hi
1 -0.380133 0.254101
2 0.0686898 0.419717
3 0.411579 0.222335
4 0.735172 0.221452
High pass filters
i ki
5 -0.5
6 -0.5
7 -1
8 -1

3.2.2 Digital Resonance Filters

A digital version of a resonance filter can be oi#d by substituting the
central difference derivative approximations

{ao} _0-0,
i-1

ot 21

(3.66)
9°0| _0-20,+0,
ot* | T?

in (3.13), which gives
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O -0

O - 2o_1+o 2T,2+%O =l (3.67)

|2+2ﬁ i

Collecting terms with the same signals yields

and after division by the factor & we have

2 22
0=4T 274ty ATl (3.68)
Legm e 1+/5r
by

al

The above filter is determined by two parametdrs,damping coefficienf3
and the central angular frequeney,. Instead of these two parameters we will
usually state parameters

h =28 (3.69)

(the relative half-width of the resonance curve] an

e

f_
T o

(3.70)
(the resonance frequency).

An alternative approach is to use the backwardedsfice scheme for
approximating derivatives. In this scheme form&41) approximate derivatives at

the timeiT instead of(i —1)T , therefore we have

O -0

0 -20_,+0 ,
> o S T249%0 =w’ |, . (3.71)

|2+2,B i

Collecting terms with the same signals gives
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T2 T T
[
1+ 8T +a’T? Br-1
T2 T?

and after division by the coefficient & we finally have

242 —
i= a)OT 2 2|i+ 2 2 zoi—l+ ﬂT 12 zoi—2' (372)
1+ AT+’ T 1+ T +ay’T 1+ BT +ay’T
| —
3 by b,

3.3 “Mirror Resonance” Filters

A drawback of the resonance filters is that thegponse is not symmetric (in
logarithmic scale) about the central frequency. flédsponse tends to 1 (0 dB) when
the frequency approaches zero and decreases towards(-cdB) when the
frequency increases above all limits. One possblation to this problem is to use
high pass filters in combination with resonancéefd in order to attenuate lower
frequencies.

Another solution, which turned more elegant, itmstruct a filter whose
response is approximately mirror symmetric in thgakithmic scale with respect to
the response of the resonance filter about theralefiequency (let us call it the
“mirror resonance filter”), and then to combinetb&inds of filters.

Mirror symmetry of filters with responsé&sandR,, abouta, means that

R(f)=R,(f.), (3.73)
where
f_fo
f—o— P (3.74)

and therefore
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f 2
fo =2 (3.75)

can be called the mirror frequencyfafith respect tdy.

d?1(t)
dt?

d2o(t)

dt2 -i_a“)O2 O(t)

, (3.76)

+20

do(t)
t

wherel(t) is the input signal an@(t) is the output signal. Such a filter gives the

following response:
2\2 2 2
O] _ 1_(3) +(£) [ﬁ] | (3.77)
||o| W, Wy Wy

3.3.1 Digital Mirror Resonance Filters

A digital version of a resonance filter can be oi#d by substituting the
central difference derivative approximations

{ao} _0-0,
i-1

ot 2T
(3.78)
[azo} _0-20,+0,
ot* | T?
in (3.0, which gives
0 -20_,+0,, 0 -0, o~ _ =21+

i i i-2 9 i 2+ =1 _—1i1 =2 3.79
T2 18 2T a)O -1 -I-2 ( )

Collecting terms with the same signals yields
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T2 L e T2 T
— —

g7 2-aT? Ar-1

T2 T2 T2

and after division by the factor & we have

— 212 6T —
| = L = 2 iy + L i—2+2 @ 1 O, + 1Oi—2 (3.80)
1+ 06T 1+ 4T 1+ 6T 1+ 4T 1+ 4T
—_— — —— N —

3 a a, by b,

The above filter is determined by two parametdrs,damping coefficienf3
and the central angular frequeney,. Instead of these two parameters we will
usually state parameters

-2 (3.81)
2}

r

(the relative half-width of the resonance curve] an

fo=—> (3.82)
(the resonance frequency).

An alternative approach is to use the backwardedsfice scheme for
approximating derivatives. In this scheme formula® approximate derivatives at

the timeiT instead of(i —1)T , therefore we have

0 -20_,+0,, O -0._ 2 | =21, +1._
i i i +2 i -2 + O = _i i-1 i—2 383
T2 B o7 @0 T2 (3.83)
Collecting terms with the same signals gives
1. 5 2V~ 1 2 1 2 £ 1
(;’L?W’o jq —;la ‘;h-ﬁ;'a_z+§Oi—1+(?‘§joi—z’
%,_J
1+ AT+ ’T? A1
T2 T2
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and after division by the coefficient & we finally have

1 2 1
Oi: 2. zli_ 2 2|i—1+ 2. zli—2+
1+ 6T +w)T 1+ 6T +w, T 1+ 6T +w, T
% o * . (3.84)
2 [T -1
+ 2 zoi—1+ 2+2
1+ BT +ay'T 1+ BT +ay'T
by b,

3.4 Realisation of Digital Octave-band Filters

The following implementation of octave-band filtésgproposed:

The sampled signal is subsequently filtered by ticor resonance filters
defined by (3.0, then by two resonance filterBnaéel by (3.0, and finally multiplied
by the corrective factor.

The calculated data for all octave-band filterisged in Table 3.4. The data
is valid for sampling rate ol0°s™. For each filter the central frequendy,, is

specified first, designatetficent”. Two pairs of parameters for mirror resonance
filters and two pairs for resonance filters folloand finally the corrective factor is
stated, designatédmp. factor".

For mirror resonance and resonance filters parameéiesignatedl, r2, r5
and r6 determine the characteristic frequencieg, (in (3.0 or (3.0) of the

corresponding filters. Actual characteristic freqdes are obtained by multiplying
the central frequency of the octave-band filter Dyraised to the appropriate
parameter, namely

fi)=f_ 2, (3.85)

cent

r. being the parameter designatéd r2, etc. Parameters designatetl h2, hSand
h6 are correspond to the parameter of each individual resonance or mirror
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resonance filter, as defined by (3.0 or (3.0ef@cients for each individual resonance
or mirror resonance filter are calculated franand h, , which are listed in Table 3.4,
by using (3.0 and (3.0, and according to {8rOmirror resonance filters or according
to (3.0 for resonance filters. Note again thao tpairs of parameters for mirror
resonance filters specified by (3.0 are listest fand then two pairs of parameters for
resonance filters specified by (3.0 follow.

For each filter the error measuraxerras is defined in (3.0 is stated in Table
3.4, designatetiMaximum relative error in decibels” Permeability atf__ . is also

stated in the table and is designat&hift” .

cent

Table 3.4:parameters for octave-band filters.

fcent: 31.25

ri: -0.431245
hl: 0.222156

r2: 0.00080865
h2: 0.703445

ré: -0.0157486
h6: 0.663526

r7: 0.432015
h7: 0.204605

TOTAL correction: -19.3618 db, anp. factor 0.107624
Shift: -0.298956 db, anp. factor 0.966167

Maxi mum rel ative error in decibels: -0.298956

fcent: 62.5

ri: -0.511459
h1l: 0.287905

r2: -0.198011
h2: 0.551898

ré: 0.369189
h6: 0.57036

r7: 0.523388
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h7: 0.422391

TOTAL correction: -19.6575 db, anp. factor 0.104022
Shift: -0.301154 db, anp. factor 0.965923

Maxi mumrel ative error in decibels: -0.298846

fcent: 125

ri: -0.502608
hl: 0.280822

r2: -0.190728
h2: 0.553489

r6:
h6:

. 372174
. 565985

oNe)

r7.
h7:

. 524362
. 422164

[oNe)

TOTAL correction: -19.7841 db, anp. factor 0.102517
Shift: -0.299912 db, anp. factor 0.966061

Maxi mumrel ative error in decibels: -0.299912

fcent: 250

ri: -0.490851
hl: 0.284555

r2: -0.195608
h2: 0.54981

ré: 0.386994
h6: 0.575294

r7: 0.501234
h7: 0.402489
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TOTAL correction: -20.0384 db, anp. factor 0.0995589

Shift: -0.300353 db, anp. factor 0.966012

Maxi mum rel ative error in decibels: -0.299352

fcent: 500

ri:
hl:

r2:
h2:

r6:
h6:

r7.
h7:

-0.500481
0.291873

-0. 21704
0. 579537

. 291952
. 581422

[oNe)

. 534211
. 348228

o o

TOTAL correction: -19.8636 db, anp. factor 0.101583

Shift: -0.299814 db, anp. factor 0.966072

Maxi mum rel ative error in decibels: -0.299814

fcent: 1000

ri:
hl:

r2:
h2:

r6:
h6:

r7.
h7:

- 0. 480558
0. 242194

-0.172712
0.618881

. 193159
. 67413

[oNe)

. 448454
. 263902

[oNe)

TOTAL correction: -20.2872 db, anp. factor 0.0967471

Shift: -0.300186 db, anp. factor 0.96603

Maxi mumrel ative error in decibels: -0.299814
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fcent: 2000

ri:
hl:

r2:
h2:

r6:
h6:

r7.
h7:

- 0. 480843
0. 235496

-0.188683
0. 616147

. 211596
. 673557

[oNe)

. 438767
. 269866

[oNe)

TOTAL correction: -20.4314 db, anp. factor 0.0951542

Shift: -0.299831 db, anp.

Maxi mum rel ati ve error

factor 0.96607

in decibels: -0.299831

fcent: 4000

ri:
hl:

r2:
h2:

r6:
h6:

r7.
h7:

- 0. 482021
0. 248642

-0.178569
0.612204

. 195161
. 665947

[oNe)

. 453069
. 269671

[oNe)

TOTAL correction: -20.4634 db, anp. factor 0.0948047

Shift: -0.300183 db, anp.

Maxi mum rel ative error

factor 0.966031

in decibels: -0.299817
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fcent: 8000

ri: -0.48875
hl: 0.274762

r2: -0.215401
h2: 0.697978

r6:
h6:

. 126905
. 669415

[oNe)

r7.
h7:

. 446389
. 275915

o o

TOTAL correction: -19.704 db, anp. factor 0.103467
Shift: -0.299848 db, anp. factor 0.966068

Maxi mum rel ative error in decibels: -0.299848

fcent: 16000

ri: -0.510816
hl: 0.248242

r2: -0.248887
h2: 0.674746

r6:
h6:

. 108968
. 733439

[oNe)

r7.
h7:

. 359816
. 409083

o o

TOTAL correction: -21.1552 db, anp. factor 0.0875464
Shift: -0.300118 db, anp. factor 0.966038

Maxi mum rel ative error in decibels: -0.299882

Permeability of the octave-band filter whose midbafrequency is

f _ =1kHz is shown in Table 3.5.

cent

Table 3.5:Response of the octave-band filter with,, =1000Hz;
filter data is listed imrable 3.4
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Corrected digital

*

*

*

norm f
-4
-3.9375
-3.875
-3.8125
-3.75
-3.6875
-3.625
-3.5625

response
f [Hz] num dig
62.5 -108.614
65. 2671 -107. 096
68. 1567 -105. 577
71.1743 -104. 058
74.3254 -102. 536
77.6161 -101.014
81. 0525 -99. 4893
84. 641 -97.9631
88. 3883 -96. 4351
92. 3016 -94.9051
96. 3882 -93. 3727
100. 656 -91.8378
105. 112 -90. 3003
109. 766 - 88. 7597
114. 626 -87.216
119.7 -85.6686
125 -84.1174
130. 534 -82.5619
136. 313 -81.0017
142. 349 -79. 4367
148. 651 -77.866
155. 232 -76.2891
162. 105 -74.7056
169. 282 -73.1147
176. 777 -71.516
184. 603 -69.9084
192. 776 -68.2914
201. 311 -66. 6636
210. 224 -65. 0241
219. 532 -63.3719
229. 251 -61.7059
239. 401 -60. 0241
250 -58. 3254
261. 068 -56.6078
272.627 -54.8694
284. 697 -53.1081
297. 302 -51. 3215
310. 464 -49. 5062
324.21 -47.6599
338. 564 -45.7781
353. 553 -43.8576
369. 207 -41.8933
385. 553 - 39. 8802
402. 623 -37.8118
420. 448 -35.6812
439. 063 -33.4799
458. 502 -31.1987
478. 802 - 28. 8256
500 -26.3476
522.137 -23.7494
545. 254 -21.0133
569. 394 -18.1217
594. 604 -15.0614
620. 929 -11.8391
648. 42 -8.52275
677.128 -5. 33085
707. 107 -2.71467
738.413 -1.11381
771.105 -0.435544
805. 245 -0.219041
840. 896 -0.141133
878. 126 -0.0875041
917. 004 -0.0410953
957. 603 -0.0104537
1000 -0.000186
1044.27 -0.00876107
1090. 51 -0.0305468
1138.79 -0.0631295
1189. 21 -0.121744
1241. 86 -0.27963
1296. 84 -0. 739691
1354. 26 -1.8541
1414. 21 -3.88113
1476. 83 -6. 65429

correction=-19.987 db

low. lim - up. lim errmn
-1le+30 - -70 -1e+30
-1e+30 - -69.4375 -1e+30
-1e+30 - -68.875 -1e+30
-1e+30 - -68.3125 -1e+30
-1e+30 - -67.75 -1e+30
-1e+30 - -67.1875 -1e+30
-1e+30 - -66.625 -1e+30
-1e+30 - -66.0625 -1e+30
-1e+30 - -65.5 -1e+30
-1e+30 - -64.9375 -1e+30
-1e+30 - -64.375 -1e+30
-1e+30 - -63.8125 -1e+30
-1e+30 - -63.25 -1e+30
-1e+30 - -62.6875 -1e+30
-1e+30 - -62.125 -1e+30
-1e+30 - -61.5625 -1e+30
-1le+30 - -61 -1e+30
-1e+30 - -59.8125 -1e+30
-1e+30 - -58.625 -1e+30
-1e+30 - -57.4375 -1e+30
-1e+30 - -56.25 -1e+30
-1e+30 - -55.0625 -1e+30
-1e+30 - -53.875 -1e+30
-1e+30 - -52.6875 -1e+30
-1e+30 - -51.5 -1e+30
-1e+30 - -50.3125 -1e+30
-1e+30 - -49.125 -1e+30
-1e+30 - -47.9375 -1e+30
-1e+30 - -46.75 -1e+30
-1e+30 - -45.5625 -1e+30
-1e+30 - -44.375 -1e+30
-1e+30 - -43.1875 -1e+30
-1le+30 - -42 -1e+30
-1e+30 - -40.4688 -1e+30
-1e+30 - -38.9375 -1e+30
-1e+30 - -37.4062 -1e+30
-1e+30 - -35.875 -1e+30
-1e+30 - -34.3438 -1e+30
-1le+30 - -32.8125 -1e+30
-1le+30 - -31.2812 -1e+30
-1le+30 - -29.75 -1e+30
-1le+30 - -28.2188 -1e+30
-1e+30 - -26.6875 -1e+30
-1e+30 - -25.1562 -1e+30
-1e+30 - -23.625 -1e+30
-1e+30 - -22.0938 -1e+30
-1e+30 - -20.5625 -1e+30
-1e+30 - -19.0312 -1e+30
-1le+30 - -17.5 -1e+30

-8.75e+29 - -15.5625 -8.75e+29
-7.5e+29 - -13.625 -7.5e+29
-6.25e+29 - -11.6875 - 6. 25e+29

-5e+29 - -9.75 -5e+29

-3.75e+29 - -7.8125 -3.75e+29
-2.5e+29 - -5.875 -2.5e+29
-1.25e+29 - -3.9375 -1.25e+29
-5 - -2 -2.29

-3.15 - 0.3 -2.04
-1.3 - 0.3 -0. 864
-0.95 - 0.3 -0.731
-0.6 - 0.3 -0.459
-0.5- 0.3 -0.412

-0.4 - 0.3 -0.359
-0.35 - 0.3 -0.34
-0.3 - 0.3 -0.3
-0.35 - 0.3 -0.341
-0.4 - 0.3 -0.369
-0.5- 0.3 -0.437

-0.6 - 0.3 -0.478
-0.95 - 0.3 -0.67
-1.3 - 0.3 -0.56
-3.15 - 0.3 -1.3

-5 - -2 -1.12
-1.25e+29 - -3.9375 -1.25e+29
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* 0. 625 1542. 21 -9.76734 -2.5e+29 - -5.875 -2.5e+29 -3.89
0. 6875 1610. 49 -12.9204 -3.75e+29 - -7.8125 - 3. 75e+29 -5.11
* 0.75 1681. 79 -15.9786 -5e+29 - -9.75 -5e+29 -6.23
0. 8125 1756. 25 -18.8987 -6.25e+29 - -11.6875 - 6. 25e+29 -7.21
* 0. 875 1834.01 -21.6758 -7.5e+29 - -13.625 -7.5e+29 -8.05
0. 9375 1915. 21 -24.3198 -8.75e+29 - -15.5625 - 8. 75e+29 -8.76
* 1 2000 -26.8437 -1le+30 - -17.5 -1e+30 -9.34
1. 0625 2088. 55 -29. 2608 -1e+30 - -19.0312 -1e+30 -10.2
* 1.125 2181.02 -31.5837 -1e+30 - -20.5625 -1e+30 -11
1.1875 2277.58 -33.8234 -1e+30 - -22.0938 -1e+30 -11.7
* 1.25 2378. 41 -35.9891 -1e+30 - -23.625 -1e+30 -12.4
1.3125 2483.72 -38.0893 -1e+30 - -25.1562 -1e+30 -12.9
* 1.375 2593. 68 -40. 1316 -1e+30 - -26.6875 -1e+30 -13.4
1.4375 2708. 51 -42.1217 -1e+30 - -28.2188 -1e+30 -13.9
* 1.5 2828. 43 -44. 0655 -1le+30 - -29.75 -1e+30 -14.3
1.5625 2953. 65 -45.9672 -1e+30 - -31.2812 -1e+30 -14.7
* 1.625 3084. 42 -47.8311 -1e+30 - -32.8125 -1e+30 -15
1.6875 3220. 98 -49. 6622 -1e+30 - -34.3438 -1e+30 -15.3
* 1.75 3363. 59 -51. 462 -1e+30 - -35.875 -1e+30 -15.6
1.8125 3512.5 -53.2348 -1e+30 - -37.4062 -1e+30 -15.8
* 1.875 3668. 02 -54.9819 -1e+30 - -38.9375 -1e+30 -16
1.9375 3830. 41 -56. 7075 -1e+30 - -40.4688 -1e+30 -16.2
* 2 4000 -58.4104 -1le+30 - -42 -1e+30 -16.4
2.0625 4177.1 -60. 0953 -1e+30 - -43.1875 -1e+30 -16.9
* 2.125 4362. 03 -61.7638 -1e+30 - -44.375 -1e+30 -17. 4
2.1875 4555, 15 -63.4158 -1e+30 - -45.5625 -1e+30 -17.9
* 2.25 4756. 83 -65. 0527 -1e+30 - -46.75 -1e+30 -18.3
2.3125 4967. 43 -66.6749 -1e+30 - -47.9375 -1e+30 -18.7
* 2.375 5187. 36 -68. 2832 -1le+30 - -49.125 -1e+30 -19.2
2.4375 5417.02 -69. 8823 -1e+30 - -50.3125 -1e+30 -19.6
* 2.5 5656. 85 -71.4687 -1le+30 - -51.5 -1e+30 -20
2.5625 5907. 3 -73.038 -1e+30 - -52.6875 -1e+30 -20.4
* 2.625 6168. 84 -74.5995 -1le+30 - -53.875 -1e+30 -20.7
2.6875 6441. 96 -76.1484 -1e+30 - -55.0625 -1e+30 -21.1
* 2.75 6727.17 -77.6757 -1e+30 - -56.25 -1e+30 -21.4
2.8125 7025. 01 -79.1847 -1e+30 - -57.4375 -1e+30 -21.7
* 2.875 7336. 03 -80. 6729 -1e+30 - -58.625 -1e+30 -22
2.9375 7660. 83 -82.1267 -1e+30 - -59.8125 -1e+30 -22.3
* 3 8000 -83.5288 -1le+30 - -61 -1e+30 -22.5
3. 0625 8354. 19 -84.9032 -1e+30 - -61.5625 -1e+30 -23.3
* 3.125 8724. 06 -86.1873 -1e+30 - -62.125 -1e+30 -24.1
3.1875 9110. 31 -87.3833 -1e+30 - -62.6875 -1e+30 -24.7
* 3.25 9513. 66 - 88. 4815 -1e+30 - -63.25 -1e+30 -25.2
3.3125 9934. 86 -89. 4638 -1e+30 - -63.8125 -1e+30 -25.7
* 3. 375 10374.7 -90. 2921 -1e+30 - -64.375 -1e+30 -25.9
3.4375 10834 -90. 9816 -1e+30 - -64.9375 -1e+30 -26
* 3.5 11313.7 -91.5181 -1le+30 - -65.5 -1e+30 -26
3.5625 11814.6 -91. 9365 -1e+30 - -66.0625 -1e+30 -25.9
* 3.625 12337.7 -92. 253 -1le+30 - -66.625 -1e+30 -25.6
3. 6875 12883.9 -92. 4706 -1e+30 - -67.1875 -1e+30 -25.3
* 3.75 13454. 3 -92.6296 -1le+30 - -67.75 -1e+30 -24.9
3.8125 14050 -92.7324 -1e+30 - -68.3125 -1e+30 -24.4
* 3.875 14672. 1 -92. 8065 -1le+30 - -68.875 -1e+30 -23.9
3.9375 15321.7 -92. 8559 -1e+30 - -69.4375 -1e+30 -23.4
* 4 16000 -92.8977 -1le+30 - -70 -1e+30 -22.9
4.0625 16708. 4 -92.9397 -1le+30 - -70 -1e+30 -22.9
Correction: -19.987 db, anp. factor 0.100149
Maxi mumrel ative error in decibels: -0.299814
Plotting from1 to 130, range -108.614 to 1.67866
X # +
X # +
X # +
X # +
X # +
X # +
*X # +
X # +
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(30, -63.3719) X #

(31, -61.7059) *X #

(32, -60.0241) X #

(33, -58.3254) X #

(34, -56.6078) X #

(35, -54. 8694) X #

(36, -53.1081) *X #
(37,-51.3215) X #

(38, -49.5062) X #

(39, -47. 6599) *X #

(40, -45.7781) X #

(41, - 43. 8576) X #
(42, -41.8933) *X #it
(43, -39.8802) X #
(44,-37.8118) *X #
(45, -35. 6812) X

(46, - 33. 4799) *X

(47, -31.1987) X

(48, - 28. 8256) *X +#

(49, - 26. 3476) *X o+ #

(50, - 23. 7494) *X +  ##

(51, -21.0133) *X #
(52,-18.1217) +X #

(53, -15.0614) + X ##

(54, -11. 8391) + *X #

(55, -8.52275) + * Xttt

(56, - 5. 33085) +++++ * X#
(57, -2.71467) +++++++ X
(58, -1.11381) ++XH
(59, - 0. 435544) X#
(60, -0.219041) +X
(61, -0.141133) +X
(62, -0.0875041) +X
(63, -0.0410953) X
(64, -0.0104537) X
(65, -0.000186) X
(66, -0.00876107) X
(67, -0.0305468) X
(68, -0.0631295) +X
(69, -0.121744) +X
(70, -0.27963) +X
(71,-0.739691) X
(72,-1.8541) X #
(73,-3.88113) +++H XA
(74, -6.65429) +Htt+t X* #
(75,-9.76734) + X* #

(76, -12.9204) + X* ##t
(77,-15.9786) + X+ #

(78, -18.8987) +X* ##

(79, -21.6758) X* #

(80, -24.3198) X+ #

(81, - 26. 8437) X+ ##

(82, -29.2608) X* +#

(83, -31.5837) X* +

(84, - 33. 8234) X #+

(85, -35.9891) X* # +

(86, - 38. 0893) X # o+

N
~
=
*
*
T T T Ik T T T T T i i S e S S I i i I

*
+ +
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3. Octave-band and One-third-octave-band Filters

(87, - 40. 1316) X* # o+
(88, -42.1217) X # +
(89, - 44. 0655) X* #it +
(90, - 45. 9672) X # +
(91, - 47. 8311) X # +
(92, - 49. 6622) X* # +
(93, -51. 462) X # +
(94, - 53. 2348) X # +
(95, - 54. 9819) X* # +
(96, -56. 7075) X # +
(97, -58.4104) X # +
(98, -60. 0953) X # +
(99, -61. 7638) X # +
(100, - 63. 4158) X* # +
101 X # +
102 X # +
103 X # +
104 X # +
105 X # +
106 X* # +
107 X # +
108 X # +
109 X # +
110 X # +
111 X # +
112 X # +
113 X # +
114 X # +
X # +
X # +
X # +
X # +
X # +
X # +
X # +
X # +
X # +
X # +
X # +
X # +
X # +
X # +
X # +
X # +

Plotting from1 to 130, range -108.614 to 1.67866.

3.5 Realisation of Digital One-third-octave-band Filter

The following implementation of one-third-octaverbdilters is proposed:

The sampled signal is subsequently filtered byehrarror resonance filters
defined by (3.0, then by three resonance filtlfned by (3.0 then by two low pass
filters defined by equations (2.0, (2.0 andO(2and finally multiplied by the
corrective factor.
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3. Octave-band and One-third-octave-band Filters

The calculated data for all one-third-octave-battdrs is listed in Table 3.6.
The data is valid for sampling rate ®6’s™. For each filter the central frequency
f. IS Specified first, designateticent”. Three pairs of parameters for mirror

resonance filters and three pairs for resonanderdilfollow, and finally the
corrective factor is stated, designatathp. factor".

For mirror resonance and resonance filters parameisignatedl, r2, r3,
r6, r7 andr8 determine the characteristic frequencids (n (3.0 or (3.0) of the
corresponding filters. Actual characteristic freqdes are obtained by multiplying

the central frequency of the octave-band filter Dyraised to the appropriate
parameter, namely

fi=1f_ 2, (3.86)

cent

r. being the parameter designatéd r2, etc. Parameters designatet, h2, h3, h6,

h7 andh8 are correspond to the paramelerof each individual resonance or mirror
resonance filter, as defined by (3.0 or (3.0ef@cients for each individual resonance
or mirror resonance filter are calculated franand h, , which are listed in Table 3.6,
by using (3.0 and (3.0, and according to {8rGmirror resonance filters or according
to (3.0 for resonance filters. Note again thatehpairs of parameters for mirror
resonance filters specified by (3.0 are listest fand then three pairs of parameters
for resonance filters specified by (3.0 follow.

Parameters for the two digital low pass filtersoiporated in each one-third-
octave-band filter are not listed in the table. €ach of these filters the characteristic
frequency from equation (2.0 is one octave highan the midband frequency of the
corresponding one-third-octave-band filter, i.e.

fo =2 frgn. (3.87)

For each filter the error measuraxerras is defined in (3.0 is stated in Table
3.6, designatetiMaximum relative error in decibels” Permeability atf__ . is also

stated in the table and is designdtedift” .

cent

In all cases the same parameters refer to sewgrab(three) adjacent filters.
In these cases all appropriate mid-band frequendesignatedcen) are stated,
separated by commas, and the error measure refetket filter whose central
frequency coincides with one of the octave-banterBl Central frequencies are
stated as nominal frequencies, i.e. rounded tonadigits, while the corresponding
exact frequencies can be calculated from (3.0.
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3. Octave-band and One-third-octave-band Filters

Table 3.6:parameters for one-third-octave-band filters.

fcent: 25, 31.5, 40

ri: -0.324298
hl: 0.145933

r2: -0.184024
h2: 0.159291

r3: -0.0930019
h3: 0.186468

ré: 0.0518724
h6: 0.194747

r7: 0.1643
h7: 0.132904

r8: 0.263865

h8: 0.131516

TOTAL correction: -69.6281 db, anp. factor 0.000330063
Shift: -0.298058 db, anp. factor 0.966267

Maxi mumrel ative error in decibels: -0.298058

fcent: 50, 62.5, 80

ri: -0.337524
hl: 0.149728

r2: -0.166002
h2: 0.145054

r3: -0.100627
h3: 0.184257

r6: 0.0552794
h6: 0.192044

r7: 0.148092
h7: 0.132872
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3. Octave-band and One-third-octave-band Filters

r8: 0.269085
h8: 0.112353

TOTAL correction: -70.6526 db, anp. factor 0.000293339
Shift: -0.299821 db, anp. factor 0.966071

Maxi mumrel ative error in decibels: -0.299821

fcent: 100, 125, 160

ri: -0.338896
hl: 0.144917

r2: -0.164465
h2: 0.149383

r3: -0.101887
h3: 0.185517

ré: 0.0547839
h6: 0.193228

r7: 0.148105
h7: 0.132927

r8: 0.271272

h8: 0.111169

TOTAL correction: -70.4729 db, anp. factor 0.000299471
Shift: -0.300237 db, anp. factor 0.966024

Maxi mum rel ative error in decibels: -0.299763

fcent: 200, 250, 315

ri: -0.341585
hl: 0.139504
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3. Octave-band and One-third-octave-band Filters

r2:
h2:

r3:
h3:

r6:
h6:

r7.
h7:

r8:
h8:

-0. 170891

0.

148572

- 0. 0980454

0.

0.
0.

TOTAL

Shi ft:

Maxi mum rel ative error

182906

0534306
188744

. 147883
. 13359

. 270757
. 106387

correction: -70.6729 db, anp.

factor 0.000292654

-0.295061 db, anmp. factor 0.9666

i n deci bel s:

-0. 0904119

fcent:

ri:
hi:

r2:
h2:

r3:
h3:

r6:
h6:

r7.
h7:

r8:
h8:

400, 500, 630

- 0. 324418

0.

126896

-0.163779

0.

136636

-0.0911893

0.

0.
0.

TOTAL

Shift:

Maxi mum rel ati ve error

173532

0623338
186191

. 146582
. 123562

. 278221
. 10534

correction: -71.9802 db, anp.

factor 0.000251762

-0.303437 db, anp. factor 0.965669

i n deci bel s:

- 0. 296563
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3. Octave-band and One-third-octave-band Filters

fcent:

ri:
hl:

r2:
h2:

r3:
h3:

r6:
h6:

r7:
h7:

r8:
h8:

800, 1000, 1250

- 0. 320393

0.

14593

-0.167378

0.

139848

-0. 0902203

0.

0.
0.

TOTAL

Shift:

Maxi mum rel ati ve error

170174

0603413
185487

. 144738
. 124178

. 283092
. 101997

correction: -71.9513 db, anp. factor 0.000252601

- 0. 300095 db, anp.

factor 0.96604

in decibels: -0.299905

fcent:

ri:
hi:

r2:
h2:

r3:
h3:

r6:
h6:

r7.
h7:

1600, 2000, 2500

- 0. 325025

0.

130185

-0.164835

0.

137968

-0. 0899109

0.

0.
0.

0.
0.

171826

0612631
186335

145084
124646
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3. Octave-band and One-third-octave-band Filters

r8: 0.277717
h8: 0.105782

TOTAL correction: -72.0772 db, anp. factor 0.000248966
Shift: -0.300937 db, anp. factor 0.965947

Maxi mum rel ative error in decibels: -0.299063

fcent: 3150, 4000, 5000

ri: -0.322918
hl: 0.13168

r2: -0.163941
h2: 0.138304

r3: -0.0899351
h3: 0.174027

ré: 0.0604311
h6: 0.186876

r7: 0.141932
h7: 0.125432

r8: 0.280723
h8: 0.113083

fcent: 6300, 8000, 10000

ri: -0.287541
hl: 0.128999

r2: -0.186372
h2: 0.146092

r3: -0.0889741
h3: 0.171414

ré: 0.0658958
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3. Octave-band and One-third-octave-band Filters

h6:

r7:
h7:

r8:
h8:

TOTAL

Shift:

Maxi mum rel ati ve error

. 199971

. 12158
. 145007

. 25016
. 123427

correction: -73.0787 db, anp. factor 0.000221852

-0.29986 db, anp.

factor 0.966066

in decibels: -0.29986

fcent:

ri:
hl:

r2:
h2:

r3:
h3:

r6:
h6:

r7:
h7:

r8:
h8:

12500, 16000, 20000

-0.272164

0.

104209

-0. 199758

0.

114685

-0. 0897215

0.

0.
0.

TOTAL

Shift:

Maxi mum rel ati ve error

171814

0533778
183743

. 0802801
. 15337

. 310986
. 139492

correction: -76.524 db, anp. factor 0.00014921

-0. 300111 db, anp.

factor 0.966039

in decibels: -0.299889
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3. Octave-band and One-third-octave-band Filters

3.5.1 Band Pass Filters for Sampling Rate of 48
kHz

If the sampling rate will be 48 instead of 100 kit® coefficients stated for
one octave higher central frequencies should bent&dom the above tables in order
to calculate filter parameters for given centragirencied. This is because for a
given central frequencywith sampling rate 48 kHz, situation would lookngdar at
2f (approximately) at the sampling rate of 100 kithat concerns band pass filter

response.
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4. Compliance with Standards

4 COMPLIANCE WITH STANDARDS

Algorithms for implementation of frequency weiglgjrtime weighting, etc.,

proposed in Chapter 2, are designed in compliavitte standards [5], [6], [7] and
[8]. Algorithms for implementation of octave-banadathird-octave-band filters
proposed in Chapter 3 are designed in complianttetiae standard [9].
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