MF Audio Measuring System: 1/16

1.1 STl evaluation with Monkey Forest

Monkey Forest is able to perform STI caculations from impulse responses according to the
international standard IEC 60268- 16, third edition from 2003. The caculations involve various
corrections to account for level dependent masking from one octave band to another, the
absolute hearing threshold and a redundancy correction for adjacent octaves. The find result
are two revised STl vaues, one for female and one for mae voices. For the sake of
compatibility and comparability to older versions and other programs, al corrections can be
disabled separately. The origind STI verson with dightly different octave weighting factors and
without redundancy correction is also available.

The following explanations assume that the reader is familiar with the concept of modulation
transfer functions and the procedure to obtain the ST1.

1.1.1 Impulseresponse and SNR

The STI is basicaly dependent on two properties of a room: The impulse response and the
prevaent back ground noise reldive to the speaker level, each one considered in the seven
octave bands from 125 Hz to 8 kHz. While it is theoretically possible to derive the signd to
noise ratio from the impulse response measurement (provided that the excitation signd’s
spectral distribution and level match speech), this approach would be rather unpractica. The
god of an impulse response measurement normdly is to achieve an SNR as high as possible.
Preferably, the SNR should dso be independent of frequency to alow for trouble-free
evauation of other room-acoudtica parameters, most notably the reverberation time. Monkey
Forest features extendve tools for giving the excitation Sgnd any desired spectra shape. These
are normally used to equalize the loudspeaker and to compensate the background noise. Giving
the excitation signd the shape of human voice would lead to lacking SNR in some frequency
regions, epecidly the 63 Hz octave, normally included in roomacoustical measurements.

For this reason, the impulse response and the SNR per octave are handled separately by
Monkey Forest. The impulse responses can be measured using al possibilities to increase the
SNR (emphasis, extended length, synchronous averages, volume) without having to worry
about matching spectra digtribution of voice and playback level.

The SNR vaues have to be determined in two separate measurements (taking advantage, for
example, of the SPL menu in the spectral domain) with and without speech.
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The separate handling of impulse response and SNR also bears the advantage of alowing to
determine how strong the background noise worsens the octave-wise and overal results by
enabling and disabling theincluson of the SNR in the calculations.

1.1.2 Conditions for correct results

Severa conditions must be met to achieve truthful and reliable ST results with Monkey Forest
and to alow smooth operation:

The sampling rate must be a least 32 kHz to safdy include the 8 kHz band. If the
sampling rate of your IR islower and you are merdly interested in the RASTI, perform
an Al't Edit/Here conmes nore/ Sanple rate conversionto
bring the sample rate up.

The recovered impulse response should have a least a length of 1.6 seconds, even if
the expected reverberation time is much shorter. If this requirement is violated, errors
will be introduced in the m-vaues of the lower modulation frequencies. The 1.6 seconds
correspond to afull period of 0.63 Hz, the lowest modulation frequency involved in the
STI cdculation. If the impulse response is shorter than that, the Fourier transform for
this particular frequency cannot be performed over the full period, resulting in m-vaues
condderably above 0 even if the input is pure noise (which correspondents to infinitely
bad acoudtics).

However, the impulse response should not be extended with zeros to achieve acertain
length (for example, the 1.6 slimit). Thisis not only unnecessary because it will yied the
same result as with the origina IR, but it will dramaticaly increase the cdculation time.
The reason for this is that in the zero-padded region, denormadized numbers with
extremdy smdl vaues circulate in the [IR-filter stages. Thisis very painful for the FPU
(floating point unit), storing and retrieving those numbers can dow down operation up to
8times. When the origind IR hes alength of less than 1.6 seconds, it is better to leave it
this way and accept the warning issued by Monkey Forest when cdling the STI
function.

The recovered impulse response should have an SNR of at least 20 dB in dl octave
bands, preferably much Hgher than that. If this requirement is not fulfilled, the prevaent
background noise not only enters into the find result via the SNR table, but dso a
second time viathe impulse response, leading to worse ST results than are redlity.

The impulse response must be either broadband or suitably pre-filtered into octave
bands. Suitably pre-filtered means that the octave-wide bandpass filters applied from
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125 Hz to 8 kHz should adhere to the IEC 1260 (appropriate filters are automaticaly
sectedwhenusngthe Al t Edit / Filter menu).If therange of theresulting
bands is larger than necessary for the STI cdculation (e.g. including the 63 Hz octave),
Monkey Forest will automaticaly pick up the right bands.

1.1.3 The Menu STI Brimborium

The STI function is available in the time domain and in the impulse response domain. It is
invoked by typing Alt Info / t. Thefirst thing that pops up on screen is the welcome box which is
divided into two sections.

1.1.3.1 Preparation

# Setup leadsyou to the usud file sdect menu where you can store or recall STI setups
including al switches and entries accessible in al menus rdated to the STI, including the SN-
Table:

Tabl e SN Thiswill guide you to a submenu where you can view and modify the octave-
wise sgnd- and noise leves. They are important if any of three corrections later described are
active.

Preparation

i Setup. ..
ble SN...
ijast processing : no-Tog
Display parameters
il 3TIr male T oS I
ETIr female
STIPA male
ETIPA female
! STI old
RASTI
# STITEL
Rating
i ALcons

=] CIS

Tuit il : Go for it !

Fig. 1: STl welcome box.

Fast processing Monkey Forest can process the input impulse responses in two
ways.

The gandard is by filtering them into octave bands, squaring them and performing discrete
Fourier transforms a the exact ST1 modulation frequencies. All this is done maintaining the full
origind sampling rate. If the impulse responses are dready filtered into octaves, the first step will
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of course be omitted. The fast processing option is not available in this case. If, however, the
input impulse responses are 4ill broadband, the first step of the STI cdculation is to
automaticaly apply low-ripple Chebychev octave bandpass filters of 8th order, replacing the
origind time signal with the seven octaves per input channd. This firgt filtering step is much the
same asif it had been activated by usng the multiple-filter bankin Al t Edit / Filter

and leads to identical results.

The f ast processi ng works a hit different. It won't change the broadband impulse
reponses on screen, but instead submits them to a subsequent filtering and downsampling from
higher to lower octaves, which greatly relieves the computational burden and yidds amost
identical resultsin much shorter time.

Workfield /P X2 >~ >
HP LP DS
Fmy2 Fm/v2 40 Hz 7 outputs

Fm=28,4,2,1,050.25 0.125kHz fs=344 Hz

-\ | Input44.1 kHz
DS LP M * =4 r0adband IR

Fig. 2: Filtering and downsampling schemein , fast processing“ mode, with input 44.1
kHz sampling rate as example.

Each broadband impulse response is first low-pass filtered with the upper edge of the 8 kHz
octave band and stored in a tempord field. If the origina sampling rate is equd or higher than
64 kHz, than a suitable downsampling is gpplied. From here, the following two steps are
repeated seven times.

1) The contents of the tempora field is passed through a high- pass filter with a corner frequency
equaling the lower edge of the octave band, squared, low pass filtered (Butterworth 4" order,
fcur =40 H2) and findly sampled down to the fina sampling rate. The result (sampling rate for
44.1 kHz input: 344 Hz) is gored in a relatively smal array which will later be processed by
discrete Fourier transforms (DFTs) for the STI calculation.

2) The contents of the tempord field is now low-pass-filtered with the upper edge of the
adjacent smaller octave and then downsampled by afactor of 2. The result is again stored in the
samefied.

Thisfast processing yieds the STI in much shorter time for two reasons.

1) Thefiltering iscompleted in lesstime.
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2) Thetimeto perform the DFTs shrinks to 1/128 (and even less due to handling insde the
processor caches) compared to the standard case. As a matter of fact, it is now so fast
that it has a negligible contribution to the overdl processng time.

As additiond advantage, the fast processing option leaves the impulse responses on screen
undtered and may aso be gpplied to a single channd in a multi-channd impulse responses. To
do 0, activate the desred channd (by directly typing its number or using the */ keys) and
svitch al | channel s off before cdling the STI. When activating the STI in the
I mpul se response doman, MF aways usesfast processng.

There is no reason why you shouldn’'t work with the fast processing, unless you want to try out
specid filters (for example, FIR filtering with higher sdectivity) or compare the results as a
reference with those computed by other software.

Thereis, however, a smdl difference to andard processing with full sampling rate because the
filter shgpe of the octave bandpass filters changes dightly when decreasing the sampling reate.
This becomes most evident for the lowest band, the 125 Hz octave:

125 Hz Band — Processing: ChQ fasf, Ch1 slow

dB

0

/

=10
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=40 I,.r/ \\\
VA S
/ \
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Fig. 3: Filter curvesfor the 8th order Butterworth highpass/lowpass combination in fast
(blue) and standard processing mode.

The sHectivity of the filter operating at reduced sampling rate is dightly higher than of the one
operating a the origind sampling rate. This can cause minor differences in the caculated
modulation transfer function, should high level components exist in the adjacent bands. The
passhand is aso dightly divergent for both versons. However, both filters are adequate for the
separation of the octave bands and the find STI results normally do not differ by more than
0.001.



MF Audio Measuring System: 6/16

1.1.3.2 Display parameters

Yes, dfter the extensvely presented fast processing feature: we're fill in the initia STI welcome
box. Its second part is dedicated to the display parameters which can be individualy switched
on and off for the result window. The activated ST1 parameters will be shown in one row, while
the Rating, %Alcons and CIS, if activated, will be shown in separate rows, each one derived
from each activated STI parameter.

The only two vaues which redly matter are the STIr mae and femde. These are the two
parameters caculated by following the guidelines in the 2003 verson of the IEC 60268-16
gandard. They are activated as default. The other STI vaues have only been included to dlow
for comparisons with older measurements and/or results of other programs.

The STIPA, which only considers 2 instead of the norma 14 modulation frequencies per octave
band, is not even intended to be derived from impulse responses, but rather from smultaneous
andyds of a continuoudy running specid excitation noise. However, it might be interesting to
compare the results of genuine STIPA measuring gear with the results based on impulse
responses and separate S/N tables. Apart from the fact that only two modulation frequencies
per octave band enter into the result, the STIPA is caculated exactly as the STlr, usng the
same weighting factors and redundancy corrections.

The “old STI“ is cdculated according to the origind definition of the STI dating back to the
gxties and seventies. There is no redundancy correction for neighboring octave bands and the
weighting factors for the octave-wise modulation transfer indices (MTI) are dightly different
than for the new revised STIr. However, dl other corrections (SNR, masking and hearing
threshold) are gpplied in the same way as for the STIr. This dso holds for the STIPA and the
RASTI. In order to compare results of older measurements, al these corrections should thus be
switched off.

The RASTI (rgpid ST1) is an obsolescent condensed version of the STI. It only considers four
modulation frequencies in the 500 Hz band and five in the 2 kHz band. It has been introduced a
long time ago when computers till were dow and the full STI caculation could take some
minutes. Because only two octave bands are involved, its caculation redly would be faster than
the full ST1. However, Monkey Forest does not even consider the case “only RASTI” sdlected,
meaning that the filtering is dways done for dl seven octaves. As a matter of fact, including
RASTI in the display parameters even bears a small speed pendty, because the modulation
frequencies for the 2 kHz band are outsde of the standard STI scheme and thus the m
contributions for the RASTI in this band have to be caculated by five separate DFTS. This
speed pendty, though smal, should be enough to discourage the user to bother with the RASTI
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at dl. If even the predictability of speech intelligibility using the full ST1 has dready been cagt in
doubdt, its castrated companion RASTI must be definitely worse as inteligibility predictor.

The STITEL is not yet implemented and might continue so in the future, unless someone
convinces the program author of its ussfulness.

1.1.3.3 Gofor it!

Finaly, after carefully choosing the desired parameters, pressing the Enter key starts the STI
evauation, provided that the IR has a compatible sampling rate and is either unfiltered or filtered
in octave bands, spanning at least the range from 125 Hz to 8 kHz.

1.1.4 The Signal / Noise Table

The sgnd/noise table has to contain vaid vaues if any of the level dependent corrections
prescribed by the latest STI standard are activated. The vaues can be entered manudly, or, if a
cdibrated microphone is connected to the measurement hardware, by performing an SPL
measurement on Ste (Alt A / SPL in the spectrd domain) with octave-wide adding
(smooth -> Paraneter -> Bandwidth : 1/1 octave) andactivaing the
copy to STI S/ N optioninthelast row. After each measurement, the octave levels will
be stored in the signd- or in the noise row, depending on your choice.

———————_————————— e e e e———————————
Iode : W sigtnoise

Band 125 H= 258 H= 588 H= 1 kH= 2 kH= 4 kH= 8 kH=

Hignal @ 78 4B 83 4B 87 dB 86 dB 84 4B 9 dB 68 dB
ize : 75 dB 74 dB fH dB 69 4B 71 4B 65 dB 55 dB

Fig. 4. Signal/noisetablein mode, sig”.

Both the sgnd and the noise measurement should of course be performed under the expected
operating conditions. For the signa measurement, two different cases are handled:

1) Thedgnd leve is measured beforehand with the absence of noise. This holds for many
measurements, where acquiring impulse responses and the speech levels is performed
with still no audience present. In this case, the node switch must besettosi g.

2) Thesgnd leve is messured under true operating conditions, this means the audience is
present, has aready taken some drinks and become rather boisterous. This means that
the SPL measurement of the speech sgnd in redlity captures the sum of speech and
noise. In this case, the node switch in the menu should accordingly be st to
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si g+noi se. This will evoke a third line between the Sg+N and Noise rows in
which the Sgnd levels calculated according to

S=1040g(10° %o - 10%0)
are shown. These are the vdues which will enter into the STI caculation in this mode.

—_—
fode : sig/TTIEN

: 125 H= 258 H= 588 H= 1 kH= 2 kH= 4 kH=

ignal/noise levelsp==

Hig+N : 78 dB 83 4B 87 4B 86 dB 84 4B 9 dB 68 dB

Signal @ V5 dB B8Z.4 dB 86.9 4B 85.9 4B 83.8 4B 8.8 4B 67.8 4B
Joise : 75 4B 74 dB 8 4B 69 4B 71 dB 65 dB 55 dB

Fig. 5. Signal / Noise table in mode sig+noise.

Make sure that the Sgna+noise levels are dways above the noise levels. If they become dmost
the same, Monkey forest will clamp the derived sgnd-only leve to the vaue of the noise level
minus 20 dB.

1.1.5 The Result Menu

After pressng <Enter> in the welcome box, the impulse responses (up to 4) are processed and
the MTF matrices are filled. The resulting STI values and their associated ratings, %AL cons
and CIS vaues, if activated, are presented in the result window. Here, the various corrections
related to the octave wise signa and noise levels can be switched on and off to watch their
influence on the find results. The incduson of SNR and leve-dependent masking between
adjacent octave bands of course worsens the result compared to the noiseless case. In contrast,
the hearing threshold correction has practicaly no influence unless the Sgnd levels are extremely
low.

The sgnd/noise table is Hill accessible as a sub menu and any modificationsin it will be directly
reflected in the results when returning to the result window.

Therating for each STI vadue will be:
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STI value rating

0.6 - 0.75 good

0.3-0.45 poor
0.15-0.3 bad
O0-0.15 ugly
Tab 1: STI ratings.

TI results from IR
Correction
MR ! not thresh. : JVues
sking ' nos¥ ble SH. ..
STl parameter
Fem » Male PA Fem PA

STI : B.624 B.623 B.627
Rating : good good good
¥ALcons 5.884 5.834 5.717
CI3 3 A.795 a.794 a.v97

Tuit Shou MTF maril...

Fig. 6: STI result window.

The percentage of articulation loss for consonants (%ALcons) does not involve a separate
caculation process, but is merdly derived from the individud ST1 vaues usng the following
empirical equation according to Farrel Becker:

%AlCons =170.5405 > >***" ' 0 <= %AlCons <=100
The common intelligibility scde (CIS) is even smpler to caculate:

CIS=1+log(STl), 0<=CIS<=1
1.1.6 The MTF Matrix window and the STl calculation in detail

The MTF matrix window is accessible from within the result windows and presents al m-vaues
for one channe that enter into the find result for the STI vaue specified in the di spl ay

node. The display mode RASTI is only available when RASTI has been chosen in the ST

welcome box as one of the desired results. If not, the specia DFTsfor the 2 kHz band have not
been caculated and are thus not available.

Again, asin the result window, al corrections can be individualy switched on and off and thelr
effect immediately observed intherow m r educt i on. There are three different corrections,
presented now in detall.
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The most important one is to take into account the SNR. When the correct signal and noise
vaues have been evaduated and are present in the sgna & noise level table, this correction
should aways be active, unless the noiseless STI shdl be cdculated to explicitly exclude the
influence of the noise. The octave-specific SNR correction applied to al mvaues within one
band is:

1

= e
mCORSNR m S A

1+10 %
The sacond correction takes masking into account. It will only have a sgnificant influence if the
speeker leve in one band is consderably higher than in the next band (which can occur if the
PA is badly equdized). To smplify things, only the lower band k-1 is taken into account. Its
measking on the next band k is modeled as a steady dope with constant dB/octave vaue:

Shops of mazking
=33 dBfoctave

Ociave intensity i

k=1 Iy
Cekaue bard

Fig. 7: Auditory masking from band k-1 to adjacent band k.

Unfortunately, the dope of this vaue depends on the octave level in the masker band:

Octave level dB 46-55 56-65 66-T5 TGB-B5 B6-95 =05
Slope of masking —40 -32 =29 -20 -1a -10
Auditory masking 0,000100 0,000316 0003162 0010000 0031822 0.100000
factor

Tab 2: Level specific dope depending on the masking level and corresponding
auditory masking factor amf.

With the help of the masker level S;.; in band k-1 and the corresponding factor amf taken from
Tab 2, the influence on the masked band k is modded asinterfering noise intengty:

S
l ik =10 >amf
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The third correction takes into account that the SNR would have b increase to maintan
condant inteligibility if the level drops towards the absolute hearing threshold. This is modded
as a fixed octave-band specific interfering intengty caculated from the absolute reception
threshold levdsgivenin Tab 3:

I—rs‘k

g =107

The influence of this term in the overdl correction will be smdl if the octave-band sgnd leves
are high. With the hdp of I, which isthe intengty of the speech sgnd in band k,

S

|, =100

the combined mreduction mcory of a particular octave band K, taking into account al three
corrections, becomes:

1 o ‘
. RS S
k am,k rs,k
1+10

This is the octave-wise vdue shown in the m r educt i on row. All 14 mvaues of the
particular band k are multiplied with this correction:

mcor, =

Mkt =M, ; XNCOr,

After these modifications, the ST is caculated. To do so, first dl corrected mvaues are
transformed to gpparent signal-to-noise ratios:
NR , =1040og—% 4B
' 1- Mkt

These SNR values are clipped to the range +15 dB and then transformed into transmisson
indices (TI):

NR,, +15dB
T, =
’ 30dB
The modulation transfer index MTI for each octave is then caculated by averaging al Tl vaues
for one octave band:

1

14
MTI, =—23 Tl
k 14fa:.1 k,f
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From these octave-wise MTly, the find STI is now caculated by multiplying the MTI, with a
weighting factor and summing the products up:

7 6
STl =8 a, MTl,- & b,/MTI, MTI ..,
n=1 n=1

The essentid part is the first sum. The second sum is a redundancy correction, consdering that
a good result in one band can partialy compensate a worse result in the next band. The factors
a and R are the octave-band specific weighing factors, since the 3° edition of the 60268-16
there are different onesfor males and femaes:

Octave band Hz 125 250 500 1K 2K 4 K 3k

Males i 0,085 0,127 0,230 0,233 0,309 0,224 0173
K] 0,088 0,078 0,065 0,011 0,047 0,088 -

Females i - 0,117 0,223 0,216 0,328 0,250 0,184
i - 0,085 0,066 0,082 0,028 0,076 -

Absalule Loy | 46 27 12 6,5 7.6 -] 12

reception

threshold d8

Tab 3: Octave-band specific weighing factorsfor males and females
and levelsfor the absolute reception threshold correction.

If the STI analyss has been carried out for more than one channe, the displayed channd is
sectable.

For post-processing in Excel or other software that accepts tabular ASCII input, the window
contents, as any other text window in Monkey Forest, can be appended to the file MF.PRO
(the name of this file can be modified in the menu Al't Utility /Mre files
/ Prot ocol fil e).Along with the window contents, the sgnd’s headline will be copied
to this ASCII file in order to facilitate identifying the chunks of information written into the file.
Use an ASCII editor to cut out the desired pieces of information.

The MTFs can also be transformed into a 7 band spectrum, pressthe k key (for Make SPK)
to do so. The spectrum will then be available upon entering into the spectral domain.
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Correction ————— Relection

ER : nu/E E;thresh. ! oM display : PEVSTIPARASTI

ble SN... Chammel : 8 Maille SPK

sking : nos
Octave band 125 Hz 2Z58 Hz 588 H= 1 kH= 2 kH= 4 kH= 8 kH=

m—correction B.9522 B8.9231 8.9231 HA.9231 8.9231 A.9231 #.9231

S| P00
S| oe00000SE00
o | coo000cesEOIY
o | coosoosssEoIg
S| ceo000cEEEOIY
S| oe00000EEEIY
S| IIEI0IIIIIIIS:

Fig. 8: MTF matrix tablefor one channdl.

Magnitude IMP-TURB.SPEK Cht 125 Hz — B8 kHz MTFs (S5TI=B,42) na central "

Fig. 9: MTFsavailablein spectral domain after pressing
“Make SPK” in MTF matrix window.
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1.1.7 Some basic mechanisms influencing the STI

In this chapter, the three basic types of disturbances that decrease the STI are presented as
isolated theoreticd examples. noise, reverberation, and echo. For these three examples, it is
assumed that al other tranamission properties are perfect. To smplify things, the corrections for
masking and the absolute reception threshold are not taken into account. They would have very
little influence (ca—0.02) anyway.

1.1.7.1 Noise

The influence of steady noise on the MTF is modulation-frequency independent. Together with
the sgnd leve, it can be calculated usng the well-known formula

1

e g

1+10 1

An SNR of —15 dB or worse in dl bands means that the find STI will be exactly 0. From —15
dB on, every increase by 3dB of the SNR will raise the STI vaue by 0.1, until findly reaching
1 when the SNR rises to 15 dB or higher in dl bands. The landmark 0 dB for the SNR will be
trandated into an ST of exactly 0.5.

MTFs for SNR = —15, —12..+12, +15 dB

I I T T 1 L0
m i i i i i T ] —] |..[1..F
0.8 | | .
| |
0.6 I
0.4 |
0.2
! 1 |"f.' L||:1|
B SE JBEFLLL OB
i 2 5 10 Hz

Fig. 10: Influence of SNR on the M TFs.

SNR[dB]| -15 | -12 | -9 | 6 | -3 | 0 | +3 | +6 | +9|+12]| +15

STI 0 0102|0304 )|05|06]| 07 08|09 1

Tab 4: Reation between broadband SNR and STI.
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1.1.7.2 Reverberation

Reverberation has a low-pass filter effect on the MTFs. With the assumption that the decay is
drictly exponentid, indicating perfect diffuse-fidld conditions, the influence of the reverberation
time RT on the MTFs can be expressed as

1
X XRT §
J“g 138 g

Fig. 11 showsthe effect of various reverberation times RT on the MTF.

MTFs for RT= 0.25, 0.5, 1, 2, 4, B8 sec

m— | i i |
0.8 ——=
0 5"“'--. \ |
\\ 25
0.4 T~ ™~
N \“"‘“--..,
7= ~——
—
0 i 2 5 10 Hz
Fig. 11: Influence of different broadband RTson the MTF.
RT [s] 8 4 2 1 0.5 0.25
STI 019 | 031 | 044 | 059 | 0.74 | 0.85
Tab 5: Rdation between broadband RT and ST1.
1.1.7.3 Echos

An echo has a comb-filter effect on the MTFs, causing beating through congtructive and
destructive interference depending on the modulation frequency. For a broadband echo, its
level- dependent influence on the MTF can be calculated by

1+ 2x_ >xco xf T )+12 . Le
mECHO(f):J £ ;ﬁp )*le with 1. =101
E
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MTFs far gcho 100 ms, 0, -3..—7154B

L o~

T~
Zj \ 3 dB //j’
B
\/

) 2 ] 10 Hz

Fig. 12: Influence of the level of an echo with 100 msdelay on the M TFs.

Le[dB] | O -3 -6 9 | -12 | -15

STI 068 | 0.74 | 0.80 | 0.87 | 0.93 | 0.97

Tab 6: Relation of 100 msecho level and ST1.

As can be seen, an echo of 100 ms arriving with the same level as the direct sound will cause
the STI to only drop to 0.68, which would il be rated “good’. However, the intdligibility will
actually be poor in the presence of such a strong delayed component. This showsthat the SNR
is too insengtive to this kind of transmission disturbance. There are severd other Stuations in
which the ST failsto predict inteligibility, but they are out of the scope of this manud.



