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Abstract

Experimental studies have shown that for short gaps between 2 to 5 ms, the perceived loudness
is higher than for uninterrupted noise presented to the ear. Other studies have also shown that
the present temporal integration models for the calculation of time varying loudness do not

adequately account for short duration phenomena.

It has been proposed that the multiple look approach is a more applicable method for describing
these short term circumstances. This approach breaks a sound into small durations or looks
having length of 1 ms which allows for the intelligent processing of the looks and decision
making depending on the nature of the stimulus. However, present technologies (i.e. FFT) are
not adequate to deal with short duration sounds across the entire frequency spectra. A
compromised approach is taken here to account for perceived loudness levels for sounds in the
presence of gaps while using an integration model. This approach is referred to as a multiple

look gap adjustment model.

A model and software code was developed to take a recorded sound presented to the ear and
process it into individual looks which are then examined for the presence of gaps ranging in
length between 1 to 10 ms. If gaps are found, an appropriate gap adjustment is applied to the
sound. The modified stimulus is subsequently evaluated for loudness level using a model which

relies on temporal integration.

The multiple look model was tested using several sounds including mechanical and speech
sounds and was found to perform as intended. While recommendations for improvement and
further study are included, the application of the model has shown particular merit for

perceptional analysis of sounds involving speech.



Dedication

| would like to dedicate this Doctoral dissertation to my Mother, Ivi Ule, and in loving memory of
my father, Janez Ule. Also included are the friends closest to my heart. Thank you for all of your
love, support, and sacrifice throughout my life.



Acknowledgments

| would like to acknowledge the inspirational instruction, guidance and support of my co-advisor
Dr. Colin Novak for whom | could not have completed this effort without his assistance,
tolerance, and enthusiasm.

| would also like my co-advisor Dr. Robert Gaspar who has always had time to listen to my
thoughts, concerns and desires, no matter how elementary.

My sincerest thanks are given to my other dissertation committee members, Dr. Peter Frise, Dr.
Edwin Tam, Dr. Nihar Biswas and the external examiner, Dr. Laura Ann Wilber.

Heartfelt gratitude is extended to all my friends for their support during this period of my life,
especially my long time friend Paul Fedory for his guidance and expertise in computer
programming languages.

Acknowledgement is also given for the generous support and assistance to my academic
pursuits by Bruel & Kjaer.

vi



Table of Contents

DECLARATION OF ORIGINALITY .cuutuuiituetenieteeierenereeseenserenseressersssessscsssssssssssnssssssessssesssssssssssssssnssssnsesanse 1}
ABSTRARCT ..cuitiiiieirteireectrnneresetasseresessssessssssnssssssssassssnsessssessssssnssssnsssassssasessssessssssnsessnsssassssnsesassesnsssane v
(0] 0] (071N 1 [0 VIS PRS \'
ACKNOWLEDGIMENTS....cituiieuiiieniiteeiennernniisnsrsnserassssssssssssssssssnssssssssassssssssssssssssssnssssssssnssssnsssansesassssns Vi
LIST OF FIGURES .....ccuteuiteiitnereeirtneerenserenerescernsesssssensssensssessessssesasessssessssssnsssessesassesassssnsesnssssnsssansenanes 1X
LIST OF TABLES .....ceiiieiiiieiitniiteiitneiiennciesieresierssessssssnssssnsssssssssssessssssssssnssssnsssassssasssssssssnsssnssssnsssansesnnss Xl
NOIMENCLATURE ....ccucttuitteereniettecrennerensreserenserssserassssnsessssssasessssessssssassssnssssssssnsssessssassesassssnsssnssssnsssanse Xl
I INTRODUCGTION ...ccuiiiniiieniireniienciiaesisnssiessersssesasssssssssssssssssssssssssesssssssssssssssasssssssssssessssssnssssnsssassssasssanses 1
I BACKGROUND .....coituiieniiteniteeiteeereeseresseresierascesnsssssssensesessessssessssssnssssssssassssnsessssessssssnssssnsssassssnsssnnses 8
2.1 ANATOMY OF THE HUMAN AUDITORY SYSTEM tuuuuieiiiieetttiieeeeeeerertnieeeeeeesessstieeeeesssesssmneeeesssssssmsnsesesssesssmnnnnns 8

D B 0 1V =] gl =l | R 9
DB B Y [ 1o Lo | =30 e | N 10

D B B T =1 il = | 11

2.2 CHARACTERISTICS OF LOUDNESS. ...cvvttuutieteeeietetstiieeeeeeerersstieeeeesssessssnaesesssssssssnnesessssssssnmsesesssssssssninesesssesenes 14
2.3 IMIODELING LOUDNESS «.evvttuuueieeereettsuteseeeessesestnneaesesssssssnnnaaseesssssssnnnasseesssssssnsnasesesssssssnnnnsesesssssssnnnsesesssenes 17

HI LITERATURE SURVEY ....cuuiiuiiiieiiineiieniienieienitsonessssssnssssnssisssessssssssssssssssssssnssssssssasssssssssnsssnssssnssssnsssanss 21
3.1 LOUDNESS IMIODELS ....eeettttuuiereeereetrsuuieeeeeessesssunnasesessssssnnnsesessssssssnnnsesessssssssnnsasesesssssssnnaeseesssssssnnnassessssnaes 21
3.1.1 5tationary LOUANESS MOUEIS............cccueecueeeeeisieieeeet ettt sttt ste s saee e 23
3.1.2 Unsteady LOUANESS MOUEIS ............oeeeeeeeeeiee et ee e sttt e e et e et a e e sataeesttaaaesasaaesasaaeeaans 36

3.2 LOUDNESS USING TEMPORAL INTEGRATION ...cevutuuieteeereeerstiieeeeeseressstieeseeesesssssuneesesssesssssnsaesessssssssnaesessssessens 41
3.3 RESEARCH SUPPORTING MULTIPLE LOOK APPROACH FOR LOUDNESS ...uuieeeeeevrrtiiieseeererernnnieeseeeesessnnnnaseesssssssnnnns 45
34 SUMMARY «..eeeettutiieteeeeeeetttiieeeeeesstesata e seeesesessstaaeeessessatanesesesssssasaesesssssssssnnaesesessssssnnneseesssssssserssrnnnnneees 52

IV THEORY ..cieiieeirennerenieteseetesereessnserenseresseressesssessssssnsssensssessessssssnssssssessssssnsssessesassessssssnsesnssssnsennnsesnnes 57
4.1 TEMPORAL INTEGRATION ...uuuuuuuuuuuuuussssssssssssssssesssssssssssssssssssssssssssssssssssssssssssssssssssssssssssssssssssssseerersreeeeerrreen 58
4.2 IMIULTIPLE LOOK ... teetetttuueeeeeereetttuieeeeeessesssunaseeessssssnnnssesessssssnnnnsesessssssssnnsaeeessssssssnnsesessssssssnnsesesesssseeseres 60
4,3 UNSTEADY LOUDNESS IMIODEL ...ccvvvuuueiiiiieietiiieeeeeeeeertutaeeeeeseeesssuneeeesssesssssneeeeessssssssnaesessssssssnnaeeeesssessssnnnns 63

VY o 20 7Y ol - N 67
T A o Te ] T0 1Y o 1 Y/ o] o] = R 68
5.2 TEST PROCEDURE ...uieeetetttttiieeeeeessttsnuiaeseeessessssnnnseseesssssntnnsaeeesssssssnnnsesessssssssnnsasseesssssssnnneseesssssssnnnanseesnseens 76
VI DISCUSSION OF RESULTS....cccituiiitniiruniirneiiensiancsrassssnsessssesnssssnsssssssssssssssssssssssssssnssssnssssssssnssssnssssssssns 80
6.1 STATIONARY PURE TONE SOUNDS ...vvvuuuieieeeretttuuiieseeeereersnunaeeeserssessnnnasesesesssssmnnaesessssssssnmaseessssssssnsnesesessssnes 80
6.2 STATIONARY IMECHANICAL SOUNDS ...vvuuuieieieettutiieteeereeessstiaeeeeesssesststesessssssssanaeeessssssssnaesesssesssssnnesesssessnes 85
6.3 TIME VARYING (UNSTEADY) SOUNDS ...eeeeuvveeeitteeeaiereeesisseessseeeasssseesassssesssssesasssssessssssssssssssssssssssssssessssesenn 89
VIl CONCLUSIONS AND RECOMMENDATIONS ....cciteiitniiieniirnnirsnciancsrassssssessssessssssnssssssssssssssssssssssnssssns 93
7.1 CONCLUSIONS .evvvvrerererererererereeeeeeeeereeeeeeeseeeeeseseeeeeeeeeeeesaeeessesesesesesesesesesasessssssssssssssssssssssssssssssnsnsssnnsssesssens 93
7.2 CONTRIBUTIONS. 1.t ueeeeereruruueeseeerseessnsnaeseeessssssssnssesessssssssnneeesessssssssnnsesessssssssnnseeeessssssssnnsesessssssssnnnneesnneeeees 94

vii



7.3 RECOMMENDATIONS «..evvvvtuueeeeeereeerusiieeeeesssessssiseeessssssssaseeesssssssssnseeessssssssnmesesssssssssnseesessssssssnmnesesesesnnns 96

BIBLIOGRAPHY ....citeiiieniiienirieereecrtnnerenseresseresserssessssssnssssnsssessessssesnsesssssssssssnsssessesassesassssnsessssssnsssansesnnes 98
REFERENCE A . ooieiiiiiiieeetiee ettt eeeett e e e ettt eeeatu e estaneesasaeseatasaessnnesssnnsessnnnseessansessnnnsessnnneesssnneessnnneessessnneesnnnnns 104
REFERENCE B ...uuiiieieeiiiiiie e e e eeeeettiiee e e e e e ettt iteseeeeeeestau e eeeeeseasasannseeeesssssnannsasesssssssannsaseesssssnnnnsanseeneeeesssssnnnnn 116
REFERENCE € .evtuiiitteeetiteeeeetee e ettt ee ettt ee sttt eestanaeerasaeseatneessanaeessnnsesannnseessansssssnnsessnnneesssnnsesssnneesssssnneesnnnnns 169
VITA AUCTORIS 1vvtuuneeeeeteturuneseseeeresasteaaeeeesssssssnnaseeessssssnnnaeseesssssssnnesesssssssssnnasseeessssssnnsesesessssssnnneessnsaesesssees 178

viii



List of Figures
Figure 1: (a) Schematic lllustration Demonstrating the Concept of Frequency Masking where One
Sound Component is Masked by a Lower Amplitude Sound and (b) Schematic lllustration
Temporal Masking where a Brief Sound Followed by a gap and then a Second Sound is Masked
(D1 (o TSI A0 [0 7 TSRS 3
Figure 2: ISO 226:2003 Equal Loudness Contours which illustrate the extreme frequency
dependence on perceived loudness (International Organization for Standardization, 2003). ....... 4
Figure 3: Schematic of the ear showing the main anatomical components of the outer, middle
aNd iNNET €ar (SCIENCE KidS) . .uvueriiiiiiiiiiiiiiie ettt ettt e e e eeerr e e e e e e sebareeeeeseeessbesseeseessnssees 9
Figure 4: The transfer function, or frequency response, of the outer ear, including the resonance
effects of the auditory canal at approximately 4 kHz (Everest & Pohlmann, Master Handbook of
ACOUSTICS, 2009). ...iiiiiriiiieeeeiiitree et e e eeecre e e e e e eeesbbrreeeeeeeessbreeeeeeeesasatsaeseeeseeasstasseesesessssrareeeeeesanns 10
Figure 5: Schematic of the cochlea stretched out showing the path of excitation through the
cochlear fluid and along the basilar membrane (Hearing Aids Central.com).......ccccccevevveviniinennn. 12
Figure 6: Relative position of excitation along the basilar membrane with respect to frequency.
Low frequency excitation is located at the base of the membrane while high frequency
excitation is found at the apex near the round window (Howard & Angus, Acoustics and
V7ol a Yo Tt TU Iy oLy 010 ) AU 12
Figure 7: a) Idealized critical band filter envelope of excitation along the basilar membrane
showing an assumed frequency bandwidth shape, b) idealized bank of several critical filter
envelopes (Howard & Angus, Acoustics and Psychoacoustics, 2006). .........ccceeeeecieeeeecieeeeecveeennns 14
Figure 8: a) Three sounds having the same sound pressure level but varying bandwidths centred
about 1 kHz, b) Subjective loudness for equal sound pressure levels showing an increase in
loudness for bandwidths greater than 160 Hz (Everest & Pohlmann, Master Handbook of
ACOUSTEICS, 2009). . eiiiee ettt ettt e ettt e e et e e e ettt e e s eteeeeeataeeesasbeeaeetaeaeaaabaeaeeasbaeeearaeeeeantaeaestes 16
Figure 9: Effect of duration on the perceived loudness for a steady tone where the loudness of
the tone linearly increases for durations up to 200 ms after which the loudness becomes steady
(Howard & Angus, Acoustics and Psychoacoustics, 2006). ........ccceeeeeieeeeecieeeeciieeeeeeieeeeeieee e e 17
Figure 10: Schematic of Specific Loudness Plot, or Loudness Value per Critical Bark Band
measured in sone. Also lllustrated is the Area under the Specific Loudness Curve N’ which is
Directly Proportional to the Total Perceived Loudness (Bruel & Kjaer). ......ccccccveveevcieeeecreeeenee. 28
Figure 11: Masking patterns of narrow-band noise centred at 1 kHz with a bandwidth of 160 Hz
at different levels LCB (Bruel & KJABr). .....cccccuiieiiiiiie ittt ettt et etee e et e e et e e e 29
Figure 12: Comparison of Zwicker’s Critical Bandwidths to Glasberg and Moore’s Equivalent
Rectangular Bandwidths which demonstrate the low frequency errors resulting from Zwicker’s
listening experiments (Seeber, 2008). ......cccuuiii i e e e nes 34
Figure 13: Perceived difference in sound level in dB of two pulses with varying separation times
and a single pulse showing an increased detectability for shorter separation times in ms
(Viemeister & WakKefield, 1991)......ccou ittt ee e et e e e are e e eabae e s eabee e e eanree e eeaneas 47



Figure 14: Schematic illustration of Viemeister’s experiment where pip signals are presented
individually and simultaneously within two 10 ms gaps in the presence of a varying masker noise
signal (Viemeister & Wakefield, 1991). ....oooviiiiiiiie e e e e e e e 49
Figure 15: Graphical representation of the transfer function representing the effects of the outer
and middle ear on the time waveform input. The result of this filter is a representation of the
sound at the cochlea (Moore, Glasberg, & Baer, A Model for the Prediction of Thresholds,
Loudness and Partial Loudness, 1997).....ccocouuriiiiiiiiiiiiieeieeeeeesiitreeeeeeeeesatsreeeeeseesssseeesesesssssssssenes 64
Figure 16: Sinusoidal representation of a 1 ms WAV file comprised of 32 samples which are given
by hexadecimal values. Defined are the amplitudes for the Peak and RMS pressures of the
SOUNGT WAVE ..eeiiiieeiitieiiee et e st e steesteesstteesabeesbeeebteesabeesabeeenbaeeateesasaesabeeensseenateesnbaesnsseesaseesnse eeen 69
Figure 17: Flow chart illustrating the proposed model from input of WAV file, conversion to 1 ms
looks and search and adjustment procedure for the presence of gaps. The adjusted file is
subsequently reversed back to a WAV file format suitable for the calculation of loudness......... 72
Figure 18: Photograph of the experimental set up in the Semi-Anechoic room showing the Bruel
& Kjaer acquisition system, amplifier loudspeaker and microphone. The test sounds are
generated by the PULSE sound generator and played by the loudspeaker and subsequently
recorded through the microphone. The acquisition system then prepares the WAV file for the
multiple look gap correction and loudnNess Programs. .......ccueeeeeieeeiriieeesciiee e eevee e e 78
Figure 19: Time domain plot for the 90 dB sinusoidal test sound without the modifications of
inserted gaps iN the SIZNAl ......oooo e e e e e e e e e e aae s 81
Figure 20: Time domain plot for the 90 dB sinusoidal test sound with the addition of inserted
gaps in the signal with position and gap durations as specified in Table 4 ........ccccccceveeciieeennnenn. 81
Figure 21: Output of the multiple look program which shows the number of gaps found in the 90
dB gapped input file and the corresponding durations. Also given is the calculated loudness
level using the integrated Cambridge MOdel.........cooooiiiiiii e e 85
Figure 22: Time domain plot for the white noise test signal without the modifications of inserted
gaps in the signal used for the calculation of loudness level with and without the multiple look

Figure 23: Time domain plot for the white noise test signal with the addition of inserted gaps in
the signal with position and gap durations as specified in Table 4 used for the calculation of
loudness level with and without the multiple look model. ..., 86
Figure 24: Time domain plot for the warble sound used for the calculation of loudness level with
and without the multiple [00K MOdEl. ......ccocuiiiiiie e e 87
Figure 25: Time domain plot for the recorded diesel engine sound used for the calculation of
loudness level with and without the multiple look model. ..., 87
Figure 26: Time domain plot for the spoken sentence, “Suzie sold seashells by the seashore”,
chosen for its smooth cadence and expected lack of aps. .....ccoccvieeiciiie i e 90
Figure 27: Time domain plot for the spoken sentence, “Clickity clack, the train went down the
track”, chosen for its rougher cadence and expected gaps in the signal. ......cc.cceeevieeiccieeeennnen. 90



List of Tables

Table 1: Zwicker's 24 critical bands having unit of Bark and the corresponding bandwidth and
centre frequencies having units of Hz 27
Table 2: Evolution of the significant work leading to the development of both stationary and
unsteady loudness models, including the significance of each milestone. 40
Table 3: Detection correction levels for applied for corresponding gap durations to the 1 ms
looks 71
Table 4: Position in signal duration having inserted gap, the length of the gap and corresponding
adjustment 82
Table 5: Loudness level for 1000 Hz sinusoidal signals without inserted gaps calculated using DIN
45631, Cambridge model and with multiple look gap correction model 83
Table 6: Loudness level for 1000 Hz sinusoidal signals with gaps inserted calculated using DIN
45631, Cambridge model and with multiple look gap correction model 83
Table 7: Loudness levels for steady mechanical sounds (white noise, warble and diesel)
calculated using the Cambridge model and multiple look gap correction model. 88
Table 8: Loudness levels for time varying sinusoidal sweep and speech sounds calculated using
the Cambridge model and multiple look gap correction model. 91

xi



AGC
ANSI
dB
CPB
DIN
DSP
ERB
fr

FFT

hrO
hi(t)
HATS
Hz
ISO
kHz

ms
ns
RPM
Sm

St

SPL
STEP

TVL
WAV

Nomenclature

automatic gain control

American National Standards Institute

decibel

constant percentage bandwidth

Deutsches Institut fur Normung

Digital Signal Processing

Equivalent Rectangular Bandwidths

Frequency of test tone

represents the fraction of the difference between the summation of all
the loudness within a given band and the maximum band loudness
Fast Fourier Transform

height of water in container (from example in Chapter 4)

initial height of water in the container (from example in Chapter 4)
response to a sound with duration t (from example in Chapter 4)
head and torso simulator

Hertz

International Standards Organization

Kilohertz, 1000 Hertz

rate of water leaking out (from example in Chapter 4)

level of test tone

milliseconds, 1/10 second

loudness

nanoseconds

rate of rain (from example in Chapter 4)

revolutions per minute

loudness

maximum loudness

total loudness

sound pressure level

spectral-temporal excitation patterns

duration (from example in Chapter 4)

integration time constant (from example in Chapter 4)

time varying loudness

Windows Wave (audio format/file extension)

leak rate (from example in Chapter 4)

Xii



I Introduction

The ability to hear and discriminate sounds is a critical sensory mechanism in humans as it
enables them to communicate and to react to auditory stimuli within their environment.
Communication is necessary for the maintenance of social relationships and the ability to detect
and analyze sounds within the environment. It is critical to an individual’s ability to understand

its surroundings and to its overall quality of life.

The physical manifestation of sound is that of vibrations of air molecules propagating through a
medium. The human auditory system has the complex task of transforming this sound into
something meaningful. The auditory system is a complex one for which much is still not
understood in regard to the extensive processing of the physical stimulus of sound into a

psychoacoustic perception of the stimulus.

From an engineering perspective, the goal is often to finding the source mechanisms of a sound
in the hope of altering them to either attenuate the noise or improve its quality from a
perceptional perspective. The latter is referred to as the science of psychoacoustics or sound
quality. In order to perform this task adequately it is also important that engineers understand
the mechanisms of the human auditory system that influence these perceptions; that is, the
relationships between the sound characteristics entering the ear and the perceptional
sensations which they produce. Unfortunately it is difficult to understand both what the
auditory system does and how it works. This is because the perceptional components of hearing
a sound cannot entirely be explained by a simple understanding of the anatomy of the auditory

system. Much of what is known about the perception of sound has been surmised by scientists



and engineers through psychophysical experiments for which the results have been used to
model the perception and discrimination of sound. It is from these observed results that
engineers have developed the mathematical models to predict the sound quality attributes of
sounds. That is, they attempt to predict the perceived sound quality of a sound in the hopes of
either determining a best sound from an array of product samples or perhaps to modify the

sound to improve its quality.

The most fundamental of all of the psychoacoustic metrics is loudness, a model for which many
other metrics rely on for the basis of their calculation algorithms. Loudness is said to be a metric
which closely matches the perceived intensity of a sound, however, this should not be confused
with the physical quantity of sound intensity. Loudness is a psychological quantity measured by
a human listener. “On physical grounds alone, one expects that loudness should be different
from intensity because the ear does not transmit all frequencies equally, i.e. it does not have a
flat frequency response.” (Hartmann, 1998) This nonlinearity in frequency is due to the
geometry of the outer ear, resonances within the human ear canal and bone conduction. This
results in a transfer function having resonances in the 3 kHz to 12 kHz frequency range. In other
words, the magnitude of the acoustic stimulus input to the nervous system does not depend on
a physical quantity of intensity alone and is instead largely frequency dependant. It is this fact
which has lead to the development of the equal loudness contours first plotted by Fletcher and

Munson at the Bell Laboratories (Fletcher & Munson, 1933) .

Another characteristic of loudness which involves frequency is frequency masking. Here, a
sound or a frequency component of a lower amplitude sound is covered by another sound, or
component of a sound with a similar frequency makeup. If a sound is unsteady in nature,

another type of masking which can occur is called temporal or time masking. This can occur



when one sound, or component of a single sound, follows very closely after another in time.
Figures 1(a) and 1(b) are schematic illustrations of frequency and temporal masking respectively
(Defoe, 2007). The concept of temporal masking will be shown to be a very important

component of this dissertation as it is associated with the perception of loudness for unsteady

sounds.

e | Mlasking sound

2

(2]

'.-"g' Masking sound

é' Masked sound ?
g Masked sound
.
=
L =

Frequency Time

Figure 1: (a) Schematic Illustration Demonstrating the Concept of Frequency Masking where One Sound
Component is Masked by a Lower Amplitude Sound and (b) Schematic Illustration Temporal Masking where a
Brief Sound Followed by a gap and then a Second Sound is Masked (Defoe, 2007).

Examination of the standardized ISO 226:2003 equal loudness contours given in Figure 2
illustrates the frequency dependence on the perception of sound due to the nonlinearity of the
human auditory system at the low and high frequency extremes. The initial equal loudness
contours which were later standardized were developed using jury testing techniques. For this,
pure tones sounds were played to jurors who were asked to rate the loudness of successive
tones at varying sound pressure amplitudes and frequencies compared to a 1000 Hz reference
tone. The unit given to loudness on the equal loudness plots is the phon (pronounced as fawn).
The reference line for the equal loudness contour is defined as the 40 phon line. For this plot, a
1000 Hz tone will have both a loudness of 40 phons and a sound pressure level of 40 dB. As the

frequency is decreased it is observed that the equal loudness contour for the 40 dB line begins



to slope upwards illustrating a decrease in ability of the human ear to perceive sounds at these
lower frequencies. A similar trend is illustrated as the frequency increases above 1 kHz. The
exception to this is a dip or enhanced acuteness to sound within the frequency range of
approximately 4000 Hz. This is due to resonances within the human ear canal which act as a
qguarter wave resonator. Examination of the 40 phon line at 100 Hz shows that the sound
pressure level of a sound would need to be approximately 65 dB to sound as equally loud as the

1000 Hz at 40 dB.
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Figure 2: 1SO 226:2003 Equal Loudness Contours which illustrate the extreme frequency dependence on
perceived loudness (International Organization for Standardization, 2003).



Loudness in phons can also be expressed as loudness level with the unit of sones where the 40
phon line represents 1 sone. For an increase in loudness by 10 phons, a double in loudness level

is realized. For example, 40 phons is 1 sone, 50 phons are 2 sones, 60 phons are 4 sones etc.

It should be noted that the representation of loudness using the equal loudness contours is
rather simplistic in that it is a representation of pure tones only and not of more realistic
complex sounds found in real life experience. For the estimation of loudness for real sounds,
complex loudness models are needed. These models are divided into two fundamental types,
being loudness models for stationary or steady sounds which do not change with time and more
complex non-stationary models used for the calculation of loudness of unsteady sounds.
Several calculation techniques for both types can be found in the literature and are discussed in
greater detail in Chapter 3. It should be recognized that the mechanisms underlying the
perception of loudness are not all fully understood and that these models are only best

approximations and are still fought with uncertainties and assumptions.

The focus of this dissertation is on the more complex determination of loudness for unsteady
sounds. To date, the generally accepted approaches to the calculation of unsteady loudness use
the method referred to as temporal or long term integration where the intensity of the
unsteady signals are integrated over time. Psychoacoustic studies have found this method to be
acceptable for sounds which do not change significantly over durations of approximately 100 ms
or longer. However, it has been known for many years (Exner, 1876) that the absolute
thresholds of sounds are strongly dependent upon duration as well as frequency. Experiments
have shown that the perceived absolute thresholds are increased for sounds which are short in

duration or in the presence of gaps. The use of temporal integration methods cannot account



for the short duration data, and therefore, cannot be considered to be good predictors of

loudness for all signal types.

An alternative theory which is thought by some to be a better representative auditory model of
the human hearing system is called the multiple look approach. The premise of the multiple
look theory is that the auditory system takes many samples or “looks” of a stimulus and stores
them into memory for later processing. The specific processing performed is dependent on the
makeup of the signal contained in the successive look. For the case where gap or burst of
information is present, the short term looks are processed immediately as an auditory
perception. If the signal is steadier in nature, the looks are instead stored for a longer period
and then processed as an integrated signal over time, synonymous with the concept of a leaky

integrator model.

The caveat of the multiple look approach is that it cannot be adequately implemented using
present day technology over the full auditory frequency range given the limitations of present
day digital signal processing techniques. That is, the DSP cannot adequately sample short

duration signals with a low enough frequency resolution to cover the full auditory range.

The objective of this work is to develop an alternative model which will account for the hearing
phenomena demonstrated by the experiments supporting the multiple look theory while at the
same time be viable to implement in light of the present day limitations of signal processing
capabilities. The proposed model is a hybrid multiple look approach which uses level correction
factors in conjunction with temporal integration methods in order to adequately represent the

perceived loudness levels in the presence of gaps in a stimulus signal.



In addition to the solution statement above, the scope leading to the objective is to ensure
flexibility and wide use adaptability of the model. As will be detailed further in this report, it is
intended that the multiple look model developed will be integrated into existing and future
loudness models using integration theory. As such, the model developed here should be easy to
integrate into any of these loudness models. While this work is focused on the hearing
phenomenon of gap detection, the algorithm should be easily adaptable to other attributes such
as burst detection. The code should be open and allow for modifications to its parameters and
correction values in order to accommodate new empirical data in the future. Finally, the
method developed model should be well suited to be used for other psychoacoustic metric such

as speech intelligibility.

The layout of this dissertation is as follows. Given the nature of the material presented in the
literature review section, some background information is first provided in Chapter 2. The
intent is to provide fundamental information in regard to how the auditory system functions as
well as a more thorough description of the mechanisms related to the perception of loudness
and how it is modeled. This information is necessary for the non audiologist in preparation for
Chapter 3 which is a traditional presentation of the literature review which identifies the
present state of art. Chapter 4 provides the background theory of the calculation processes
which is necessary to bridge the gap between Chapter 2 and the methodology details given in
Chapter 5. A detailed description of the multiple look gap correction model developed in the
dissertation as well as the experimental setup is given in Chapter 5 followed by a presentation of
the results in Chapter 6. Finally, a discussion of the conclusions and recommendations for

future work will be provided in the final chapter.



II Background
Acoustics is a well developed science of the study of sound from a physical perspective. It deals
with the quantification of the physical parameters of sound power or sound pressure.
Psychoacoustics is the study of how we perceive sounds. This includes the quantification of how
good or how bad a noise source sounds is perceived to be by an individual listener. In order to
study psychoacoustics, it is necessary to first understand the physiology and workings of the
human ear. This chapter will describe the main anatomical structure of the human ear as well
as how these mechanisms are related to how humans perceive sounds. Also described will be
the psychoacoustic metric of loudness including the link between the functional components of
the ear and this perceptional metric. The discussions on loudness will include models that are
for both stationary sounds which do not change with time as well as unsteady sounds. It should
be noted though that much of the present understanding of hearing perception is based on
listening experiments where controlled sounds are introduced to listeners and their responses
are correlated to the inputs. While the responses to these experiments cannot often be
described by the physiology of the hearing system in term of physical means, they do provide a

foundation to the understanding of hearing perception and psychoacoustics.

2.1 Anatomy of the Human Auditory System

The anatomy of the human ear is divided into three fundamental sections as illustrated in Figure
3. These three sections are comprised of the outer ear which acts not only as a receptor devise
but has other important functions including sound localization. The middle ear acts as a
mechanical amplifier of the sound waves which reach the tympanic membrane, or eardrum.
The inner ear performs many of the functions which dictate hearing perception. A more

detailed description of each of these components which make up the ear is given below.
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Figure 3: Schematic of the ear showing the main anatomical components of the outer, middle and inner ear
(Science Kids).

2.1.1 Outer Ear

The outer ear consists of the pinna, concha and the auditory, or ear canal. The pinna is
the external tissue which is comprised of grooves and depressions. The pinna acts as a
noise collection devise which has a similar effect to holding your open hand around your
ear to direct noise into the ear. The main depression or cavity before the auditory
cannel is the concha. Together the pinna and concha aid in the effort of sound
localization to determine the front to back and up and down positioning of a sound
source. The auditory canal directs the sound to the tympanic membrane while at the
same time offering some protection to the membrane. The approximately 25 mm long
auditory canal, as well as the pinna and concha modify the frequency response of

incoming sounds as shown in the transfer function in Figure 4. The auditory canal has



the most significant effect by amplifying sounds by several decibels in vicinity of the 4
kHz frequency range. It does so by acting as a quarter wave resonator, very much like
an organ tube. The sound waves strike and cause the tympanic membrane, a very thin
elastic boundary separating the outer and middle ear, to vibrate. The displacement of
the ear drum is 10 > nm at threshold of hearing (about 3/100 diameters of the hydrogen

atom) and 10% nm at the threshold of pain.
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Figure 4: The transfer function, or frequency response, of the outer ear, including the resonance effects
of the auditory canal at approximately 4 kHz (Everest & Pohlmann, Master Handbook of Acoustics,
2009).

2.1.2 Middle Ear

The middle ear is comprised of three tiny bones called the ossicles which is made up of
the malleus, the incus and the stapes. Just as the malleus is fixed to the tympanic
membrane, so is the stapes to the oval window at the boundary to the inner ear. The
purpose of the middle ear is to transmit the excitation of the tympanic membrane to
the relatively incompressible cochlear fluid inside known as perilymph without
significant energy loss. Given that the energy transfer is from air to a liquid, a significant

impedance change must be overcome. In this case, the impedance ratio is
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approximately 4000:1. This is accomplished in two ways. The first is the mechanical
advantage realized from the ossicles which act as three mechanical levers. The second
is from the area difference between the tympanic membrane and the footplate of the
stapes on the oval window. As a result, the pressure increase from the input to the
malleus at the tympanic membrane to the output at the foot of the stapes into the oval
window is approximately 33.8 times. A second function of the middle ear is to protect
the auditory system from excessively loud sounds. This is accomplished by two muscles
called the tensor tympani and the stapedius which contract and stiffen the ossicles
system when exposed to sounds in excess of 75 dB pressure level. This phenomenon is
known as the ‘acoustic reflex’ and provides approximately 12 to 14 dB of attenuation for

frequencies below 1000 Hz.

2.1.3 Inner Ear

The inner ear is comprised of a snail shaped bone structure which is about the size of a
pea called the cochlea. The function of the cochlea is to convert the mechanical
vibrations induced into the cochlea by the stapes at the oval window into nerve

impulses or firings to the brain to be processed into acoustic impressions.

The fluid filled cochlea is approximately 25 mm long and coiled about 2.75 turns. It is
divided along its length by two membranes called Reissener’s membrane and the basilar
membrane. Shown in Figure 5 is a schematic of the cochlea stretched out which shows
the position of input vibration at the stapes into the cochlea. This energy then
propagates along the length of the cochlea then down and back again to the round
window causing an outward movement resulting in a pressure release. It is on the

basilar membrane that standing waves are set up along its length and are positioned

11



depending on the frequency of the pressure excitation. As shown in Figure 6, low
frequency excitations are located near the end of the basilar membrane while high

frequency excitation has maximum amplitude at the apex near the oval window.
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Figure 5: Schematic of the cochlea stretched out showing the path of excitation through the cochlear
fluid and along the basilar membrane (Hearing Aids Central.com).
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Figure 6: Relative position of excitation along the basilar membrane with respect to frequency. Low
frequency excitation is located at the base of the membrane while high frequency excitation is found at
the apex near the round window (Howard & Angus, Acoustics and Psychoacoustics, 2006).
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Located along the basilar membrane are thousands of hair-like structures containing
tiny hair bundles called stereocillia. When waves are set up on the basilar membrane,
the stereocilla are bent which in turn results in discharges of electrical signal which
initiate neural discharges to the auditory nerve and then to the brain. The firing of a
neural discharge will initiate the firing of an adjacent fibre. It is believed that the
loudness of a sound is proportional to the number of nerve fibres excited and repetition
rate of the firing. It should be noted that a thorough understanding of how the inner
ear and brain works is not yet known (Everest & Pohlmann, Master Handbook of

Acoustics, 2009).

For a future understanding of loudness perception, it should be understood how the
excitations along the basilar membrane relate to perceived frequency. The response is
very much like a constant percentage band filter on an acoustic analyzer where the
frequency response is divided into bands or envelopes with the width of each envelope
increasing by the same percentage of the centre frequency of the band. For a one third
octave analyzer, the width of each frequency band is a constant 23 percent of the
band’s centre frequency. The response along the basilar membrane acts in a very
similar manner. Here, each band is often referred to as critical band (also referred to as
Bark bands). Other theories exist which differ somewhat in the shape of the bandwidth
windows. One such alternative is given by Glasberg and Moore who defined the
bandwidths by Equivalent Rectangular Bandwidths (ERBs) (Glasberg & Moore, 1990).
More detail to the different approaches is given in Chapter 3. Shown in Figure 7 is an
idealized frequency response on the basilar membrane for a localized frequency
excitation as well as a broadband excitation. The exact widths and locations of the

13



critical band centre frequencies is still unknown and gives rise to the different theories

and approaches for the calculation of loudness.
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Figure 7: a) Idealized critical band filter envelope of excitation along the basilar membrane showing an assumed
frequency bandwidth shape, b) idealized bank of several critical filter envelopes (Howard & Angus, Acoustics
and Psychoacoustics, 2006).

2.2 Characteristics of Loudness

As described in Chapter 1, the work done by Fletcher and Munson (Fletcher & Munson, 1933) on
the equal loudness curves (Figure 2) provided the foundation for the later development of
models for the calculation of loudness. The unit for loudness which corresponds to the
subjective impression of the intensity of a sound is the sone. The sone is defined as a subjective
unit because a doubling of perceived loudness of a sound corresponds to a doubling of the
amount of sones for the sound. Loudness is not a pure physical measurement as in the case of a

sound pressure level having units of dB. Loudness is a subjective prediction which includes the
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complex auditory responses to a sound stimulus including, for example, frequency masking, and

for the case of unsteady sounds, time masking.

Discussion of loudness perception with respect to the equal loudness curves is restricted to the
impressions of pure tone frequencies. Broadband sounds also have an effect on loudness which
is different from pure tones. For example, the broadband sound of a passing bus of sound
pressure level equal to that of a pure tone sound will sound much louder. Presented in Figure
8(a) are three sounds having equal sound pressure level but different bandwidths as described
by Everest and Pohlmann (Everest & Pohlmann, Master Handbook of Acoustics, 2009). The
heights representing the sound intensity per Hz vary such that they all have equal areas.
However, as shown in Figure 8(b), the three sounds do not have equal loudness. The perceived
loudness of the sounds increases for increased bandwidths greater than 160 Hz. This has been
determined experimentally through listening tests. The reason for the increased threshold of
perceived loudness for bandwidths greater than 160 Hz is due to the fact that 160 Hz is the
approximated critical bandwidth for the human auditory system at 1 kHz. In other words, for
sounds having bandwidths greater than 160 Hz, the spread of excitation would be across

multiple critical bandwidths which results in a perceived increase of loudness.

15



e 100 3
Hz 160 3
Hz < 200 >
Hz
| : 1'
1 kHz 1kHz 1kHz
A
8 80 — —16
g 72
|75 g
= 2
v 70 - -8
5 2
w 65 g
) o
g 60 4 3
3 —
Q
— 55 | | |
80 160 330 670 1,400

Bandwidth - Hz

Figure 8: a) Three sounds having the same sound pressure level but varying bandwidths centred about 1 kHz, b)
Subjective loudness for equal sound pressure levels showing an increase in loudness for bandwidths greater than
160 Hz (Everest & Pohlmann, Master Handbook of Acoustics, 2009).

In addition to the amplitude and frequency of a sound, the duration for which the sound occurs
also affects the loudness of the sound. Shown in Figure 9 is an illustration of loudness with
respect to time for a steady tone. For a steady sound it can take approximately 200 ms to reach
full loudness. For unsteady sounds, the relationship between loudness and duration is more
complicated. The presence of short duration bursts in the sound can have the effect of masking
other sounds which occur as late as 20 ms after the burst. Conversely, the presence of a gap in
a sound has been shown to increase the perceived thresholds of adjacent sounds by up to 4 dB

and for as long as 10 ms.
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Figure 9: Effect of duration on the perceived loudness for a steady tone where the loudness of the tone linearly
increases for durations up to 200 ms after which the loudness becomes steady (Howard & Angus, Acoustics and
Psychoacoustics, 2006).

2.3 Modeling Loudness

Given the descriptions above which detail the complexity of the auditory system, it is easy to
appreciate the difficulty in developing a model for the calculation of loudness. This is certainly
true enough for stationary sounds but the degree of complexity is increased many times for the
prediction of loudness for unsteady sounds. The effect that the time component has on
perceived loudness and the mechanisms which influence it are still not greatly understood.
What is known from the many listening experiments since the 1930s are just some of the
phenomena that the time component of a sound has on how we perceive these unsteady

sounds.

Many models for the calculation of steady loudness have been developed over the years, each
new model having an increased complexity in procedure and a corresponding better correlation

to the listening experiments. The different models also have a similar fundamental
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methodology, from the input of the steady sound signal to the loudness output result. Where

the differences between the different models lie is very much in the details and accuracy of the

individual steps; details which have been improved on over the years as the understanding of

the auditory system has increased as well as improved technology to process sounds due to

faster computers and complex digital signal processing technologies.

While greater detail of the various models which have been developed over time will be

presented in Chapter 3, a brief outline of the common steps of the calculation of loudness are

given as follows:

The sound is inputted into the model as a spectrum of the steady sound. Earlier models
accepted octave spectra while the more modern (and accurate) models use third octave
spectra or critical band levels as the input of choice. More complicated models allow
the user to define the conditions of the acquisition of the input data as either free field,
diffuse field or in some cases binaural.

A transfer function representing the outer and middle ear is applied to the input
spectra. This is one area where knowledge of these transfer functions has improved
over the years. A very common error found in the practice of calculating loudness is
that if the input signal is initially acquired using a binaural head and torso simulator
(HATS), the application of the transfer function of either the outer or outer and middle
ear (depending on manufacturer of the HATS) should be omitted. This is because the
design of the HATS is intended to include the effects of the transfer function during

acquisition of the sound.
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e The excitation pattern at the cochlea is determined. This is another aspect of the model
which has shown improvement given better knowledge of the excitation pattern from
listening experiments.

e The excitation is then transformed into a specific loudness plot where the loudness in
sones per critical band is plotted across the frequency range of hearing.

e The final step is to integrate the specific loudness curve to get the overall loudness of
the input spectra.

While most of the loudness models in existence are designed for stationary sounds, a few
models have also been developed for the calculation of loudness for unsteady sounds. It is
worthwhile noting that the application of steady loudness models has at times been
inappropriately applied to unsteady sounds. Some commercial software programs simply apply
a stationary loudness model to short samples of time and have been marketed as unsteady
loudness models. These software though do not give results which correlate well to human
listening experiments as the stationary models cannot account for the temporal aspects of
hearing perception. The real unsteady loudness models do account for the temporal effects of
hearing through various methods. The most common of these is the integration of the signal
over time. The more precise models will employ several integration techniques including short
term integration for samples as short as 1 ms followed by long term integration for signal as
long as 10 ms, 50 ms or several hundred milliseconds. One of the integration techniques
commonly applied is called a ‘leaky integrator’ which will be discussed in more detail in Chapter
4. There is much debate though on the applicability of these integration techniques and
whether the human auditory system really uses such a straight forward summation of energy.
This has lead to alternative theories for which the multiple look approach is the most widely

accepted. This theory suggests that sound is sampled by the auditory system in very short
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durations, or ‘looks’ and then either applies the looks immediately to subsequent looks for more
continuous sounds or instead stores this information for later processing in the case of more
discontinuous sounds. More detail in regard to the studies supporting the multiple look theory

and how it can be applied in practice to the calculation of loudness is given in the next chapters.
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III Literature Survey

Much remains to be understood of all the processes associated with the human auditory
system. While the physiology of the ear is well known, an all encompassing model which
accurately predicts the perceptional results of all given stimuli remains to be found. The
knowledge of how humans perceive certain sounds is based on listening experiments which
have been developed and carried out over many years, mostly since the 1930s. From these
experiments, several models have been developed to predict the perceived intensity of sounds.
Adequate models used in practice for stationary sounds have been available since the early
1970s (Zwicker, Fastl, & Dallmayr, 1984) (International Organization for Standardization, 1975)
and models for non stationary sounds in the past few years (Deutsches Institut fur Normung,

2007) (Glasberg & Moore, 2002).

This chapter will provide a thorough understanding of loudness through discussion of the
development of this metric pursued by researchers. Other research necessary for the
understanding of the premise of this dissertation includes the review of work in the
development of the various loudness models including the integration techniques as well as the

experimental results which support the multiple look approach.

3.1 Loudness Models

The most common metrics used to quantify sound is the sound pressure level or sound power
level. These are physical quantities which can easily be measured using electronic instruments.
Loudness by contrast is a psychological quantity which is much more difficult to measure as any
instrument intended to do so would need to emulate the processes and encoding of the human

auditory system. While understanding of the probable physiological mechanisms of this
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encoding exist in general, questions still remain in regard to specific perceptions including subtle

vowel recognition, varying tonal colourization and impulsiveness (Hartmann, 1998).

Mechanisms external to the auditory system also influence the perceived loudness of sounds.
The body’s upper torso, chin, nose and the soft tissue of the outer ear, or pinna, have the effect
of either increasing or attenuating a sound at different frequencies before it reaches the
tympanic membrane. These transfer functions as well as the transfer function of the middle ear
have influence on the magnitude of the auditory neural impulses sent to the brain and do not

depend on intensity alone (Hartmann, 1998).

The calculation of loudness can be broken into two fundamental approaches. The first being the
calculation of loudness for sounds which are stationary or steady in nature. That is, for sounds
which do not change with respect to time. An example of a steady sound might be the sound of
an engine operating at a constant RPM. A sustained pure tone with constant amplitude is also a
stationary sound. As such, the early work in the development of the equal loudness contours
and the subsequent loudness models based on these contours fall under the category of
stationary models. The second group of loudness models are able to predict the perception of
loudness for unsteady sounds. Examples of unsteady sounds include an automobile engine
during a run up, process machinery noise and human speech. Unsteady loudness models have
not been in existence for very long with the first usable metrics appearing in the literature
within the past few years. Given the significant differences between how steady and unsteady
loudness is calculated, the evolution of each of the two loudness model approaches will be

discussed separately.
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3.1.1 Stationary Loudness Models

While the above discussed observations of hearing sensation have been observed in the
literature since the 19™ Century (Exner, 1876), the first published work of great
significance still today is the work of Fletcher and Munson’s “Loudness, Its Definitions
and Measurement” (Fletcher & Munson, 1933). This work, performed at the Bell
Laboratories, was intended to study telephone receiver noise using subjective tests
culminated in the equal loudness contours similar to the much later improved contours
illustrated Figure 2 in the previous chapter. These contours, along with the work of
Kingsbury in 1927 (Kingsbury, 1927) were the first to provide a good insight into the
nonlinearity of auditory perception. The Fletcher and Munson experiments used
telephone receivers to subject jurors to various intensity levels of pure tone sounds who
were asked to judge on the relative loudness of the tones. Given that the tests were not
under ideal free field conditions, transfer functions were used to correct the playback
for the various frequencies which resulted in some error in the data. While their work
was confined to the study of steady sounds, Fletcher and Munson recognized the
difference in resulting perception between steady and unsteady sounds. They are also
recognized for introducing the symbol N used to represent loudness. Also of great
significance to future work is the fact that Fletcher and Munson recognized that the
human ear reacts to stimuli in bands of frequency instead of pure tones, although the
widths of these bands were incorrectly assumed at the time. Despite the inaccuracies
and inappropriate assumptions, the work conducted at the Bell Laboratory made a
significant contribution to the knowledge of loudness perception and the eventual

development of a loudness model.
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The Fletcher and Munson work was later followed up in 1937 by the work of Churcher
and King and then Zwicker and Feldtkeller in 1955 (Churcher & King, 1937) (Zwicker &
Feldtkeller, 1955). These also included experimentally obtained equal loudness
contours. Unfortunately, none of the results between the three studies matched with
each other. In recognition of this, Robinson and Dadson (Robinson & Dadson, 1956) at
the National Physics Laboratories performed an extensive investigation in 1956 to
correct for the mistakes and assumptions in the previous studies which became the first
international standard for equal loudness contours, ISO/R 226:1961. The Robinson and
Dadson’s study also included an increased dynamic range to 130 dB and extended
frequency range between 25 Hz and 15 kHz. The standardized curves though were for
free field conditions only and could not be used to predict loudness for sounds within a

diffuse field.

Mintz and Tyzzer (Mintz & Tyzzer, 1952) proposed a graphical approach to calculate
loudness in 1952 which was based on the equal loudness contours developed by
Fletcher and Munson. Similar to more modern calculation models, the Mintz and Tyzzer
procedure used octave band inputs rather than the various constant band widths
proposed by Fletcher and Munson. This was in recognition of the filtering process of the
auditory system. For their procedure, the octave band data was plotted against curves
from which the loudness was determined. The loudness for each octave was then
summed to predict an overall loudness value. The significant shortcoming of this model
was that it did not account for any masking effects and as a result produced acceptable

results for sounds which had flat frequency spectra only.
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Stevens (Stevens, 1956) developed a loudness computation model in 1956 which was
also limited to sounds which that exhibited “approximately continuous spectra”. This
was similar to the Mintz and Tyzzer model and limited its usability significantly. This
model also accounted for the effects of frequency masking which Stevens referred to as
"inhibition” and accommodated octave, half octave and third octave data as input. The

basic premise behind Stevens’ model is given by the following equation;

S =Sm +FQES—5p) (1)

Stevens redefined the variable representing loudness in his equation as S where St is the
total loudness, Sm is the maximum loudness and F represents the fraction of the
difference between the summation of all the loudness within a given band and the
maximum band loudness. The variable F was dependant on the fraction of octave band
data type. That is, F was taken to be 0.3, 0.2 or 0.13 for octave, half octave or third
octave band data respectively. Loudness is then obtained as a function of sound

pressure level for a given band using the equal loudness contour plots.

Stevens later improved his model (Stevens, 1961) with a simplified version where the
equal loudness contours used to determine the loudness as a function of sound
pressure level were now a series of interconnecting linear lines. The value for F was also
changed to 0.15 for the case of third octave input data. The result was a model which
compared more favourably to jury data and one which is easier to calculate. This
improved version of the Stevens model later became a British standard, BS 4198:1967

(British Standards, 1967).
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Zwicker published work (Zwicker, Flottorp, & Stevens, 1957) (Zwicker, 1961) which
proposed the use of critical, or Bark bands, as the inherent filter network of the auditory
system as opposed to third octaves. Through psychoacoustic experiments, Zwicker was
able to show that the perceived loudness of a pair of tones of diverging frequency
remained constant until a critical frequency value was achieved. After the critical
frequency tone was surpassed, the perceived loudness of the higher frequency tone
would also increase for frequencies up to approximately 4 kHz. After that, the loudness
would instead decrease. The trending would follow the equal loudness contours;
however, the establishment of the critical bands and their lower and upper frequencies
was a major step forward in the understanding of auditory filter position along the
basilar membrane within the cochlea of the ear. It is the excitation of the 24 various
critical bands (or Bark bands identified as Bark 1 through 24) along the basilar
membrane that the auditory system interprets as an appropriately corresponding
frequency. Zwicker later redefined the critical bands below 500 Hz as having constant
bandwidths of 100 Hz as opposed to the approximate constant 21% bandwidth (21%
CPB) for all bands above 500 Hz. Shown in Table 1 are the 24 critical bands and the
corresponding frequency bandwidths and centre frequencies for each. It is interesting
to note that the 21% relative bandwidth above 500 Hz is very near to the 23% relative
bandwidth defined for third octave filters. This implies that the human auditory system
is very near to a third octave filter set for the upper frequencies. Alternatively, equation
2 can also be used to calculate the critical bandwidth surrounding a given center

frequency.
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Table 1: Zwicker's 24 critical bands having unit of Bark and the corresponding bandwidth and centre
frequencies having units of Hz

50 100 0 100 1.25 -100
150 100 100 200 100 - 200
250 100 200 300 200 - 315
350 100 300 400 315 - 400
450 110 395 505 400 - 500
570 120 510 630 500 - 630
700 140 630 770 630 - 800
840 150 765 915 800
1000 160 920 1080 1000
1170 190 1075 1265 1250
1370 210 1265 1475 1250
1600 240 1480 1720 1600
1850 280 1710 1990 2000
2150 320 1990 2310 2000
2500 380 2310 2690 2500
2900 450 2675 3125 3150
3400 550 3125 3675 3150
4000 700 3650 4350 4000
4800 900 4350 5250 5000
5800 1100 5250 6350 6300
7000 1300 6350 7650 6300
8500 1800 7600 9400 8000
10500 2500 9250 11750 10k
13500 3500 11750 15250 12.5k

Zwicker with Paulus (Paulus & Zwicker, 1972) would later published a 1972 paper
describing a model which included a FORTRAN computer code for calculating loudness
which used the critical bandwidth filter set developed earlier by Zwicker. This paper
provided the basis for what would become the most widely used loudness model for

stationary sounds for nearly 30 years thereafter. The model was able to accommodate
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both free field and diffuse sound fields and included the effects of simultaneous
frequency masking. The model involved several steps which began with the input of the
sound spectrum as either third octave data or critical band levels. If the former were
used, the program was able to approximate the critical band levels by combining the
third octave data into ranges which approximated the critical bands. Next, transfer
functions representing the outer and middle ear are applied to the input spectrum
followed by the determination of the excitation pattern at the cochlea. The excitation
pattern is then transformed into a specific loudness plot. A schematic example of
specific loudness for a single tone is illustrated in Figure 10. The x axis is the critical
band rate and the y axis is the specific loudness having units of sone/Bark. The final
step is to integrate the specific loudness curve to get the overall loudness of the input

spectra, also shown in the figure below.

Figure 10: Schematic of Specific Loudness Plot, or Loudness Value per Critical Bark Band measured
in sone. Also lllustrated is the Area under the Specific Loudness Curve N’ which is Directly
Proportional to the Total Perceived Loudness (Bruel & Kjaer).
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The concept of the specific loudness is important also for the understanding of
frequency masking as shown in Figure 11. lIllustrated are the masking patterns of a
narrow-band noise centred at 1 kHz with a bandwidth of 160 Hz. The lowest curve
represents the equal loudness contour for the threshold in quiet. The other curves
illustrate masking patterns for different levels of the 1 kHz narrow-band noise. For
example, a test tone frat 2 kHz with a level L; of 40 dB and below is masked if the noise
level Leg is above 80 dB. At low levels of the narrow band masker, the masking pattern
has a symmetrical shape. However, when increasing the masker level above 40 dB, the

lower level is shifted in parallel, whereas the upper slope gets flatter and flatter. This

effect is called the “non-linear upward spread of masking”.

Figure 11: Masking patterns of narrow-band noise centred at 1 kHz with a bandwidth of 160 Hz at
different levels LCB (Bruel & Kjaer).
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The first standard for the calculation of loudness was the 1SO 532:1975, “Method for

III

calculating loudness level” (International Organization for Standardization, 1975) which
included both a Method A and a Method B component. This standard is for steady
sounds only and is still in use at the time of this dissertation with a revision not expected
for a few more years yet. While the two approaches are intended to calculate the same
metric, the standard warns that user discrepancies as great as 5 phons may be realized
between the two methods.

Method A from ISO 532:1975 is based on the work of Stevens (Stevens, 1961) and
employs the use of equations and corresponding coefficient lookup tables. The method
is also restricted to the input of octave band input data only as opposed to half and third
octave input as originally intended by Stevens. Method A is also restricted for use
within diffuse sound fields and input signals having relatively flat spectrums. Because of
these restrictions, along with poor resolution of the calculated loudness value, it is a
mostly disregarded method.

Method B is based on the procedure detailed by Zwicker and Paulus (Paulus & Zwicker,
1972). This method can be used for both diffuse and free field conditions with a third
octave spectrum measured using a single microphone. The predicted loudness value
though is representative of a binaural diotic (two ears with the same signal presented to
both ears) loudness. Unfortunately the method did not include the FORTRAN program
given in the earlier 1972 publication. The approach is instead a graphical one where the
third octave data is transferred to a set of charts which results in the specific loudness
plot versus frequency. Subsequent specific loudness plots for each consecutive band
are also presented from left to right representing increases in loudness by vertical lines

and decreases by downward curved slopes. Once each band has been plotted, an
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overall specific loudness plot is given for the entire spectrum. It is the area under this
plot that is summed across the spectrum to give a total loudness in phons or total
loudness level in sones.

Given the tediousness of the graphical approach prescribed in the I1ISO 532:1975 Method
B approach, Zwicker published an updated version of his 1972 computer program, this
time in BASIC (Zwicker, Fastl, & Dallmayr, 1984). This newer version of the computer
code accepted third octave data only as input, and not optional critical band values as
the graphical method did which made it well suited to more increasingly available
analyzers and hand held sound level meters.

The Deutsches Institut fur Normung (German Institute for Standardization) released an
updated and slightly improved version of the ISO 532/B approach in 1991. This standard
was the DIN 45631 (Deutsches Institut fur Normung, 1991). The changes given in the
new version included data files which had been modified using the data given in the
graphical look up tables of the 1975 ISO standard. The result of this was a better
correlation to the ISO 226:1987 equal loudness contours in the lower frequency range,
especially below 300 Hz (Charbonneau, Novak, & Ule, Comparison of Loudness
Calculation Procedure Results to Equal Loudness Contours, 2009) (Charbonneau, Novak,
& Ule, Loudness Prediction Model Comparison Using the Equal Loudness Contours,
2009). The standard also includes the BASIC computer code which was also released the

same year by Zwicker (Zwicker, Fastl, Widmann, Kurakata, Kuwano, & Namba, 1991).

The next advancement in stationary loudness models was the 1996 paper by Moore and
Glasberg (Moore & Glasberg, 1996). The fundamental approach was still similar to

Zwicker’s. The procedure involved application of the outer and middle ear transfer
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functions on the third octave input spectra followed by the calculation of the excitation
pattern. While similar to Zwicker’s, the updated transfer functions were revised to
reflect the results of earlier work by Moore and Glasberg (Glasberg & Moore, 1990).
Next, the specific loudness contour is determined and is finally integrated to determine
the overall loudness. The most significant change imposed by the Moore and Glasberg
work was the introduction of an entirely different auditory filter shape to calculate the
excitation patterns based on Equivalent Rectangular Bandwidths (ERBs) instead of the
critical bandwidths developed by Zwicker. The accepted approach at one time was to
approximate the auditory filter shapes by use of a power-spectrum model. Moore and
Glasberg found through experimental testing that this produced errors when given
specific masking patterns (Moore & Glasberg, 1987). They observed that listeners
performed loudness comparisons over several filter sets rather than a single auditory
filter as previously assumed. To prevent this, Moore and Glasberg conducted their
experiments using notched-noise masking data where the targeted noise bands are
presented along with a probe tone used to direct the listener’s attention to prevent “off
frequency listening”.

From the experiment, Moore and Glasberg determined that for a normal hearing
individual, the auditory filter shape is quite asymmetrical, with the lower branch
generally rising less sharply than the upper. From the summary of the auditory filter
shape, they derived the ERB values of the auditory filters across the audible frequency
spectrum.

Later work resulted in an increase of the accuracy of the filter shapes (Glasberg &
Moore, 1990). By updating the model with an equal loudness contour correction and

limiting the frequency shift to 20% of the centre frequency, they were able to improve
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on their previous filter estimations. This relationship, given in Equation 3, defines the
ERB value in Hz for a given centre frequency (F) in kHz. In theory, this equation
approximates the location of frequency dependant excitation along the basilar

membrane and thus represents each segment as an individual ERB.

ERB = 24.7(4.37(F) + 1) (Glasberg & Moore,1990) (3)

Glasberg and Moore’s 1990 paper also facilitated the use of ERB units to scale the
frequency coordinates which is similar to Zwicker’s unit of Bark. Equation 4 allows a
user to specify the ERB Number for a given centre frequency value (F) in kHz. By doing
so, spectra data can be presented using bandwidths which corresponds to those present

in the auditory system (Moore & Glasberg, 1987).

# Of ERB =214 10g10(4’-37(F) + 1) (Glasberg & Moore,1990) (4)

Shown in Figure 12 is a comparison of Zwicker’s critical bandwidths to Glasberg and
Moore’s ERB as presented by Seeber (Seeber, 2008). Studies have shown that Zwicker’s
loudness model deviates most from the equal loudness contours at frequencies below
500 Hz (Charbonneau, Novak, & Ule, 2009). This is also the frequency region where the
two auditory filter shape models differ most. Sek and Moore suggested that this was
because Zwicker’s approach was heavily influenced by critical modulation frequencies
resulting from the use of complex tone signals in the listening experiments used to
determine the filter shapes (Sek & Moore, 1994). To determine his critical bandwidths,

Zwicker’s experiment involved the presentation of a pair of tones to a juror which are
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continually separated in frequency until an increase in loudness was noticed (Zwicker,
Flottorp, & Stevens, 1957). It was suggested by Sek and Moore that the low frequency
tones were modulating with each other resulting in error. Their experiments which
used only one tone eliminated the possibility of tonal modulation interference and
instead resulted in auditory bandwidths which continued to decrease as illustrated in

the Figure 12.
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Figure 12: Comparison of Zwicker’s Critical Bandwidths to Glasberg and Moore’s Equivalent
Rectangular Bandwidths which demonstrate the low frequency errors resulting from Zwicker’s
listening experiments (Seeber, 2008).

Moore, Glasberg and Baer published an updated model which revised how the model
accounted for binaural loudness and also had better correlation to updated equal
loudness contours (Moore, Glasberg, & Baer, 1997). The model predicted a steeper
slope in the lower frequency regions of the contours. This was later verified by a study
performed by Suzuki and Takeshima’s (Suzuki & Takeshima, 2004). This loudness model
would also eventually become standardized as ANSI S3.4:2005 (American Institute of
Physics, 2005). For binaural diotic listening, the model would double the calculated

loudness. For the case of dichotic presentation, the total loudness is given as the sum of

34



the loudness for the two independent sounds. This, along with the matching to the
newer equal loudness contours resulted in the calculation of binaural loudness having a
non-zero value at threshold for some frequencies. This correlates with human auditory
experiments given that broadband signals whose components are below the threshold
of hearing can result in a positive loudness. This 1997 model is also more flexible than
previous models in that input spectrum can be specified as third-octave levels or levels
at specified frequency bands. Broadband pink or white noise with levels or
combinations of noises with tonal components can also be accommodated. For the
sound field presentation, either monaural or binaural sound fields can be chosen to be
represented as free field, diffuse field, or headphone with a specified frequency
response to accommodate known headphones. The ANSI S$3.4-2005 standard also
makes reference to an available compiled computer program called ANSILOUD for
which an updated version called LOUD2006A can be found on the University of
Cambridge — Auditory Perception Group website (Glasberg & Moore, LOUD2006A.exe -
Loudness Model Calculated According to ANSI S3.4 2007).

To account for yet another update to the equal loudness contours (ISO 226:2003)
(International Organization for Standardization, 2003), Glasberg and Moore updated
their model again in 2006 (Glasberg & Moore, 2006). This required a revision to the
hearing threshold values. This was achieved by a modification to the transfer function
for the middle-ear. These changes resulted in an update to the present standard, ANSI
$3.4:2007 (American National Standards Institute, 2007). An updated computer
program (LOUD2006A) was developed and included with the 2007 standard and is also
available on the web (Glasberg & Moore, LOUD2006A.exe - Loudness Model Calculated

According to ANSI S3.4 2007).
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3.1.2 Unsteady Loudness Models

The discussions of loudness calculation models have thus far have been restricted to
models designed for the evaluation of stationary sounds which are steady with respect
to time. These models are relatively simple and are easy to correlate to the results of
auditory experiments. This is partially due to the fact that the designs of experiments
which focus on steady sounds are fairly simple to implement, often using pure tones,
and have good repeatability. The development of these steady models has given much
insight to the present understanding of hearing perception and to the workings of the
auditory system. Most real sounds encountered in daily life though are unsteady in
nature. Examples include traffic noise, machinery noise on a factory floor or speech and
other forms of communication. For these sounds, an alternative loudness method is
necessary to include the temporal, or time effects, of the human auditory system.
These effects can be very complex and add a significant degree of complexity to the
process of determining the loudness for these time varying sounds. The following
section focuses of the development of these unsteady loudness models.

Vogel proposed an unsteady loudness model in 1975 which was also designed to predict
roughness, a psychoacoustic measurement of the annoyance of modulating sounds
(Vogel, 1975). It should be noted that like roughness, many psychoacoustic metrics
require first the calculation of loudness. Vogel’s model followed the methodology of
Zwicker’s stationary model by calculating specific loudness across the critical band rate
in slices of time. This is analogous to a Campbell or waterfall plot. The shortcoming of
this approach is that it did not account for the actual temporal effects of the auditory

system such as time masking, pre-masking, threshold shifts etc.
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Zwicker published in 1977 an extension to his stationary loudness model to account for
time-varying sounds (Zwicker, 1977). Due to the increased complexity of the required
input of a transient sound for this model, as opposed to a simple third octave spectrum,
the model was one more of theory than practicality given the limitations of signal
processing capabilities of the day. In his model, Zwicker did not include the auditory
effect of pre-masking and instead emphasized auditory post-masking. Also considered
were the latency effects of low frequency stimuli, amplitude-modulated sounds,
narrow-band noise at high centre frequencies, and like Vogel, frequency-modulated
sounds. To account for the third dimension of time, in addition to critical band and
specific loudness, Zwicker’s model required a summation of loudness across both
frequency and time. For this, spectral integration is performed first, followed by
temporal integration. From here, time constants set up to match the temporal masking
characteristics of the ear are applied. The result is a loudness versus time function for
which the peak value generally corresponds to the subjective sensation of overall
loudness. An analysis is also given which compares the results obtained using Zwicker’s
model to previously published subjective test and finds a favourable agreement. A
follow up paper with an update to one of the graphs in the original 1977 paper was
published a year later (Zwicker, 1977).

Ogura, Suzuki and Sone published a 1993 paper which compared several approached for
predicting time varying loudness. They concluded that out of the available approaches,
Zwicker’s 1977 loudness meter provided the best results but only with modifications
proposed by the authors. They proposed longer rise and decay time constants in the
temporal integration operation. This was further investigated by Stecker and Hafter

who examined the effects of rise and decay times of a sound on perceived loudness
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(Stecker & Hafter, 2000). They concluded that slow rise/fast decay sounds were
perceived to be louder than fast rise/slow decay sounds. These results were consistent
with statements by Zwicker in his 1977 paper.

The next significant advancement in the development of an unsteady loudness model
was by Glasberg and Moore in their 2002 paper (Glasberg & Moore, 2002). This work
was somewhat of an extension of their stationary loudness procedure with the
significant difference being that the 2002 model would accept discrete spectral
components in the form of a digitally recorded 16 bit WAV file as input. This allowed for
much greater resolution or detail in the input signal compared to the much courser third
octave data (Glasberg & Moore, 2002). The output of the time varying loudness (TVL)
model was both a both short-term and long-term loudness level. The authors described
the usefulness of having both values using the example of speech as a noise source.
They related short-term loudness as being useful for the measure of the intensity of a
speech syllable. Long-term loudness on the other hand would be useful for the measure
of the intensity of a much longer speech signal such as a sentence (Glasberg & Moore,

2002).

In order for the TVL model to accommodate the full audible frequency range and not
lose resolution at higher frequencies for short duration signals, the model’s use of six
parallel FFTs to calculate spectral information over six bandwidths, calculated over
decreasing lengths of time, for obtaining spectral information in increasing frequency
ranges. The ranges of the bandwidths are 20 to 80 Hz, 80 to 500 Hz, 500 to 1250 Hz,
1250 to 2540 Hz, 2540 to 4050 Hz, and 4050 to 15000 Hz each having segment durations
of 64, 32, 16, 8, 4, and 2 ms, respectively. The excitation pattern and instantaneous

loudness levels are then calculated in the same fashion as their stationary model. The
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short term loudness is calculated by temporally averaging the instantaneous levels, thus
providing a running average for the signal. The long term loudness is subsequently
calculated by temporal averaging of the short-term loudness. While this model has
shown to provide good correlation to the latest 2003 equal loudness contours
(Charbonneau, Novak, & Ule, 2009), the use of temporal averaging does not provide
adequate prediction for noise bursts or sounds in the presence of gaps (Viemeister &
Wakefield, 1991).

A second popular non stationary loudness model is the DIN 45631/A1 which was
approved for release in 2010 (Deutsches Institut fur Normung, 2007). Like the previous
model which was based on the early studies by Glasberg and Moore this German
standard is based on the 1977 work by Zwicker (Zwicker, 1977).

Zwicker’s research on temporally varying sounds extended his 1972 stationary loudness
work by adding the temporal loudness characteristics of phase effects, physiological
noise, amplitude modulation, and frequency modulation. Eventually Zwicker
determined that the phase effects on his temporal analysis were minimal and
subsequently ignored them to simplify the model. The DIN standard also incorporates
more up to date transfer functions curves which have been developed by others
including Fastl (Fastl & Zwicker, 2007).

The DIN approach divides sound duration into three groups and treats them differently.
For tones less than 100ms in length, the perceived loudness is decreased by a factor of
two. Sounds having a length greater than 200 ms are classified as long lasting bursts
and subsequently have the highest perceived level and the longest decay. The
perceived loudness of tone bursts is determined to be the peak loudness value found

over the period of the burst. This again is counter to the thinking of some of the more
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up to date research (Viemeister & Wakefield, 1991) (Moore, 2003) (Pedersen &

Ellermeir, 2005) (Pedersen B., 2006). This model also ignores the effect of pre-masking

which is thought to not be as influential as post-masking on loudness. This is supported

by the perceived slow signal decay in a signal compared to the high rise rate. The model

is said to be capable of describing tone bursts, amplitude and frequency modulated

signals, narrow band noise, and speech.

Given in Table 2 is a summary of the significant work leading to the development of the

various loudness models presented above.

Detailed is the evolution of the equal

loudness contours which eventually lead to models for both stationary and unsteady

loudness as well as a description of the significance of each publication.

Table 2: Evolution of the significant work leading to the development of both stationary and unsteady loudness
models, including the significance of each milestone.

Author/Associated Date Stationary/ Brief Summary
Standard Non
stationary

Fletcher/Munson 1933 Stationary -developed equal loudness contour graphs with
jury tests
-recognized that the human ear reacts to
stimuli in bands of frequency instead of pure
tones

Mintz/Tyzzer 1952 Stationary -developed a graphical method to calculate
loudness which recognized the bandwidth
filters of the auditory system by using octaves
-model did not account for any masking effects

Stevens 1956 Stationary -model did account for frequency masking but
was good for broadband sounds only

Stevens/ISO 532A 1961 Stationary -used octave values
-used graphical technique with equal loudness
contours
-became British Standard 1967

Zwicker 1961 Stationary -developed the most commonly used loudness
model which uses critical, or Bark bands, to
represent our hearing filters instead of third
octave bands in Hz

Zwicker 1972 Stationary -included a computer program (Fortran)
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Zwicker/ISO 532B

1975

Stationary

-diffuse/free fields; 1/3 octave input; binaural
diotic
-graphical method

Zwicker

1982

Stationary

-BASIC program

Zwicker/DIN 45631

1991

Stationary

-DIN adopted the BASIC method

Moore/Glasberg

1996

Stationary

-used different filter for the ear which they
called Equivalent Rectangular Bandwidths
instead of Zwicker’s critical bands

-improved transfer function for the outer and
middle ear

Moore/Glasberg/
ANSI S3.4:2005

1997

Stationary

-updated binaural loudness calculation
-better correlation to equal loudness contours
at the lower frequencies

-input of third octaves; free/diffuse or
headphone

-ANSILOUD program

Moore/Glasberg/
ANSI S.3.4:2007

2006

Stationary

-updated with new I1SO 226:2003 equal
loudness contour data

-updated transfer functions of outer and middle
ear

-LOUD2006 program

Vogel

1975

Non stationary

-results were like a Campbell plot
-temporal masking included

Zwicker / DIN 45631:A1

1977

Non stationary

-performed a summation across both frequency
and time
-no pre-masking effects taken into account

Glasburg/Moore

2002

Non stationary

-allowed input of WAV file
-outputted a short term and long term loudness
value

Fastle / DIN 45631:A1

2007

Non stationary

-developed new transfer functions from
Zwicker’s previous ones used

3.2 Loudness using Temporal Integration

The concept of a temporal integration period was originally poised by Munsun in 1947 to explain

the reason for increase in perceived loudness with increasing signal duration (Munson, 1947).

The practiced theory of temporal perception has been that absolute thresholds of hearing are

strongly dependant on the duration of the stimulus signal, at least for sounds lasting between

200 to 300 ms and that the auditory system is able to summate an internal representation of a

signal over this period (Oxenham & Moore, 1994) (Moore, 2004). In fact, it is usually taken that
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the sound intensity necessary for detection increases as the duration of the sound decreases
(Zwislocki, 1960). As will be discussed later, this is true only to a minimum duration span. Early
work in the 1940s by Hugh, Garner and Miller suggested that for certain durations of time, the
auditory system appears to integrate acoustic energy over time (Viemeister & Wakefield, 1991).
From the time of this early research until the early 1990s, the exclusive model for the temporal
calculation of sounds has been taken as the time, or temporal integration model. While this
section will describe some of the research and models which follow the theory of temporal
integration, a more detailed description of the mechanisms of time integration will be given in

the next chapter.

Moore described auditory temporal integration as a simple accumulation of acoustic stimuli
over time, or energy integration which is used for the detection or discrimination of sounds
(Moore, 2003). This assumption has been based on observations that the absolute threshold for
detecting sounds, usually described in decibels (dB) of sound pressure level (SPL), decreases
with increasing duration of the sound (Plomp & Bouman, 1959). This increase in performance
has been modeled as a simple accumulation of intensity over time. Green described this
behaviour in 1960 for the case of absolute threshold as the auditory system’s energy integrator
(Green, Auditory Detection of a Noise Signal, 1960) (Dallos & Olsen, 1964). Penner argued
against the theory of the auditory system integrating energy over time. He surmised that it is
neural activity which is instead combined over time as opposed to acoustic energy (Penner,

1972).

In addition to the general lack of consensus as to exactly what is combined over time,
disagreement also exists as the how it is combined (Moore, 2003). Most agree that the auditory

system does not in actuality integrate the acoustic stimuli in the same sense as a mathematical

42



integration operation. Despite this, existing time varying loudness models use what is referred
to as a “leaky integrator” approach. This can be likened to determining the mass of water
versus time based on its accumulation as it is being poured into a container; only the container
has holes in it at various heights which allow the water to leak out. A more thorough

description of this concept is given in Chapter 4.

An early loudness model which used a leaky integration approach was described by Stone
(Stone, Moore, & Glasberg, 1997). The described real time loudness meter was a rather
unsophisticated model which utilized early digital signal processing techniques. The model only
included a very simple form of temporal integration and unlike the more modern loudness
models did not account for the loudness impact of amplitude modulated sounds. The
integration technique was a simple mathematical procedure which integrated a running tally of
specific loudness but also accounted for the energy loss (thus the leaky concept of the

integration) to account for any temporal masking effects.

The goal of another loudness application using a temporal integrator is to limit the ability of the
modeled auditory system to detect rapid stimulus changes in certain tasks including gap
detection, decrement approximation and the detection of amplitude modulation (Oxenham &
Moore, 1994). This was accomplished by estimating the shape or weighting function of the
temporal window from auditory tests and applying the weighted window in the loudness
prediction. While such a temporal window model can adequately account for the data acquired
from a number of such experiments, problems still remain (Moore, Glasberg, Plack, & Biswas,
1988). These include the inability to detect masking effects or signal duration for samples
longer than 20 ms where empirical data showed otherwise. Another consequence of this

approach is the failure to predict the additively of non simultaneous maskers such as pre and
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post masking within a given temporal window. Nonetheless, the integrator model did prove
most useful for sounds with amplitude modulation and was eventually applied in a modified

sense by Moore in his 2002 loudness model (Glasberg & Moore, 2002).

Glasberg and Moore’s 2002 paper described a method for calculating loudness for unsteady
sounds which used a more complicated form of temporal integration (Glasberg & Moore, 2002).
Their model calculates both a continuous short term loudness followed by long term loudness
using the results of the former. The temporal integration for the short term loudness
component is essentially an averaging of the instantaneous loudness. The model does this in a
manner which is analogous to the way that a control signal is generated in an automatic gain
control (AGC) circuit which has a very steep attack time and a more gradual release time. The
model calculates a short term estimate of loudness for every 1 ms of a time signal and while also
keeping a running average of these short term estimates. If the running average is greater than
the previous calculated instantaneous loudness, which corresponds to an attack, then the steep
time constant is applied. If, on the other hand, the instantaneous loudness is less than the short
term loudness, then a corresponding release time constant is applied. This approach means the
short term loudness can increase quickly at the onset of a sound and also decays slower when
the sound is turned off. The slower decay corresponds to the latency of neural activity along the
basilar membrane in the ear and is also approximates the phenomenon of forward masking. As
stated previously, the long term loudness is calculated using the short term loudness, again
using an integration approach similar to an AGC circuit only with modified time constants. Here,
the magnitude of the long term loudness is compared to the short term loudness to determine
whether the sound is at the onset or decay. Because the above process involves the integration
of the temporal impressions of very short durations of the sound, it is very capable of handling
any unsteady sound. However, as described in the previous section, the model later uses six
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simultaneous FFT calculations to evaluate the spectral influence on the sound. In order to
achieve adequate spectral resolution, the processing of much longer signal durations is required.
This in turn results in the long term integration time constants to become relatively long

compared to the time resolution of the auditory system.

It is reported that the recently released DIN unsteady loudness model implements both spectral
integration and temporal integration sound input to calculate loudness (Deutsches Institut fur
Normung, 2007). The procedure is based on Zwicker’s early work (Zwicker, 1977). The standard
though is written in German only and not available in English so no further details other than

those in Zwicker’s 1977 paper are available.

3.3 Research Supporting Multiple Look Approach for Loudness

The review of unsteady loudness has thus far been for models which use temporal integration
techniques. This approach involves the accumulation of sound information over time to
improve discrimination and account for known auditory effects which are known to be
associated with time varying sounds such as masking and varying threshold levels with signal
length. Despite these observations, listening experiments have shown that the auditory system
does not use a process which is wholly synonymous with temporal integration. For example, it
is unlikely that the auditory system would integrate over time for a task as simple as the
detection of a pure tone presented in quiet. It has been suggested (Moore, 2003) that it may be
more appropriate to consider the auditory process as a combination of information from
multiple independent “looks”. This section will review the evidence which supports the concept
of multiple looks and how it may be a better representation of internal stimuli. This evidence

will ultimately also support the approach taken in this dissertation.
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The concept of the multiple looks theory is that the auditory system takes sequential samples,
or looks, of the sound information and either immediately processes the information as a
perception or stores the information for future processing. The decision to process or store the
information is dependent on the nature of the stimuli. If for example the sound has large
sudden increases or decreases in amplitude or gaps in the flow of the stimuli, then the sounds
are processed immediately as independent samples. This is applicable for sounds which change
over short durations from 1 ms to approximately 5 to 10 ms. If, on the other hand the sound is
more continuous over a much longer time period then the “looks” are instead thought to be

integrated over time.

The first real justification of the multiple look theory was published by Viemeister and Wakefield
in 1991 which demonstrated the validity of the theory through two very important experiments
(Viemeister & Wakefield, 1991). Their first experiment measured the detectability in quiet of
two very short pulse signals compared to a single pulse. The results averaged over all the tests
subjects is given in Figure 13 which demonstrates the threshold of detectability of the two pulse
pair with increasing separation distance compared to a single pulse stimulus. It is demonstrated
that for a separation of 1 ms that the level of detectability is 4 dB lower than for a single pulse.
In other words the single pulse sound would need to be 4 dB greater to have the same
perceived loudness as the two equal amplitude pulse pair. For separations larger than about 5
ms, the detectabilities are averaged to have a level of approximately 1.6 dB lower than those for
a single pulse. The significant point of the data presented in Figure 13 is that the detectibility
levels increase with separations larger than 1 ms but then stop increasing once the separation
has reach 5 ms. These results are inconsistent with those obtained using a long time constant
leaking integrator. The results are consistent with the concept of the multiple look model. For
the two pulse tones separated by small separations, the pulses fall within a brief temporal
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window of the look and are combined together which results in greater acoustic input than that
for a single pulse even though they are of equal amplitude of the single pulse. As the separation
is increased, and assuming a non rectangular temporal window, only a partial combining of the
acoustic information of the two independent pulses is achieved, and thus the looks are
considered to be partially independent resulting in a smaller difference in detectability from a
single pulse. So in other words, when multiple inputs are combined within a single look better
performance is achieved then for a single pulse alone or when the multiple inputs are spread far
enough apart that they become themselves independent looks and are treated as two single

pulses.

dB re 1 pulse

Separation (ms)

Figure 13: Perceived difference in sound level in dB of two pulses with varying separation times and a single
pulse showing an increased detectability for shorter separation times in ms (Viemeister & Wakefield, 1991).

The results of the above experiment are inconsistent with the classic models of temporal
integration published previously. Viemeister posed the question as to whether a single look
integration model could be developed that employs integration and is yet consistent with his
results. If a single look model is applied to the pulse pair scenario the results presented above
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implies that energy from both pulses is either fully or at least partially combined. This would
suggest then that any energy present between the pulse pairs would also have to be combined
or integrated. To test for this an experiment could be performed where energy in the form of a
masker is presented between a pulse pair, as opposed to quiet in the first experiment, which
would result in a decrease in performance as the energy between the pulses would also be
integrated. However, if the pulses are treated as independent looks, and not combined in a long

term integration process, an increase of detectability of the pulses would be maintained.

The above hypothesis was tested in Viemeister's second listening experiment which is
schematically illustrated in Figure 14 which illustrates the stimulus window for a single
observation interval. Two 10 ms gaps in a continuous noise are presented 100 ms apart.
Present within either the first, the second or both gaps simultaneously is a 1 kHz pip tone with a
5 ms rise and decay time. The noise level within the 50 ms interval centred between the gaps
was also either raised or lowered by 6 dB increments or left unchanged. It was found that the
threshold for detecting the simultaneous pairs of pip tones was consistently 2.5 dB lower than
that for either of the two tones presented independently. For this, the listeners must have
combined the information from the independent looks of the two pip tones. Had this been
performed using temporal integration over the time interval, the results would have been
affected by the presence of the noise between the gaps. It was also found that the perceived
levels for the single and pair of pip sounds were for the most part unaffected by the presence
and level of the noise between the gaps. These results support the idea of multiple looks and
are inconsistent with the process of simple long term integration for the detection of the pip
signals as presented in the experiment. In fact, no long term integration appears to occur at all
and instead the data is consistent with the idea that the observer is taking multiple short term
looks at the input signal and then combines the information from the looks in an intelligent or
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decisive manner. In his experimental approach Viemeister was specific in his design of
experiment to explicitly, “contrast these two approaches (integration versus multiple look) as
clearly as possible and hence the use of brief elemental signals where the meaning of a look can

be associated with each pulse and therefore is relatively unambiguous”.

/\

a {8 35 a5 1a 120

msee

Figure 14: Schematic illustration of Viemeister’s experiment where pip signals are presented individually and
simultaneously within two 10 ms gaps in the presence of a varying masker noise signal (Viemeister & Wakefield,
1991).

In his discussion, Viemeister posed the question as to whether the multiple look model can
account for the known phenomena associated with temporal integration including long duration
signals, tones and noise bursts. He concluded that, “almost any temporal integration data can
be described. Indeed, the classical integration models can be subsumed as a subset of multiple

look models.”

Moore published a paper in 2003 which discussed the relationship between the evidence
supporting the multiple look theory and the phenomena of spectral-temporal excitation
patterns (STEP), or the internal representations of stimuli (Glasberg & Moore, 2002). It was

proposed that the central mechanisms of the auditory system make intelligent use of the
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information contained within the looks in the STEP to enhance signal detection, discrimination,
identification, etc. The idea is that the results of detection and discrimination experiments can
be explained by using the concept that templates exist which are based on the internal
representation of a stimulus, for example speech, and that decisions are made on the similarity
of internal stored templates to a current stimulus. It is further surmised that information
extracted from one part of a sound may influence the interpretation of information extracted
from another part of the sound occurring at a different time. These theories can only be
supported by the existence of the multiple look theory given that the information within looks is
thought to be stored in memory. While the work by Moore was published in 2002, Viemeister
suggested a similar use for these memory bits in his 1991 paper supporting the process of
multiple look detection (Viemeister & Wakefield, 1991). Conversely, these same phenomena
described by Moore cannot be explained by a simple accumulation process such as temporal

integration.

Pedersen conducted several studies to investigate the temporal processing of the auditory
system which resulted in data which supports multiple look theory. To study how listeners
temporally integrate sounds to discriminate their loudness. In 2006 he published a paper which
focused on how listeners apply weighting to various temporal segments of a sound when
judging loudness. The outcome was a temporal weighting curve showing the importance of
different temporal locations of the sound. It was shown that listeners emphasize onsets and
offsets in their temporal weighting of a sound which showed that loudness integration is not a
simple process as assumed in many loudness models. It was also demonstrated that listeners
changed their pattern of temporal weighting if they are provided with feedback or a hint of the
signal. This reinforces the work discussed in the previous paragraph by Moore. Also, a change
in the spectral content in the middle of a sound, demonstrating the onset of a new event, was
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shown to be weighted more heavily. Thus, it was shown that listeners pay attention to salient
events within sounds, phenomena not possible with simple integration but only supported by a
multiple look approach. He concluded that temporal variation is made available in the sensory
system to allow for overall judgement of the properties of sound, such as loudness, and, “this
information is weighted and analyzed in complex ways, which is not adequately described as a
simple summation process,” but can be explained by the multiple look theory (Pedersen &

Ellermeir, 2005).

In another study which compares loudness of temporally varying sounds, it was found that
listeners weigh onsets and offsets in a comparison task but generally the last sound is found to
receive the greater weight, as a result of memory effects or distribution of attention. The
results suggest that the two sounds are individually processed and thus the auditory system
does not seem to integrate the two sounds as a continuous stream, but rather identifies the
components as independent looks. The sounds used in the experiment were also used as the
input to Glasberg and Moore’s 2002 loudness model which uses temporal integration. It was
found that the temporal properties of this model did not predict the results of listening

experiments (Pedersen B., 2006).

Through his various studies on auditory temporal processing of different task types, Pedersen
concluded that, “auditory temporal processing cannot be described by a single integrator device
in the sensory system” (Pedersen B., 2006). The question to then be asked is how do listeners
arrive at loudness impressions. The answer to this is critical to the development of an accurate
loudness model which can adequately represent the judgement of loudness for all cases of
stimuli. “Current models assume that loudness integration is a summation process to a large

extent, while the very different weighting curves found (in Pedersen’s work) suggest that the
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I”

envelope is evaluated in more complex ways as to judge (an overall loudness) level” (Pedersen
B., 2006). It has been argued by some that the most plausible answer to this is the multiple
look approach. This is because the listening experiments have been able to disprove the
applicability of an integration model for determining loudness impressions for most transient
sounds other than the most temporally fundamental. Conversely, these same experiments have

not been able to disproved the validity of the multiple look theory but instead support it either

fully or in some cases at least peripherally.

The fundamental outcome that can be taken from the work of Viemeister and others is that the
multiple look model better explains the results of cognitive listening experiments, especially
those dealing with the impression of loudness for sounds. It is surmised that to be able to do
this the process of multiple looks allows for the storing in memory of the sound data for each
sample or look which then can be selectively accessed for future intelligent processing and
decision making. It is this concept that allows the model to account for temporal resolution
phenomena including modulation detection, gap detection, onset and offset weighting etc. A
similar strong argument for a long term integrator model is not supported by these same

studies.

3.4 Summary

As described in Chapter 2, much is understood about the physiology of the human hearing
system. Less is understood though of the mechanisms associated with many hearing sensations,
including loudness. It is often presumed that these sensations are highly individual but
experiments have shown that for people with normal hearing, many sensations agree among
listeners who have very different personalities, background and experiences. Because of this

general agreement, it is also possible to predict them. The task of investigating the phenomena
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and developing the tools to predict auditory sensations is given to the audiologist and is then
often given to the engineers to apply the knowledge. Amongst the most fundamental of these

tools is the psychoacoustic metric of loudness.

The early development of a loudness model is credited to Fletcher and Munson’s paper,
“Loudness, Its Definitions and Measurement” which included the first plot of the equal loudness
contours (Fletcher & Munson, 1933). These contours provided insight into the perception of the
intensity of sounds and more importantly related this perception to the physical parameter of
sound pressure. The equal loudness plots have been updated several times and are presently
standardized as I1SO 226:2003 (International Organization for Standardization, 2003). Also of
significance was Fletcher and Munson’s recognition that the human ear reacts to sound in

frequency bands instead of pure tones, a key element to future loudness models.

The first calculation model for loudness was proposed by Mintz and Tyzzer which plotted octave
band data against curves from which loudness was determined (Mintz & Tyzzer, 1952). While
their model lacked the inclusion of frequency masking effects, and thus good correlation to
experiments, it did set a procedure for other more refined models to follow over the following
years including that of Stevens. His model was more refined as it allowed for third octave input
spectra which follows more closely the auditory filter characteristics of the ear and also
accounted for frequency masking (Stevens, 1956). The model worked only reasonably well

though for sounds with continuous spectra, thus eliminating most real world applications.

Zwicker developed the concept of critical bands which represent the filter envelopes of the
auditory system (Zwicker, Flottorp, & Stevens, 1957) (Zwicker, 1961). This was critical for future
loudness models in order to truly represent the auditory processing of the basilar membrane.

The critical bands were to be further refined much later by Moore who renamed them as
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Equivalent Rectangular Bandwidths (ERB) in 1987 (Moore & Glasberg, 1987). Zwicker’s work
would eventually lead to a steady loudness model in 1972 which would also eventually be
adapted as the ISO standard 532B in 1975 (Paulus & Zwicker, 1972) (International Organization
for Standardization, 1975). Improvements were later made to this model which bettered both
the low frequency and low level prediction of loudness (Zwicker, Fastl, & Dallmayr, 1984). These
improvements were eventually included in the 1991 DIN standard (Deutsches Institut fur

Normung, 1991).

The next innovation in loudness models was by Glasberg and Moore in 1996. Their model
included updated transfer functions of the outer and middle ear as well as the application of the
ERB filters (Moore & Glasberg, 1996). This model was eventually standardized by ANSI in 2005
and again updated in 2007 as ANSI s3.4 2007 (American Institute of Physics, 2005) (American
National Standards Institute, 2007). Independent studies have shown that the Glasberg and
Moore model has better correlation to the latest standardized equal loudness contours
(Charbonneau, Novak, & Ule, Comparison of Loudness Calculation Procedure Results to Equal
Loudness Contours, 2009) (Charbonneau, Novak, & Ule, Loudness Prediction Model Comparison

Using the Equal Loudness Contours, 2009).

Most of the historical work has been directed toward loudness models for steady sounds,
however, models for unsteady sounds have also been developed, but with much less success
given the complexities associated with the modeling of the temporal components of the
auditory system. A first model was proposed by Vogel which was not too successful as it was
simply an extension of Zwicker’s 1972 stationary loudness model (Vogel, 1975). Zwicker also

proposed a time varying model himself, but given the complexity of the approach, it was not
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very practical to implement. It did include the temporal effects of post-masking, but not pre

masking (Zwicker, 1977).

The first real advancement in the development of a time varying model was by Glasberg and
Moore in 2002 (Glasberg & Moore, 2002). Their model which uses both short term and long
term integration of the time signal is capable of accounting for many temporal phenomena. It
has not shown adequate prediction of burst sounds or sounds in the presence of gaps. Another
method has been recently standardized by DIN (Deutsches Institut fur Normung, 2007).
However, this standard is available in German only, so a review of its contents has not been

included.

The time varying loudness methods to date rely on temporal integration to combine the
acoustic energy of the stimuli over time. Different integration models exist, including the “leaky
integrator “ model but other studies have shown that the integrator approach cannot explain
many temporal processing phenomenon of the auditory system (Viemeister & Wakefield, 1991)
(Pedersen B., 2006). It has been proposed instead by Veimeister that a more plausible model
for the processing of time varying sounds is the multiple look approach (Viemeister & Wakefield,
1991). Through several experiments, he showed that sounds are processed by the auditory
system in small samples about 1 ms in length and stored. It is thought that if the sounds are
continuous then the samples are somehow integrated. If the sounds though are not continuous,
have burst components or gaps, then the stored samples are processed in a manner other than
by integration. Pederson and Moore have both suggested that the decision on how the sounds

are processed is often based on experience (Pedersen & Ellermeir, 2005) (Moore, 2003).

It has been demonstrated that much work has been done over the past 80 years or so in the

development of loudness models for stationary sounds. Progress has also been accomplished in
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the initial development of time varying loudness models using time integration techniques.
While this approach has shown good results for some unsteady sounds, others have shown that
integration is not the likely mechanism employed by the auditory system. A more likely
approach is some form of the multiple look approach. Given the above, the remaining chapters
of this dissertation will focus on applying the knowledge gained thus far on the multiple look
theory and applying this knowledge toward the development of an improved loudness

calculation model.
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IV Theory

Most sounds encountered in real life are not steady in nature and can instead be significantly
time dependant. As such, the calculation of loudness for these unsteady sounds must also be a
function of time. Examples of unsteady sounds include speech and music. Of particular interest
to engineers is what is referred to as technical sounds which are often rhythmic or impulsive in
nature and may be associated with an inadequate sound quality, especially when dealing with
consumer products.

Depending on the temporal nature of a sound, whether it is a tone burst or short gap, the
perceived loudness of the sound is often significantly different if the occurrence is less than 100
ms. Loudness for sounds having durations longer than that are usually independent of the
duration (Fastl & Zwicker, 2007).

Given the above, the manner in which an unsteady loudness model treats the temporal
component of a sound is critical. Some theories which were initially thought to be good models
for the mechanisms of the auditory system have been subsequently found through
experimentation to not be accurate for all types of sounds. As such, these approaches are now
treated more as a “best available” approximation. Other approaches which seem to better
represent these mechanisms are not as practical to implement. The following sections will
provide a more detailed background to the underlying theories of these philosophies. Also
given is a more detailed description of the Cambridge model which is one of the more popular
approaches for calculating loudness. This more thorough description is necessary as the
following chapter for approach will use this model and as such, a good understanding of its

methodology is important.
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4.1 Temporal Integration
The more common models which are able account for temporal resolution follow the idea that

latency exists within the auditory system which limits temporal resolution. The true cause of
latency, if it does in fact exist, is not known. Some thoughts are that it is related to inertial
effects within the cochlea while others believe it is associated with the activities of auditory
nerve. Others still believe that time latency does not really exist and instead the observations
which lead to the conclusion of its existence are instead related to neural processing within the
brain. Most loudness models follow the philosophy of the former. As a result, these models use
temporal integration to sum the acoustic or neural energy of a sound over time.

Models using temporal integration can be divided into two groups. The first group, which
covers the majority of the models, use an integration approach which occurs over a relatively
long period of time, often up to a few hundred milliseconds. The running average approach, or
leaky integrator, are included in this classification and are described first. The second group
assumes a much shorter integration time. A third group may also be accepted which uses a
combination of both short and long integration times.

Munson was the first to propose that the auditory system used some form of integration in
1947 when he suggested the use of a leaky integrator model (Munson, 1947). Hartman
(Hartmann, 1998) provides a good description of the leaky integrator model by comparing it to
the measure of the intensity of rain by measuring the rate at which it fills a container when left
out in the rain. If for example there was 5 mm of rain in the container after 20 minutes, one
would conclude that the rate of rainfall was 15 mm per hour, a measurement representing a
perfect integration of the rain fall. This can be modelled by:

hy = Rt; (5)
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Here, h,is the height of water in the container, R is the rate of rain and t;is the integration time
constant. If for instance it was necessary to measure the rate of rainfall on a continuous basis,
and if the container were relatively small such that it would eventually fill up, one could drill
small holes in the container to allow the rain to leak out at a controlled rate. The rate now at
which the container would fill with rainwater is given by the following equation where / is given

as the rate of water leaking out of the holes in the side of the container:

dh,
dt

=R-1 (6)
Now to better ensure that the container does not over flow, one could drill additional holes in
the container such that more rain leaks out as the level of rainwater in the container becomes
higher. The leak rate is proportional to the height of the water and the constant of
proportionality, given by T, which has the dimensions of time.

l=h./t (7)

From equations 6 and 7, the differential equation for the height of rainwater in the container be

given as:

e (®)
Solving for the solution of the differential equation, where h,, is the initial height of water in the
container, we get:

hy(t) = Rt(1—e7t/7) + hyge /" (9)
The above equation 6 describes the output with respect to time for a leaky integrator system.
Using this concept, Plomp and Bouman (Plomp & Bouman, 1959) (Hartmann, 1998) assumed a
constant time constant and surmised that loudness was an accumulation of neural spikes. In
other words, the response to a stimulus over a period of time t is given by the accumulated
number of spikes given by h(t). Now, if one were to assume that loudness increases
monotonically with neural spike count, then equation 9 supports the observation that loudness
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grows with duration of a steady sound (up to a duration of approximately 200 ms). It is from
this observation that many unsteady loudness models justify the use of the leaky integrator
approach. If on the other hand the sound is much shorter in duration, the time constant used
for longer sounds would be too large to be applied, or t << t. For this case, the models instead
would simply apply the perfect integrator approach given in equation 5 above. This however, is
a rather simplistic approach.

As stated earlier, a second classification of integrator models use a much shorter time constant.
These models are usually designed to work for specific auditory tasks such as modulation
detection, gap detection or non-simultaneous masking (Moore, Glasberg, Plack, & Biswas,
1988). The downfall of this integration approach is that these models greatly mispredict quasi
steady and steady sounds. A first test after all for an unsteady loudness model would be its
ability to adequately predict the loudness for a steady sound such as a steady pure tone. Here,
the performance of such models would fall short.

More sophisticated models instead can use a number of varying time constants chosen
depending on the length of the steady subset of the stimulus within the unsteady signal. The
problem with this approach is that that the time constants are assumed and fit well with quasi
steady subsets of stimuli only, including sounds with modulation. This approach does not work

well with sounds containing burst components or short duration gaps.

4.2 Multiple Look

Upon having a better understanding of the integration approach, a resolution-integration
paradox becomes apparent (Green, 1985). That is, several solutions exist for which none are
satisfactory for all conditions. One solution to this is to use a completely different approach
which avoids the necessity for sole integration of the time data. Listening experiments have

shown that change in threshold, as well as other levels with respect to change in signal duration,
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occur because a longer stimulus provide more opportunity or chances to detect the stimulus
through repeated and/or multiple sampling. This concept is called multiple looks. An ideal
implementation of such a model would be for it to accommodate a loudness calculation which
includes all auditory mechanisms resulting from a temporally changing stimulus. Some of these
include gap detection, burst detection, modulation detection and increasing threshold level

detection with increasing stimulus duration.

A few methods for the application of multiple looks have been proposed over the years,
although none have been implemented (Green & Swets, 1966) (Viemeister & Wakefield, 1991).
Presented here is a proposed approach which has resulted from the background research for
this dissertation. As will be described later, the following methodology does have
implementation limitations as a result of limitations of the available technologies. As a result, a
compromised model is detailed in the next chapter which describes the approach of this

dissertation.

The process begins with the acquisition of a single channel of stimuli representing a binaural
diotic signal which is sampled with sufficient resolution and sampling rate to satisfy the Nyquist
theorem for the desired upper frequency range. The transfer function of sound through the
outer ear and middle ear is then applied. A decision is required as to whether the model will
accommodate frontal incidence only or also include random incidence, with application of the
appropriate transfer function. A decision is also required as to the length of an individual look.
Given today’s sampling rate capabilities, a 1 ms look is recommended. Look durations less than
1 ms are believed to be smaller than actual auditory resolution (Fitzgibbons, 1983). Longer
looks, particularly those greater than 3 ms, would result in temporal windows lacking sufficient

resolution to constitute a look and would instead require integration with a short time constant.
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The looks then undergo a frequency analysis dividing the signal into frequency spans matching
the auditory critical bands. From here, the excitation pattern for each of the critical bands can
be determined for the 1 ms sample. Care would need to be taken to ensure that an appropriate
rise and decay rate for each excitation pattern is used as these are level dependant with low
frequency slopes in the pattern becoming less steep with increasing level. The next step in the
model is the calculation of the instantaneous loudness from the excitation patterns. The
transformation from excitation to a specific loudness pattern involves a compressive
nonlinearity such as a half wave rectification followed by a window with a short time constant.
This is meant to resemble the compression that occurs in the cochlea (Yates, 1995) (Ruggero,
Rich, Recio, Narayan, & Robles, 1997). The instantaneous loudness is now resolved as the area
under the specific loudness pattern. This provides the loudness for the 1 ms look. The running
output of these looks are then stored in short term memory which has its own decay
characteristics and a time constant that is much longer than the look. This time constant may
be as high as 200 ms. These memory allocations can be treated as a vector of the looks of the
processed input. These looks can then be made available for appropriate computations and
comparisons. The model can scan the vector to find envelope fluctuations representing
modulation, significant bursts or gaps in the input. A decision can then be made as whether to
process the data immediately, for example increasing the instantaneous loudness to the data
immediately preceding a gap or perhaps taking relatively steady or unchanging instantaneous
loudness over a sufficient period of say 10 ms and applying an appropriate integration
technique. Another idealized application of a temporal resolution task involving integration
would be for the detection of a tone. It is expected in this case that an observer would use all of

the samples for a tone within an observation interval. As the duration of the tone increases, so
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would the number of looks, thus resulting in an improvement in auditory performance or lower

threshold up to the end of the 200 ms time constant.

From a philosophical perspective, the above procedure of application of the multiple look model
is hypothesized to be feasible. It should be noted that components to the procedure which are
critical to the modeling of loudness, including application of the ear transfer functions,
determination of the excitation patterns, specific loudness and instantaneous loudness, are not
unique to this model. While these steps are common to most all loudness models, they are
independent from the temporal components of the calculation procedure. It is the proposed
temporal treatment of the looks which is unique. From a practical perspective, implementation
of the multiple look model does have its limitations. This is mainly due to the limitations
associated with the available digital signal processing techniques associated with the frequency
analysis of very short time signals, in this case 1 ms. These limitations will be discussed in

greater detail in Chapter 5.

4.3 Unsteady Loudness Model

In order to have an adequate understanding of the approach given in this dissertation which will
be detailed in the next chapter, a thorough understanding of the unsteady loudness model is
required. The methodology for this model, which is referred to as the Cambridge model, was

first detailed by Glasberg and Moore in 2002 (Glasberg & Moore, 2002).

The Cambridge model was initially a steady loudness calculator which was later adapted to also
be able to predict loudness for time varying sounds. One of the short comings of the original
model was that it required the input of the spectrum for the target sound in one third octave
bands. The updated time varying model instead uses a time wave input of the sound, such as
that acquired by a microphone and analyzer system.
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The first step of the model is to impose a finite response filter which approximates the transfer
function for the outer and middle ear. An illustration of the transfer function is given in Figure
15. By performing the filter operation on the initial waveform as opposed to modifying the
magnitude values in a calculated Fast Fourier Transform (FFT), which is to be performed later,
smearing of the low frequencies by the windowing operations are avoided. The result of the

transform process is representative of the sound reaching the cochlea.
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Figure 15: Graphical representation of the transfer function representing the effects of the outer and middle ear
on the time waveform input. The result of this filter is a representation of the sound at the cochlea (Moore,
Glasberg, & Baer, A Model for the Prediction of Thresholds, Loudness and Partial Loudness, 1997)

The next step is the calculation of the short term spectrum of the modified waveform using an
FFT. Given that the frequency content of an expected waveform is spread across the audible
frequency range, multiple FFTs are required to achieve adequate spectral resolution at the low

frequency ranges. To accommodate this, six simultaneous FFT operations are performed in
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parallel. To achieve adequate low frequency resolution a compromise was made by using
relatively long time periods of the input signal of 64 ms. From this alone, a compromise in this
method is already apparent given that the resulting excitation patterns derived from the 64 ms
processed signal will be approximated to represent auditory stimuli in the order of one to
several ms. A second compromise to the long signal length of the low frequency FFT is that
amplitude modulations containing low frequency data will not be detected. For the higher
centre frequencies, the time segments for the FFTs get shorter as the centre frequencies
increase thus achieving improved temporal resolution which is more representative of the

auditory system.

Next, calculation of an excitation pattern using the spectral results of the FFT analysis is
performed. The outputs of Equivalent Rectangular Bandwidths (ERBs) are produced for the
centre frequencies spaced at 25% of the ERBs. These excitation patterns represent the response

along the basilar membrane across the audible frequency range as was described in Chapter 1.

The excitation patterns are then transformed to the specific loudness pattern. The specific
loudness curves are integrated to approximate the total instantaneous loudness. This is similar

to the calculation for loudness for a steady input sound.

The instantaneous loudness is then integrated in time to predict the temporal component of the
perceived unsteady loudness. To include as many temporal phenomena as possible, the
Cambridge model performs both a short term and long term integration process. The short
term loudness is estimated from 1 ms time segments of the instantaneous loudness results. By
comparing subsequent short term loudness values a decision is made as to whether the signal is
changing rapidly in time, thus suggesting the presence of a burst signal and also accommodating

high frequency amplitude modulations of the signal. This comparison is achieved by inspection
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of the rise and decay rates of the 1 ms durations and allowing for the implementation of a short
integration process with an appropriate short time constant. The long term loudness is
calculated by temporally integrating the short term loudness results, thus also smoothing the

response over time.

This model has been shown to provide excellent results for steady sounds by accurately
predicting absolute threshold levels as well as loudness as a function of amplitude level and
bandwidth. It has also shown good correlation to the equal loudness contours. For unsteady
sounds, the model showed good correlation with empirical data in predicting the effect of
increasing threshold levels, or detectability, with increases in duration as great as 200 ms. This
can be attributed to an appropriate long term temporal integration process. The model was
also able to adequately account for the long term loudness of amplitude modulated sounds. A
good match to empirical data was shown to be possible for modulation rates from 2 to 1,000 Hz
on a 4,000 Hz carrier. As alluded to above, the calibre of the model’s ability to predict amplitude
modulation for lower carrier rates is decreased. Limitations of the model are that it has not
been shown to accommodate extremely short burst signals or the detection of gaps in the

stimulus.
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V Approach

Section 4.1 in the previous chapter described the fundamental theory for the more common
temporal integration techniques used for the calculation of time varying loudness. It was shown
that long term integration can be used with relatively good success for time varying sounds
which are quasi-steady for durations of 10 ms or more and that short term integration can be
useful for predicting some auditory observations including tone bursts. Also shown was the
Cambridge model developed for the calculation of time varying loudness. This model uses both

short and long term temporal integration to account for several auditory phenomena.

A description of a proposed procedure for calculating unsteady loudness using a multiple look
model was also described. The caveat to this procedure is that it requires that a Fast Fourier
Transform be applied to very short segments of the stimulus having lengths of approximately 1
or 2 ms. This is not possible given the limitation in frequency resolution that this would impose

on the processed signal. A justification for this is given as follows:

Given that the input stimulus is a 16 bit WAV file having a frequency span of 25600 Hz, present
day acquisition capabilities allows for a smallest number of samples or divisions of the signal to
be 50. From this, the smallest frequency resolution possible is calculated as 25600 divided by
50, or 512 Hz. This translates into a minimum sample length being the inverse of 512 Hz which
is 2 ms. In other words, the limitation of a state of the art acquisition is a minimum sample
length of 2 ms with a lower frequency limit of 512 Hz. While an argument towards a
compromise for using a signal length of 2 ms may be possible, having a lower frequency cut-off
of 512 Hz is not justifiable. The lower extreme for the audible human frequency range is 20 Hz
which is far below the above limitation of 512 Hz. Such a system would not be useful for

practical analysis applications.

67



While the development of a true multiple look approach is desired, it was decided that for the
research presented in this dissertation that a calculation method which is alternative to the
present loudness models, but still retains both the spirit and ability to account for auditory
phenomenon which the present models are incapable of, be developed. This hybrid approach is
one which samples the stimulus signals as 1 ms looks and can processes the information to
account for known auditory characteristics. It was further decided to focus on the specific
characteristic of gap detection as this is one phenomenon which has been documented
experimentally but has not been demonstrated to be included in any other loudness model.
While extension of the proposed model could be made in the future to include other auditory
traits, the focusing on one specific hearing aspect will also allow for easier demonstration
without the need to account for multiple attributes. The following section is a description of the
methodology of the proposed model. Subsequent sections will include details of the

experimental setup and test parameters.

5.1 Proposed Model

The stated goal of this research is to develop a model using the philosophy, and thus
advantages, of the multiple look theory to calculate loudness. The model is to include the
auditory attributes associated with the presence of short duration gaps in the stimulus signal.
Specifically, the model will account for the empirical data by Viemeister and others as was
described in Chapter 3. Another goal for the proposed model is that it is designed such that it
can be adapted to be used as an extension to most any time varying model and thus account for
the short comings of these other models as well as compliment to the advantages and abilities
of these models. In other words, this model would perform as an add-on to the loudness model

and will target a specific auditory task through intelligent processing of the sampled looks.
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The process begins with the input of a single channel of stimuli which represents the binaural
diotic signal presented to the outer ear. The signal is sampled as a 16-bit resolution WAV file
with a 32 kHz sampling rate. This will result in a file containing 32 samples for every 1 ms of
stimulus data. The length for each look was chosen to be 1 ms. Studies have reported this to be

the minimum length for audibility (Fitzgibbons, 1983).

As shown in Figure 16 for a steady sinusoidal wave, the 1 ms look is comprised of 32 samples,
each representing the amplitude of the peak pressure of the wave. For the WAV file, each of
the samples is given as a hexadecimal number. A calibration factor taken from the acquisition
system is applied to each sample. The calibration factor scales the maximum value representing
the full scale deflection of the acquisition file and fits this between the full scale deflection of

the WAV file, or between the values of 32 768 and -32 768 for a 16 bit file.
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Figure 16: Sinusoidal representation of a 1 ms WAV file comprised of 32 samples which are given by
hexadecimal values. Defined are the amplitudes for the Peak and RMS pressures of the sound wave
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Each of the samples is next converted from a peak pressure value to a root mean square (RMS)
value. This converts all samples to all positive hexadecimal values. Each RMS pressure is

changed to a sound level having units of decibel (dB) using equation 10.

L =20log (;2us.) (10)

2x105

Finally, in order to represent the 32 samples of sound level as a single 1 ms sound, a one
millisecond equivalent sound level is calculated using equation 11. This is an energy mean of

the noise level averaged over the 1 ms measurement period.

N Lpi/
Leg = 10l0g [T, (f)(10 "o (11)

Once the 1 ms sound levels have been calculated from the acquired WAV file, intelligent
processing of the noise information can be performed. Specifically, the signal is scanned for the
presence of any short duration gaps spanning in length from 1 ms to 5 ms. If a gap is found, a
detectibility shift is applied with amplitude dependant on the length of the gap. While this can
be user defined, a gap is taken to be when there is a 25 dB drop in level from one millisecond
sample to the next. The 25 dB drop for recognition of a gap is taken from Shailer’s 1983
publication on ‘Gap Detection as a Function of Frequency, Bandwidth and Level’ (Shailer &
Moore, 1983). Once a drop is found, the next step is to determine the length of the gap. A loop
is designed to perform this operation where the level for each look is compared to the look just
prior to the presence of the gap. If the gap is found to be 1 ms long, an adjustment of 4 dB is
applied to the adjacent sound. Similarly, adjustment values of 3.5, 3, 2.2 and 1.6 dB are applied
if a gap of 2, 3, 4 or 5 to 10 ms respectively is found. These adjustment factors are illustrated in
Table 3. If the gap is determined to be longer than 10 ms, no adjustment is applied and the gap

is instead defined as a drop in level and the search parameter is reset.
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Table 3: Detection correction levels for applied for corresponding gap durations to the 1 ms looks

Duration of Gap (ms) Detectability
Adjustment (+dB)

1 4.0

2 3.5

3 3.0

4 2.2

5to 10 1.6
Greater than 10 0.0

Once the file has been entirely searched and all detectability shifts have been applied, the file
WAV file must then be reconstructed into its original form for analysis of loudness. This involves
a reversal of the previous procedure to where the Peak pressure values in hexadecimal format

are obtained. A flow chart outlining the algorithm for the model is shown in Figure 17.
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A computer program was developed to perform the operations of the outlined model using the
programming language of Ruby. Ruby is a general purpose object oriented language which was
originated in the mid-1990s. This programming language was chosen for its simplicity and ease
of programming as well as for the fact that it is easily integrated into other language codes. This
was important given that one of the goals of this work was to be able to interface the multiple
look gap correction model to any time varying loudness model. Another advantage of the use of
Ruby for this research is that it is an open code. The auditory data used for the development of
the multiple look gap correction model is based on the present state of art knowledge. It is
possible that future studies may dictate the necessity for changes in threshold corrections
values or duration limits. The open code format used here will very easily allow for such
modification. A copy of the written source code for the multiple look gap correction model is

provided in the appendix as Reference A.

5.2 Test Procedure

In order to test the proposed model, a test procedure was established using several recorded
sounds including stationary and time varying pure tones, white noise, warble tones as well “real
life” sounds including speech and mechanical sounds. Some of the sounds were altered so as to
insert gaps in the signals of known location and duration to test and debug operation of the

multiple look gap correction computer code.

The pure tones were used to establish that the input signals were in fact calibrated to the
correct levels. This is facilitated by the fact that a known stationary pure tone signal at a
measured sound level can be easily translated into a corresponding loudness or loudness level

by cross referencing the two values on the equal loudness contour plots.
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The white noise sounds were chosen to represent broadband stimuli. Given that such a signal is
inherently constant and without gaps, voids in the data file of varying lengths were inserted and
run through the gap detection program. The output was monitored to ensure that the
appropriate level corrections were applied. The same was done for the time varying pure tone

signals.

The warble tones are representative of variable sounds with short duration gaps. The
mechanical sound was of a diesel engine which is another source which has characteristic gaps.
Speech sounds can be either relatively smooth or have many sporadic gaps. Two sentences,
“Clickity clack, the train goes down the track” and “Suzie sold seashells by the sea shore” were
recorded and analysed. These two specific sentences were chosen to represent both a choppy

and smooth speech sample respectively.

All the sounds were recorded in a semi-anechoic room having a background sound level of
approximately 17 dBA. The main reason for using the chamber was to remove any potential
influence on the recordings from outside sources of noise. The recording setup used a Bruel &
Kjaer PULSE Type 3560C IDA® Front end for both the signal generation and the recording of the
sounds. The sounds were generated using the PULSE signal generator and send to a Bruel &
Kjaer Type 4295 Omni source loudspeaker via a Type 2716 power amplifier for amplification of
the signal. A Bruel & Kjaer Type 4190 microphone with a Type 2671 preamplifier was used to
acquire the loudspeaker signal at a distance of 0.5 meters from the centreline of the vertically
oriented driver. The output to the speaker from the generator was controlled and fined tuned
by adjusting the voltage output of the signal generator. The resolution adjustment capability of
the generator is one microvolt. The measurement setup was field calibrated before and after

measurements using a Bruel & Kjaer Type 4231 sound calibrator. The technical data sheets
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detailing the specifications for the acquisition equipment are provided in the appendix as
Reference B. A photograph illustrating the equipment setup in the semi-anechoic room is given

in Figure 18.

Figure 18: Photograph of the experimental set up in the Semi-Anechoic room showing the Bruel & Kjaer
acquisition system, amplifier loudspeaker and microphone. The test sounds are generated by the PULSE sound
generator and played by the loudspeaker and subsequently recorded through the microphone. The acquisition
system then prepares the WAV file for the multiple look gap correction and loudness programs.

Once the test signals were recorded, and in some cases modified with reference gaps, they were
processed into 16 bit WAV files suitable for input into the multiple look gap correction and
subsequently loudness models. Outputs of the results are given in the next chapter. The time

varying loudness model used to perform the loudness calculation was the Cambridge model
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which was detailed in the previous chapter. As stated earlier, some of the test signals were also
stationary sounds. While the Cambridge is purported to accurately calculate loudness for
stationary sounds, the stationary test sounds were also processed for loudness using a program
designed to follow the DIN 45631 steady loudness standard. While some differences are
expected in the calculated stationary loudness values between the two models, these should be
minimal. This is especially true for the 1000 Hz sinusoidal signals since all loudness values on the
equal loudness curve are referenced to this frequency. These results are also given in the

following chapter.

79



VI Discussion of Results

This chapter presents the results from the implementation of the multiple look gap correction
model on the various test samples. The calculated loudness using the multiple look approach
will be compared the corresponding loudness results from implementation of the Cambridge
time varying loudness program for all files. The files derived from the stationary sound will also
be compared to the DIN 45631 stationary loudness model. This is to provide a correlation
between the time varying and non-time varying loudness models as well as to the multiple look
adaptation. Presented also for each sample type is a high resolution time domain image of the
sound file and sample outputs from the multiple look program which identifies the number and

location of found gaps and the corresponding correction factors applied.

6.1 Stationary Pure Tone Sounds

As an initial test of the multiple look gap correction model, and its adaptation to the Cambridge
time varying loudness model, pure sinusoidal tones were generated at 1000 Hz and tested using
the various models. The advantage of using the 1000 Hz sinusoids is that the calculated
loudness levels can be compared directly back to the equal loudness contours, given previously
in Figure 2. That is, a 1000 Hz sinusoidal tone having a sound level of 90 dB will theoretically
have a corresponding loudness level 90 phons. The sound levels tested included 60 dB, 65 dB,

70 dB, 73 dB, 80 dB, 85 dB, 90 dB and 94 dB (standard microphone calibration sound level).

The obvious thing to note is that a sinusoidal wave is a continuous sound wave and thus has no
gaps. In order to use these signals, gaps were inserted into the wave in the centre of each 10 ms
segment for the first 50 ms. The next 20 ms duration had no gaps inserted. The 70 ms signal

was then repeated for a total signal length of 2000 ms. This exercise was also beneficial in the
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initial debugging phase of the program as it allowed for inspection of the data output to ensure
Illustrated in Figures 19 and 20 are the time domain plots for both the unmodified 90 dB

that the appropriate correction amplitudes were applied to the correct corresponding gaps.
sinusoidal sound as well as the corresponding plot with the inserted gaps. The similar plots for
the other steady sinusoidal signals are provided in the Appendix as Reference C. For reference,

the location of the inserted gaps and expected adjustment values is provided in Table 4.
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Figure 20: Time domain plot for the 90 dB sinusoidal test sound with the addition of inserted gaps in the signal

with position and gap durations as specified in Table 4



Table 4: Position in signal duration having inserted gap, the length of the gap and corresponding adjustment

Segment in Signal for which | Length of Gap (ms) | Adjustment (dB)
Gap was Inserted (ms)

1to 10 1 4.0

11-20 2 3.5

21-30 3 3.0
31-40 4 2.2
41 -50 5 1.6
51-60 0 0.0
61-70 0 0.0

The test results for the steady sinusoidal signals without the inserted gaps are given in Table 5.
The test results for the steady sinusoidal signals with the inserted gaps into the signals are given
in Table 6. Listed are the sound level for the tones, the steady loudness level calculated using
the method specified by the DIN 45631 standard, the calculated loudness level using the time

varying Cambridge model and the loudness level using the multiple look gap correction model.
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Table 5: Loudness level for 1000 Hz sinusoidal signals without inserted gaps calculated using DIN 45631,

Cambridge model and with multiple look gap correction model

Signal Sound Stationary Time Varying Time Varying Loudness
Pressure (dB) Loudness Level Loudness Level Level (Phons) using
(Phons) from (Phons) from Multiple Look Gap
DIN 45631 Cambridge Model Adjustments
60dB 55.2 58.2 58.2
65dB 65.4 65.5 65.5
70dB 72.3 71.5 71.5
73dB 74.9 74.2 74.2
80dB 81.8 79.7 79.7
85dB 87.2 84.8 84.7
90dB 93.7 90.3 90.3
94dB 98.2 94.7 94.7

Table 6: Loudness level for 1000 Hz sinusoidal signals with gaps inserted calculated using DIN 45631,

Cambridge model and with multiple look gap correction model

Signal Sound Stationary Time Varying Time Varying Loudness
Pressure (dB) Loudness Level Loudness Level Level (Phons) using
(Phons) from (Phons) from Multiple Look Gap
DIN 45631 Cambridge Model Adjustments
60dB 66.5 68.4 70.3
65dB 73.1 74.1 75.7
70dB 78.3 79.2 80.7
73dB 80.4 81.1 82.5
80dB 85.7 85.9 87.2
85dB 90.6 90.0 91.1
90dB 95.7 94.7 95.9
94dB 99.9 97.5 98.6

Inspection of Table 5 shows very good agreement between the Cambridge model results and
the multiple look model incorporating the adjustments for gaps. In fact, the values between the
two columns are for the most part identical. This should be of no surprise given that the signal
is void of any gaps, and therefore, no adjustments should be expected. The numerical results

for these two calculations are also in very good agreement with the signal sound pressure level.
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That is, given that the stimulus is a pure tone at 1000 Hz, the resulting loudness levels should be
the same as the inputted sound level. The differences realized between the two range between
a relatively small 1.8 and 0.2. The loudness levels calculated using the DIN procedure for a
steady signal did not do as well. The differences here between the input sound level and the
loudness level are a more significant range from 4.8 to 0.4 with most of the difference at least
2.0. While this observation has little bearing on any direct conclusions to the multiple look
model, it does raise some caution to the accuracy of the DIN model. This is supported in the

literature (Charbonneau, Novak, & Ule, 2009).

Inspection of Table 6 shows a marked change in loudness level for all models. This is not
surprising given that the “gapped” model does sound significantly different than the original
sinusoidal wave and thus should not be expected to have the same loudness level. The
important observation is that the multiple look model has a consistent 1 to 2 phon increase over
the Cambridge model results. This is expected given the predictable gap duration and spacing
that was applied. For reference, the summary output of the multiple look calculation with
integration with the Cambridge model is given in Figure 21. The output shows not only the
calculated loudness level but also provides a summary of the how many gaps were found and
the corresponding durations. The conclusion that can be drawn here using a simple sinusoidal
wave is that the resulting loudness level calculation follows intended adjustments set out by the
development of the gap detection model. It can further be said that this was accomplished by
intelligent decisions based on the content of the 1 ms looks. While results showing the
expected outcome of the multiple look gap adjustment model is shown in both Table 4 and 5
when compared to the Cambridge model results, no listening tests were conducted in this work
to further validate the developed model. It should also be noted that given the unreliability of

the DIN models results, they are not included in any further comparisons.
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[There were 28 one ms gaps.
[There were 28 two ms gaps.
[There were 28 three ms gaps.
[There were 28 four ms gaps.
There were 29 five ms gaps.
There wepe 29 si% ms gaps.
There were O severr ms gaps.
iThere were 0 eifght ms gaps.
(There were 0 nine ms gaps.
[There were O ten ms gaps.
[There were O Tong gaps.

| | | |
| instant | awverage 1 | average 2 | average 1 | average 2

ms | sones phons| sones phons| sones phons | min - max | min  max

| 72.3 9e.1| 29,7 95,8

Figure 21: Output of the multiple look program which shows the number of gaps found in the 90 dB gapped input file and
the corresponding durations. Also given is the calculated loudness level using the integrated Cambridge model

6.2 Stationary Mechanical Sounds

Stationary sounds classified as generated or mechanical sounds were also analysed using the
different calculation models. The evaluated sounds included a generated white noise signal
having a sound level of 70 dB, a warble sound having a sound level of 60 dB, and a diesel engine
which was recorded with a sound level of 55 dB. The white noise signal is defined as a random
signal with a flat power spectral density. In other words, the signal contains equal power within
a fixed bandwidth at any center frequency. As was the case with the sinusoidal signals, white
noise does not contain any natural gaps within the signal. As such, gaps were inserted into the
signal in the same manner as was done with the pure tones and as was detailed in Table 4. The
warble and diesel sounds inherently contain gaps within the signal so these were analysed in the
natural format as they were recorded. Figures 22 and 23 illustrate approximately 2000 ms of
the time plot for the white noise signal without and with the gaps inserted respectively.
Similarly, Figure 24 is the time plot for the warble sound and Figure 25 is the same for the diesel

engine recording.
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Figure 22: Time domain plot for the white noise test signal without the modifications of inserted gaps in the
signal used for the calculation of loudness level with and without the multiple look model
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position and gap durations as specified in Table 4 used for the calculation of loudness level with and without the
multiple look model.
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Figure 24: Time domain plot for the warble sound used for the calculation of loudness level with and without the
multiple look model.
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The calculated results for all the steady mechanical sounds are given in Table 7. Listed are the
measured sound level for the sounds at which they were recorded and subsequently analysed.
Also given are the steady loudness levels calculated for each signal using the method specified
by the time varying Cambridge model and the loudness level using the multiple look gap

correction model.

Table 7: Loudness levels for steady mechanical sounds (white noise, warble and diesel) calculated using the
Cambridge model and multiple look gap correction model.

Signal Time Varying Time Varying Loudness
Description Loudness Level Level (Phons) using
(Phons) from Multiple Look Gap
Cambridge Model Adjustments
White Noise
. 86.5 86.5
without gaps
White Noise
_ 85.0 85.6
with gaps
Warble 79.0 79.1
Diesel Engine 70.7 70.6

As expected, the calculated loudness levels for the white noise signal containing no gaps was the
same for both the Cambridge model alone and with the implementation of the multiple look gap
adjustment model. At a minimum this is an indication that the multiple look model did not

produce erroneous results.

For the white noise signal with the inserted gaps, an increase of 0.6 dB is realized by
implementation of the multiple look model over the application of the Cambridge model alone.
While an immediate application of this result cannot be given for this artificial sound, the result

does provide the predicted outcome, thus showing merit to the model.

As was for the case of the white noise with the gap inserted, an increase in loudness level is also

given for the warble sound, albeit a much smaller increase. This is not unexpected though if one
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were to carefully inspect the time trace of the warble sound provided above in Figure 24. Unlike
the white noise of sinusoidal signals with gaps, the time trace is relatively steady and full and

more absent visually of numerous gaps.

The one sound sample that showed an anomaly was the result for the diesel engine. Upon
closer post inspection of the time signal, it became evident that the signal while rough does not
have any found gaps as defined by the multiple look gap adjustment algorithm. The anomaly in
the results was the fact that the multiple look loudness level results actually shows a decrease in
loudness level by 0.1 phons. While not at all significant, a decrease should not occur. A similar
result was seen above in Table 5 for the steady 85 dB sinusoidal signal with no gap. It has been
determined that an inaccuracy of up to 0.1 phons can occur during the regeneration of the
modified file back into the 16 bit hexadecimal WAV format. This is due to the fact that the 32
samples within each look are treated as an average during the regeneration process. While not
significant, the next chapter will include a recommendation to revise the treatment of the

samples contained in the look to maintain a better resolution of the post adjusted data.

6.3 Time Varying (Unsteady) Sounds

Two time varying sounds were also analysed using the Cambridge time varying loudness model
and the multiple look model. The two sounds evaluated were both spoken sentences. The
evaluation of unsteady loudness for speech signals is a common for the application of speech
recognition and intelligibility metrics. As such, they were included in this study. The first
sentence was comprised of the phrase, “Suzie sold seashells by the seashore”. This sentence
was chosen for its smooth cadence and expected lack of gaps in the recorded signal. The second

sentence was comprised of the phrase, “Clickity clack, the train went down the track”. This
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sentence was chosen specifically for its much rougher cadence and greater chance to have gaps

within the recorded sentence. The time plots for the “Suzie” and “train” sentence are illustrated

in Figures 26, and 27 respectively.
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Figure 26: Time domain plot for the spoken sentence, “Suzie sold seashells by the seashore”, chosen for its

smooth cadence and expected lack of gaps.
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Figure 27: Time domain plot for the spoken sentence
its rougher cadence and expected gaps in the signal.

, “Clickity clack, the train went down the track”, chosen for
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The calculated loudness level results for the two time varying sounds are given in Table 8. Given
are the measured sound levels at which the sounds were recorded and subsequently analysed.
Also given are the unsteady loudness levels calculated using the time varying Cambridge model

and the loudness level using the multiple look gap correction model.

Table 8: Loudness levels for time varying sinusoidal sweep and speech sounds calculated using the Cambridge
model and multiple look gap correction model.

Signal Time Varying Time Varying Loudness
Description Loudness Level Level (Phons) using
(Phons) from Multiple Look Gap
Cambridge Model Adjustments
Spoken Sentence 84.0 84.0
“Suzie”
Spoken Sentence 90.9 94.1
“Train”

As stated above, the “Suzie sold seashells by the seashore” sentence is very smooth with the
syllables joined together with a great degree of sibilance. This is evident by the loudness level
result with both the Cambridge model and the multiple look gap adjustment model producing
the same result. Such an outcome can be applied to the application and understanding of
alternative psychoacoustic metrics, particularly those concerned with speech transmission,
intelligibility and recognition. All of which are metrics for which their outcomes are related to

the presence, or lack of, sibilance and alternatively harshness.

The second sentence, “Clickity clack, the train went down the track”, resulted in a noticeable
increase in loudness level with application of the multiple look gap adjustments. As with the

first sentence, this result shows significant implication and usefulness to speech metrics. The
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result also follows the perceived difference in loudness for this harder sentence when compared

to the former.

Given the data presented in this chapter, it has been demonstrated that the multiple look gap
adjustment program does have the ability to use the looks contained within a stimulus to
identify the presence of gaps within the signal. Once found, an intelligent procedure is used to
determine the length of the gap and apply the appropriate adjustment factor; one which follows

the published empirical data.
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VII Conclusions and Recommendations

This chapter provides a review of the conclusions that can be made based on the stated
objectives and accompanying scope of this research. Also provided is a statement of the
contributions that this work has made to the present state of the art. Finally, recommendations

for future work and refinement of this research is also given.

7.1 Conclusions

Upon review of the results of this study, as well as recalling the stated objectives at the end of
the introductory chapter of this dissertation, the following is a presentation of conclusions that

have been reached.

1. The objective of this work was to develop a hybrid multiple look approach which uses level
correction factors in conjunction with temporal integration methods in order to adequately
represent the perceived loudness levels in the presence of gaps in a stimulus signal. A
program was developed which divides the input signal into 1 ms looks, checks for the
presence of gaps and makes the appropriate adjustments. The adjusted file is then
converted to a state such that it can be applied to a loudness integration model.

2. As part of the scope to reach the stated objective, it was intended that the developed
multiple look with gap correction abilities model would be integrated into an existing
loudness model using integration theories. The model developed and presented in this
work was used in conjunction with the Cambridge model for time varying loudness. It
should be noted that the multiple look algorithm presented in this work can immediately be

used with any time varying loudness model which accepts a WAV file as an input.
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Integration into alternative file input structures can also be accomplished with minimal
modification to the present code.

3. The focus of the multiple look model developed in this work was on the hearing
phenomenon of gap detection. Other stimuli and resulting hearing sensations have been
identified in the literature as not being adequately addressed by the present temporal
integration models. Given that the fundamental aspect of this model included the division
of the signal into short duration looks for intelligent decision making and processing, it can
easily be adapted to include other phenomenon such as burst signal, something which is
important to account for temporal pre-masking effects.

4. It was intended that any computer code developed in this study for the multiple look model
would be open and be easily adaptable to allow for modifications to the programs
parameters and correction values in order to accommodate any new empirical data in the
future. The code used was a public domain Ruby language which is relatively simple to
understand and edit with freely available editors. The code also does not require that it be
compiled in order to execute the program, thus adding to its openness.

5. Finally, it was intended that any method developed should be well suited for use in other
psychoacoustic metrics. Many existing metrics such as sharpness, fluctuation strength and
roughness begin with the calculation of loudness. Given that the multiple look model has
shown to improve present loudness models for the case of gaps being present in the input
signal, inclusion of it in these other metrics would be similarly beneficial. The merit of using

this model for speech has also been demonstrated in this dissertation.

7.2 Contributions

The following is a summary of the major contributions to the state of the art that can be
attributed to the work presented in this dissertation.
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While many experiments have been carries out in regard to the multiple look theory for the
prediction of hearing perception, no model has yet been developed for application to the
calculation of loudness. In this study, such a model was developed for the specific
application for the adjustment of loudness for signals having the presence of gaps. The
results presented have demonstrated merit to the application of this relatively over looked,
yet significant theory.

Much is still not known as to the many mechanisms associated for the perception of hearing
sensations including loudness. The work presented in this dissertation not only expanded
on the present knowledge of this psychoacoustic metric but also added to the present
knowledge of the application of the multiple look theory, one which has not previously been
applied.

The model developed has been designed to account for the hearing sensations associated
with the presence of gaps in the stimulus signal. It was demonstrated that the application of
this can be applied with success to many different types of signal including speech. Many
metrics are presently available, such as speech intelligibility and articulation index however,
these models have their shortcomings. The results of this work has shown that the
presented model can be further applied to this specific application for the development of a
new speech metric which includes the application of a loudness calculation using a multiple
look approach.

While a primary objective of the model was to ensure applicability for speech sounds, this
can be extended to include other sounds as well. Most notable would be mechanical
sounds, environmental sounds such as traffic and any other stationary or unsteady sounds

which can include short duration gaps.
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7.3 Recommendations

The development of the multiple look model for the application of gap detection and
adjustment for the calculation of loudness has demonstrated promise. The following is an
identification of some of the areas where additional work can be undertaken to further this

research.

1. The model and subsequent code developed using the multiple look theory was designed to
integrate seamlessly with other loudness calculation software. As part of this, the program
presented here was required to reconstruct the modified information contained within the
individual looks back into a 16 bit WAV file for processing of loudness by the other
calculation software. It was determined that during this reconstruction process that some
temporal resolution of the 1 ms information can be lost. As a result, it was determined that
in some circumstances an approximate 0.1 phon inaccuracy in loudness level can result in
the final calculation. While this is not a significant value, improvements can be made and
are being recommended to modify the treatment of the 32 hexadecimal format samples
contained within each of the looks to eliminate this shortcoming in the software.

2. As was demonstrated in the results section of this dissertation, the perception of speech can
be dependent on the content of the signal, including the presence of gaps. One of the
applications where the multiple look model demonstrated particular promise was in the
ability to analyse speech information. The understanding and application of evaluation
models for speech recognition are ever increasing. This is particularly true given the aging
demographic and increased interest in the treatment of hearing loss. Another application of
the recognition of speech within automated systems such as voice activated electronics
within automobiles. It is recommended that the application of multiple looks be expanded
into the specific area of the recognition and treatment of speech as a stimulus.
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The multiple look approach presented in this dissertation was specific to the application of the
detection and adjustment for gaps present in the input signal presented to the ear. It was
demonstrated in the literature review section that gap detection, while important, is not the
only shortcoming associated with the present day loudness calculation models. This is especially
true for those that rely on long term integration techniques for treatment of the temporal
component of the sound. It is recommended that the model be expanded to include other
distinct sound components. An example of this would be the inclusion of burst noise, an area
which is important to the phenomenon of temporal pre-masking and one which is ignored by

both the Cambridge model and the time varying method adapted by DIN as 45631-A1.
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Reference A
A. Written Source Code for the Multiple Look Gap Correction Model
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Main.-rb
require “ThresholdCorrection®
File.open(ARGV[O], "'rb'™) do Jinput_fFile]

corrector = ThresholdCorrection.new(input_file)
puts "The absolute raw max of this file is:
#{corrector.wave.absolute_ raw_maximum}."
if corrector.wave.pulse factor.nil?
puts "There®s no pulse factor, sorry, can"t run this file."
break
end

corrector._calculate_time_equivalent _sound_levels
corrector.calculate_adjustments

#let"s simulate adjusting everything by 4 dB.
#corrector._adjustments = Array.new(corrector.ms_averages.length, 4.0)

corrector.calculate _new_raw_values

corrector.print_summary

corrector . _wave _write_file(ARGV[1])
end

system "tvl -i #{ARGV[1]} -c 100 -s -3"

ThresholdCorrection.rb

class ThresholdCorrection
require “WaveFileParser~

THRESHOLD_CUTOFF = 25.0
GAP_LENGTH = 20

# this makes the following things publicly accessible, outside of
this file.
attr_accessor :wave, -adjustments, :ms_averages, :-one_gap, :two_gap,
:three_gap, :four_gap,
:five gap, :six _gap, :seven_gap, :-eight gap, :nine_gap, :-ten_gap,
long_gap

# initialize is called when you when you go ThresholdCorrection.new
# outside of this file
def initialize(file)

@wave = WaveFileParser_new(File)

@wave.read_headers

@wave.print_header_info

@wave.read_data

@wave.read_footer

@one_gap, @two_gap, @three_gap, @four_gap,

@Five_gap, @six_gap, @seven_gap, @eight _gap, @nine_gap, @ten_gap,
@long_gap = Array.new(1l1l, 0)

end
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def calculate_time_equivalent _sound_ levels
calculate_db_arrays from raw_values
@ms_averages = Array.new
@wave.raw_milliseconds.each _with_index do |millisecond_array,
index|
@ms_averages << time_equivalent_sound_level(millisecond_array)
#puts "ms: #{index}, time equivalent sound level: %.2F" %
[@ms_averages[index]]
end
@ms_averages
end

def calculate_db_arrays_from_raw_values
# this calculates the dBs for each value read from the wave file
db_milliseconds = Array.new

@wave.raw_milliseconds.each_with_index do |millisecond_array,
outer_index|
db_array = Array.new
millisecond_array.each_with_index do |Jvalue, inner_index|
if value ==

po=20

p_rms =

dB =0

else

p_o = value.abs * (@wave.pulse_ factor / 32767.0)

p_rms = p_o / Math.sqrt(2.0)

#puts outer: #{outer_index}, inner: #{inner_index},
raw_value: #{value.abs}, p_o: #{}, about to do log on: #{(p_rms /7 (2.0
* (10 ** -5)))}" if value ==

dB = 20 * Math.logl0(p_rms / (2.0 * (10 ** -5)))

#puts "raw value: #{value}\t\tdB: #{dB}"

end
db_array << dB
end
db_milliseconds << db_array

0

end
@wave.db_milliseconds = db_milliseconds

end

def time_equivalent_sound_level(array)
# calculates a time equivalent sound level based on
# a given array of 32 values from a WAV file
sum = 0.0
array.each_with_index do |raw_value, index]|
# new calculation:
if raw_value ==
po=0
p_rms =0
dB =0
else
p_o = raw_value.abs * (@wave.pulse_factor / 32767.0)
p_rms = p_o / Math.sqrt(2.0)
dB = 20 * Math.logl0(p_rms /7 (2.0 * (10 ** -5)))
end
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value to sum = (1.0 /7 32.0) * (10.0 ** (dB 7/ 10.0))
sum += value_to_sum
#puts index: #{index}\traw: %.3F\tPrms: %.3F\tdB: %.3f\tvalue to
sum: %.3f\trunning sum: %.3F" % [raw_value, p_rms, dB, value_to_sum,
sum]
#puts "index: #{index}\traw: %.3F\tPo: %.3F\tPrms: %.3f\tdB:
%.3F" % [raw_value, p_o, p_rms, dB]
end
sound_level = 10 * Math.loglO(sum)
sound_level
end

def calculate_adjustments
if @ms_averages.any?
@adjustments = Array.new(@ms_averages.length, 0.0)
adjusted = false

index = 2
while index < @ms_averages.length

if @ms_averages[index + 1] && ((@ms_averages[index] -
@ms_averages[index + 1]) >= THRESHOLD CUTOFF)
puts "ms #{index} is %.2fdB and ms #{index+1} is %.2fdB.
FOUND a difference of more than #{THRESHOLD CUTOFF} dB." %
[@ms_averages[index], @ms_averages[index+1]]
if @ms_averages[index + 2] && ((@ms_averages[index] -
@ms_averages[index + 2]) >= THRESHOLD CUTOFF)
puts "ms #{index} is %.2fdB and ms #{index+2} is %.2fdB.
FOUND a difference of more than #{THRESHOLD CUTOFF} dB." %
[@ms_averages[index], @ms_averages[index+2]]
if @ms_averages[index + 3] && ((@ms_averages[index] -
@ms_averages[index + 3]) >= THRESHOLD CUTOFF)
puts "ms #{index} is %.2fdB and ms #{index+3} is %.2fdB.
FOUND a difference of more than #{THRESHOLD CUTOFF} dB." %
[@ms_averages[index], @ms_averages[index+3]]
if @ms_averages[index + 4] && ((@ms_averages[index] -
@ms_averages[index + 4]) >= THRESHOLD_ CUTOFF)
puts "ms #{index} is %.2fdB and ms #{index+4} is
%.2FdB. FOUND a difference of more than #{THRESHOLD CUTOFF} dB." %
[@ms_averages[index], @ms_averages[index+4]]
if @ms_averages[index + 5] && ((@ms_averages[index] -
@ms_averages[index + 5]) >= THRESHOLD_ CUTOFF)
puts "ms #{index} is %.2fdB and ms #{index+5} is
%.2FdB. FOUND a difference of more than #{THRESHOLD CUTOFF} dB." %
[@ms_averages[index], @ms_averages[index+5]]
if @ms_averages[index + 6] && ((@ms_averages[index] -
@ms_averages[index + 6]) >= THRESHOLD CUTOFF)
puts "ms #{index} is %.2fdB and ms #{index+6} is
%.2FfdB. FOUND a difference of more than #{THRESHOLD_ CUTOFF} dB." %
[@ms_averages[index], @ms_averages[index+6]]
if Oms_averages[index + 7] && ((@ms_averages[index]
- @ms_averages[index + 7]) >= THRESHOLD_CUTOFF)
puts "ms #{index} is %.2fdB and ms #{index+7} is
%.2FfdB. FOUND a difference of more than #{THRESHOLD_ CUTOFF} dB." %
[@ms_averages[index], @ms_averages[index+7]]
if @ms_averages[index + 8] &&
((@ms_averages[index] - @ms_averages[index + 8]) >= THRESHOLD_ CUTOFF)
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puts "ms #{index} is %.2fdB and ms #{index+8%}
is %.2FdB. FOUND a difference of more than #{THRESHOLD CUTOFF} dB." %
[@ms_averages[index], @ms_averages[index+8]]
if @ms_averages[index + 9] &&
((@ms_averages[index] - @ms_averages[index + 9]) >= THRESHOLD_CUTOFF)
puts "ms #{index} is %.2fdB and ms #{index+9}
is %.2FdB. FOUND a difference of more than #{THRESHOLD CUTOFF} dB." %
[@ms_averages[index], @ms_averages[index+9]]
if @ms_averages[index + 10] &&
((@ms_averages[index] - @ms_averages[index + 10]) >= THRESHOLD_CUTOFF)
puts "ms #{index} is %.2fdB and ms
#{index+10} is %.2FfdB. FOUND a difference of more than
#{THRESHOLD_CUTOFF} dB." % [@ms_averages[index],
@ms_averages[index+10]]
if Oms_averages[index + 11] &&
((@ms_averages[index] - @ms_averages[index + 11]) >= THRESHOLD CUTOFF)
puts "ms #{index} is %.2FfdB and ms
#{index+11} is %.2fdB. FOUND a difference of more than
#{THRESHOLD_CUTOFF} dB." % [@ms_averages[index],
@ms_averages[index+11]]
# long gap! so let"s do the special loop
to get over it.
gap_length = 12
while (@ms_averages[index + gap_length]
&& ((@ms_averages[index] - @ms_averages[index + gap_length]) >=
THRESHOLD_CUTOFF))
puts ""Checking long gap: ms #{index} is
%.2FdB, ms #{index + gap_length} is %.2fdB." % [@ms_averages[index],
@ms_averages[index+gap_length]]
if gap_length == GAP_LENGTH
puts "Breaking out of a long gap
detection. Maximum gap allowance of #{GAP_LENGTH} has been reached."
break
end
gap_length += 1
end
index += (gap_length + 3)
@long_gap += 1
else
@adjustments[index] = 1.6
@adjustments[index - 1] = 1.6
puts "adjusting millisecond #{index-1}%}
and #{index} by 1.6 dB"
index += 11
@ten_gap += 1
end
else
@adjustments[index] = 1.6
@adjustments[index - 1] = 1.6
puts "adjusting millisecond #{index-1} and
#{index} by 1.6 dB"
index += 10
@nine_gap += 1
end
else
@adjustments[index] =

1.6
@adjustments[index - 1] =

1.6
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puts "adjusting millisecond #{index-1} and
#{index} by 1.6 dB"
index += 9
@eight_gap += 1
end
else
@adjustments[index] = 1.6
@adjustments[index - 1] = 1.6
puts "adjusting millisecond #{index-1} and
#{index} by 1.6 dB"
index += 8
@seven_gap += 1
end
else
@adjustments[index] = 1.6
@adjustments[index - 1] = 1.6
puts "adjusting millisecond #{index-1} and
#{index} by 1.6 dB"
index += 7
@six _gap += 1
end
else
@adjustments[index] = 1.6
@adjustments[index - 1] = 1.6
puts "adjusting millisecond #{index-1} and #{index}
by 1.6 dB"
index += 6
@Five_gap += 1
end
else
@adjustments[index] = 2.2
@adjustments[index - 1] = 2.2
puts "adjusting millisecond #{index-1} and #{index}
by 2.2 dB"
index += 5
@Ffour_gap += 1
end
else
@adjustments[index] = 3.0
@adjustments[index - 1] = 3.0
puts "adjusting millisecond #{index-1} and #{index} by
3.0 dB"
index += 4
@three gap += 1
end
else
@adjustments[index] = 3.5
@adjustments[index - 1] = 3.5
puts "adjusting millisecond #{index-1} and #{index} by
3.5 dB"
index += 3
@two_gap += 1
end
else
@adjustments[index]

= 4.0
@adjustments[index - 1] =

4.0
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puts "adjusting millisecond #{index-1} and #{index} by 4.0
dB"
index += 2
@one_gap += 1
end
else
puts "ms #{index} is %.2fdB and ms #{index+1} is %.2fdB.
Didn"t find a difference of more than #{THRESHOLD_CUTOFF} dB." %
[@ms_averages[index], @ms_averages[index+1]] if @ms_averages[index+1]
index += 1
end
end
@adjustments
end
end

def print_summary
puts ""There were #{@one_gap} one ms gaps."
puts ""There were #{@two_gap} two ms gaps.”
puts "There were #{@three_gap} three ms gaps."
puts "There were #{@four_gap} four ms gaps."
puts "There were #{@Five_gap} five ms gaps."
puts "There were #{@six_gap} six ms gaps.”
puts "There were #{@seven_gap} seven ms gaps."'
puts "There were #{@eight _gap} eight ms gaps."
puts "There were #{@nine_gap} nine ms gaps."
puts "There were #{@ten_gap} ten ms gaps."
puts "There were #{@long_gap} long gaps."

end

def calculate _new_raw_values
new_db milliseconds = Array.new

@wave.db_milliseconds.each_with_index do |ms_array, ms_index|
new_ms_array = Array.new
ms_array.each do |value]
new_ms_array << value + @adjustments[ms_index]
end
new_db _milliseconds << new_ms_array
end

@wave.adjusted db_milliseconds = new_db_milliseconds

#1. (WAV value) * (factor from WAV footer/32768)= Po
#2. Po/sqrt(2)=Prms
#3. SPL=20*log(Prms/(2x10"-5)) where SPL is in dB

new_raw_milliseconds = Array.new

new_db _milliseconds.each _with_index do |ms_array, ms_index|
new_ms_array = Array.new
ms_array.each_with_index do |value, sample_index|
prms = (2 * (10 ** -5)) * (10 ** (value / 20.0))
p_o = prms * Math.sqrt(2.0)
new_raw_value float = p_o / (@wave.pulse_ factor / 32767.0)
new_raw_value = new_raw_value_float.round
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new_raw_value = new_raw_value * -1 if
@wave.raw_milliseconds[ms_index][sample_index] < O

#only print out where we made an adjustment

it @wave.db_milliseconds[ms_index][sample_index] !=
@wave.adjusted _db_milliseconds[ms_index][sample_index]

puts "ms: #{ms_index}, sample no. #{sample_index}\told raw:
#{@wave.raw_milliseconds[ms_index][sample_index]}\told dB: %.2f\tnew
dB: %.2F\tnew raw: #{new_raw_value}" %
[@wave .db_milliseconds[ms_index][sample_index],

@wave.adjusted _db_milliseconds[ms_index][sample_index]]

end
new_ms_array << new_raw_value
end
new_raw_milliseconds << new_ms_array

end

@wave.adjusted_raw_milliseconds = new_raw_milliseconds
end

end
WaveFileParser
class WaveFileParser

# this makes these variables accessible outside the class
# inside the class they are prefixed with an @ symbol.
attr_accessor :chunk_id, :chunksize, :format, :subchunklid,
:subchunkilsize,
audioformat, :numchannels, :samplerate, :-byterate, :blockalign,
bitspersample, :cbsize, :factid, :factsize, :factsamples,
:subchunk2id,
:subchunk2size, :sample _count, :raw_milliseconds, :footer,
pulse_factor_string,
cpulse_factor, :bk_id, :bksize, :db_milliseconds,
adjusted_db_milliseconds,
absolute_raw_maximum, :adjusted raw_milliseconds

# Instance methods

def initialize(file_obj)
@File = file_obj

end

def read_two_byte number
@file.read(2).unpack(*'v'").to_s.to_i unless @file.eof?
end

def read_four_byte string
@Ffile.read(4).to_s unless @file.eof?
end

def read_four_byte number

@File.read(4) .unpack(*'V'").to_s.to_i unless @file.eof?
end
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def read_next null_terminated_string
found_null = false
values = Array.new
while(found_null == false)
value = @file.read(1)

#puts value != "\000" ? "value: .#{value.to_s}." : "found a nil,
woot."
if value == "\000" || @file.eof?
found_null = true
break
end
values << value
end
values
end

def read headers
@chunk_id = read_four_byte_string
@chunksize = read_four_byte number
@Format = read_ four_byte string
@subchunklid = read_four_byte string
@subchunklsize = read_four_byte_ number
@audioformat = read_two_byte number
@numchannels = read_two_byte number
@samplerate = read_four_byte number
@byterate = read_four_byte number
@blockalign = read_two_byte number
@bitspersample = read_two_byte_number

if @subchunklsize.to s == "18"
@cbsize = read_two_byte number
end

fact_present = false
next _id = read_four_byte string

if next _id == "fact”
fact_present = true
@fact_id = "fact"
@Ffactsize = read_four_byte number
@factsamples = read_four_byte number
end

if fact present
@subchunk2id = read_four_byte string
else
@subchunk2id
end

next_id
@subchunk2size = read_four_byte number

end

def print_header_info

puts "chunk id: #{@chunk_id}"
puts "chunk size: #{@chunksize}"
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puts "format: #{@format}"

puts "subchunkl id: #{@subchunklid}"

puts "subchunkl size: #{@subchunklsize}"
puts "audio format: #{@audioformat}"

puts "number of channels: #{@numchannels}"
puts "sample rate: #{@samplerate}"

puts "byte rate: #{@byterate}"

puts "block align: #{@blockalign}"

puts "bits per sample: #{@bitspersample}"

if @subchunklsize.to s == "18"
puts "'cb size: #{@cbsize}"

end

if @fact_id

puts "fact_id: #{@fact id}"

puts "fact size: #{@fFactsize}"

puts "fact samples: #{@factsamples}"
end

puts "'subchunk2 id: #{@subchunk2id}"
puts "'subchunk2 size: #{@subchunk2size}"
end

def read_data
@absolute_raw_maximum = 0
if @numchannels == 1
@raw_milliseconds = Array.new
@sample_count = 0
while (@sample_count <= ((@subchunk2size / 2) - 1) &&
10File.eof?)
@raw_milliseconds << read ms
end
@raw_milliseconds
end
end

def read_footer
@footer = Array.new
@bk _id = read_four_byte string

it @bk_id == "'bkdk"

puts "There®s a pulse footer."
@bksize = read_four_byte number
#puts "bkid: #{@bk id}, bksize: #{@bksize}"

while (1@file.eof)
@Footer << read_next_null_terminated_string.to_s
end

@pulse_Tactor_string = @footer[9]
@pulse_factor = @pulse_factor_string.to_F
puts "pulse factor: #{@pulse_factor.to _s}"

elsif @bk _id.nil?
puts "There®s no pulse footer."
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end
end

def write_file(filename)
@file_to_write = File.new(Ffilename, "wb+')
write_headers
write_data
@file_to write.close
end

private
def read_ms # this returns an array of 32 values
array = Array.new
for i1 in 0..31
if @sample_count <= ((@subchunk2size /7 2) - 1)
sample = @File.read(2) unless @file.eof?
sample = sample.unpack(*'s'").to_s.to i #unless
sample.is_a?(Fixnum)
@absolute_raw_maximum = sample.abs 1If (@absolute_raw_maximum <
sample.abs)
#puts "'sample: #{sample}, sampleclass: #{sample.class.to_s}
sample count: #{@sample_count}, subchunk: #{@subchunk2size / 2}"
array << sample
@sample_count += 1
end
end
array
end

def write_headers
@File_to write.write(@chunk id)

@File_to write_.write([@chunksize.to_s.to_i].pack('V'™))

@file_to_write._write(@format)

@File_to write.write(@subchunklid)

@File_to write.write([@subchunklsize.to s.to_i].pack(*'V'"))
@File_to write.write(J@audioformat.to_s.to_i].pack('v'™))
@File_to write_.write([@numchannels.to_s.to_i].pack('v'™))
@File_to write.write([@samplerate.to_s.to_i].pack('V'"))
@File_to write.write([@byterate.to_s.to_i].pack('V'"))
@File_to write.write([@blockalign.to _s.to_i].pack(*'v'"))
@File_to write.write([@bitspersample.to_s.to_i].pack('v'™))

if @subchunklsize.to s == ""18"

@File_to write.write([@cbsize.to_s.to_i].pack('v'"))
end
if @fact_id

@file_to_write_.write('"fact™)

@File_to write.write([@factsize.to_s.to_i].pack('V'"))

@File_to write.write([@Factsamples.to_s.to_i].pack('V'"))
end

@file_to_write.write(@subchunk2id)
@File_to write.write([@subchunk2size.to_s.to_i].pack(*'V'"))
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end

def write_data
@adjusted_raw_milliseconds.each_with_index do |ms_array, ms_index|
ms_array.each_with_index do |value, sample_index]|
@File_to write.write([value.to_s.to_i].pack('v'))
end
end
end
end
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+ Batt=y operated {7 honrs sontmuaos) o DE powered (10 —3247)

+ Slemt operation w0 35

« Ceahnz fame can be nnesd of for nlent operatom (will sdomat-
Eczliv-remtart- if oo fiod)

¢ Svichronou:s samplizs with other FULSE front-snas

Tspe 3560-B 15 2 compac: data accposifion syziem for bettery DL
powersd cpemton. The untt handles copmmmicztion wath the 2C,
migasement g snd pmevide: @ semple elack. Eight vernlons ars
avaEilable, Fow standard and fovg Den-X - see the wpper poction of
Tahi=l.

A handls, TWA-1685, 13 svailabie for mountme on top of Type 35680-B. makme it 2asier to eanv,
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PULSE Type 3560-C — Portable Data Acquisition Unit, up to 17 nput-Chamnnets

FEATURES

+ Homes pme mput-ouipat madule and ane connolizr moduls

+ Robust cazming for mdusmin! and hard everyday ue

« Fazin eover for froot panal allows pamags of eabl=

« Battery operated 61 DE powered (10=33V)

« Conlmz fims can be mmed off for dilem opsration (will o
manczllvrastars f toe hoth

+ Symelronos: sampling with other FUTLSE frowmt-ends

Thupe 3560-C iz 3 portable data acquisition svitem with = battery/
DT powered Type 2327 power mupply wmir, Tt can hold any comb-
natan of | Centroll= Module znd 1 Ioput'Chutput Modul (m==
Fizi ]l znd Table ) The controlier modnle handles commumication
wath the PO wilole he mpmt'output modele handles measurement
impitt and provides a wmple elock &s an =xample, 3 Typa 3360-C
Frtad with 1 3] -£h TnputiOutput Contrintisr Meduls Typa 7337 and
a 12¢h Fapur Module Type 1038 can mestie ip ¢ L7 fopot
chamnels

Envirammental

To murvive the harmb electrical environment-found in. forsxample, ears, Type 3360-C has speci-
featioms that eyeced the Fwropesn EMC dommamty requmements. IRO7637-1 and 7372
“Road Vehidles — Electricd] disturbanee by condurtitm and conpline” requitemsnty zra mat
Blechaneal robmimess s equally Ingh. meeting MIL -STD—810C snd [EC 60058 25

Simes all portable FULSE svatame zre budlt for eutdoor nee, they mest strel raguiaments for
tempernure and homudity. The opersting temparanme range axtends fom — 10 0 +30°C (=14
te 12PF) Tepe 3560-C wall withstend 1ain i kept with the font pane! freme upwards and
ths protection cover m placs '

PULSE Type 3560-00 — Multichannel Poriable Data Acquisition Unit, up to 85 Input Channels

FEATURES

+  Homes up ta & inpot ovipot muedides
Power Supply Type 2826 and one
coxtroller module.

« Robust caung for induwstrial znd
lessd evervday use

+ T soweted (10— 32 V) or 712 AL
DC comvarior

o lam coohng fans can betyinsd off
for nzarly dlant opstano (will
‘mitomatically restart if too lof)

« Svnchronos:- mampimz with otber
PULSE front-snds

Tope 370D 13 2 data aconsition yiitem compmizme 7 frame that copfams 7 mediles. Cne
of theze mmt be the D Power Sapply Tmt Type 26, 2nd ofie most ke 2 Contali= ]'-.-Eahle
The remanunz 5 medule: can be frzaly cheozen from the U0 modiles (zee Fig. | znd Table 1) °

2. it that e gt el = Al remuted 50 e minimim it modrie comfman on oy Type T6EDis Tupe 382
= Trpe 7538 - ou2 it menilet o Type 2336~ ot of Typer 7537, THITA, TEIE TORLA TRID TTMIA THD TEARA
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PULSE Type 3560-F — Multichanns] Data Acquisition Unit, up to 26 lnput Channels

FEATURES

= Compmzesupio 5 mpat cumprut
madnlzs. Fowsr Supply Typs
R348 and onz contiolier modnle

s DC privwered (10 =32V} ervia
ACDE converto:

» Opneval Back Momitimnes Enclo-
e KQ-0155, A Guide EA-
0540:and Fan Uzt UE-1037

* Sepehenons sampling with ofhe
PULSE Sontend:

Type 3560-E iz a s=ck-reoumted dats segumizston syriem compnmms 10 mwodilas, One of fiase
nnest' be the DT Power Sopply Tnir Type 2826, and pne must be a Controllea Modnla The
remaming § modules zan bz frzsb ehozen from the IO modules (see Fiz 1)

The systzn 3z deliverad with 3 19" Rack Mownting K 2= shows sbove. A 18" Back Foclosme
EQ-0155; Any Guls FA-0530 gnd Fayy Uniir UH-103T are svalable for r=k-monnted systems

Power Supply

Types 3260-B znd 3560-C con esther be powersd by two mbsinsl Tackel-Netzl Hydnde
bameries or fom 3 10 =32V DC pewer supple. & 100 — 230V AC mains sopply wmit 1
inchdad The it ean be switched on and o fiom the Sent pamsl ar whan nsine mere thae
ome front-end in ooze system the ondeff funchion can be controlled by another frooi-end usmg
the Hivlafrome Cootel ngma!l A thod pesability = 5o follow an edernal D pewer cupply,
2o that 1t switehes on whan the supply 10 comsected.

When' batieres are med", ndicator: on 2ach side of the front pasel indicate the condrhon of
the batsmer allowine bot wwsp withou? mEsmmphtng measgement., WWoea conmected to an
sxteriial DL pply, the batieris: o= chivgsd swimmatically,

Typer 3560-1 and I560-E caz be poweaed from 2 10— 32V DC power tioply An extsrmsl
100 —240V AC mains sopply mit, ZG-0430, = provided The it 2 2 Type 2826 that con
be owitrhad on and off from the font panel of, when wung more than en= font-and m ons
syistem the on'sff fumehion can be contelled tv ancther Sont-end wing the Mulufinme Canheal
stzmal, A thod possthility zoto follew an sxvemal-DC power sopply so that 1t swntehes on
when the suppiy 13 connecied.

O Output

To provide power for accessomies such as 2 LAN swiwboor wistess LA for nuerconnecnng
miore font-emds Trpes 3560-B, C and D bavm 3 % and 13% DE cufpt (LEME F&GO0 302
eamnectnr] with fise Cables for thase secascaries mmnt be ordered ssparatealy

Silent Cperation, Cooling

Type 3560-B 1 sleur, operating without fan: at antheent temperamme:s up o 35°C (57T
Abeve thiy t=mpersturs the fos start op, bt e be swatcked off Som the PULSE oftwas

:mﬁmmmnﬁwwmgmmmmgm T IR T T 3
= Type 7536 =otie drpurt mmedale: or Type 1806 =ooe of Thpes 7537, 7374, 163870004, '-"'157' TERLA 540, TRAEA
i Sinfenes ire nof mrhefed

L]
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Tvpes B60-C and 3560-0: Durme opsraton fans teep the temperamre of the wmit within
safety limms, In measnmement timations shersthe fan doize’ can mflnesce mezsinement remlis,
the fars can be switehed off fione (be PULSE softwmre 1 evabeating thrsatens, the famm ate
antomzteativ-hused on zgain

Oyn-X Modules — Types ?5354'3'3-#.! T540:40-4, 3025, J040/40-B, 3041/41-B, 2560-B-110/120/130/140

Fig.2

Smpafted biock
MEgTEm of Dy
prncinis

g+
T80 a8 analysizin ana

mezaring 2. 7 bHz
aigna BOHE Beipw A
soata [T Vo). Wofe
haf foge sl
SO

mEsare 16l o oslrw
ful! srafe ot

f o
8 Ui 2 SpMr wIoE

ot mm:.’ﬂ.:‘. wiih 3 mingls. : b\ i e

inpat’ Fimge fiom 0 fe ] gt

Dyn-X techoology — Exzlusive Range from 0 tc 160 dB
Prm-X 2 ah ssnovstive: . —

ranze ofstate-of ezt m-

10V 2od = nseful apalym:: )
fEnzs =xceadm= S48

To date. high-guality mancdneers and preanplifiers have ouperformer measmme equipmsns
with regard to ' humrity me dyname performance, beinz zblz te delivera netze- and distorhons
free mzral over 3 dymamic ni=nal rngecof 10 o 13048 broadband and 160 dB smrow-hand

Mow, wih Do
ment and amahesy cham for the fret e matches
o autpafomes the bansdscar weed for mesure- |
memt Thi: olmimtes the zeed for an mpit tten oed
uzige fof EnEmne the analysin system mput o the | e
tranzducer outpat AL that vou need to do o oger |
axcallar Fesalts w choose ths ﬁgiﬂ Tzmzchinar “ L
I

Transducer Overfoad 0 = R
Transducer max gmipmd level can be zmiered n —

the softwaze. I the mput sxceeds tus level, then

Dym- X miadwlas will zive =5 overloed wimine an the font-snd and o the PULSE Davel Mater

v tecanclozy, the et oweue- — T

IR | FFT (501 Wi TN | biies
o

Accuracy, Safety and Efficiency

With no imput Tasz= to =t you oo lonzer bave'tn wory 2bont everloads undamranze meds-
urEmtent: 6T discimiions abous tie veldation snd venifoation ol meamremant revilis And wath
mo need for frisl mns to swsurs thad the mpo rengs o conect. von hevs @ o srsatdr csrmmne
of gatting nrazsunemsnts right frct'tme.

lhes meismremen riufhion: and spplicanors Gelow are exzmplés of whers the new Uvoesl
sechneloy s be uzefils employed:

e, v ees 4o 2= e * Gman:ieniing Mtien iignal e ar = BN unmown
asaTTTmil Vg e eoT ST aiuLlsT Sad)y L UL T b= e LS
& Smpy mMEihery — e
capai dows
WEacy DprEx minkeg qaer | v Foad leging ihen gp cenwieg gf fos * RN MERSUTTG AT
HriarEe s = Flalg-terng sheil Pt P T Lo AR [
= = piticas = MikEn oomENIng Mo
Whsw z==' M imier &7 et Eets signal liyas Vkeatia,
= hd s Tagmd, TEmparghues
= Foad f=shog b 1=
= Faahl deatre 1::'1__' e
= e g
= Esusd, voraton sd rer
o T
Han Ssxsnp iy = re Hige-deeemir o0 - i lwritng, ==
= hmEe mocT=riag | =T
= B LETpun
== Fiecirepooopbcx
= Oifechirm messcramaeil

& Te il At Fose Brmum qmﬁmmﬁiﬁ,?_iﬁ"u—f pass |3) ol 3FELTE o 130

122



Input Channels

Ayatlable Input Modules
| standard
Inoel Modoime
tZem ingut flediis 303E, 18IS
Eon Tl oo 3035, I0ES
b -
E=F Charpe & 2CiT _ L ] i
Inpad Abord iahe |
] =i
Inpatspun Modisg . d
E=neratar, 42-ch, 1153 " -
InpniiOsiout Wiodse = - iy
F=narainn 307 -ohy SHah w §
IhpwtiOsdoyt Wiodse - -
noetdutpat Sontrolsr Meowes ‘ "
L
E7s-c, inputTichoul TEET TEIT-A T5I0, TE3EA
Cordreast Uadilies (FTE0-B-0 0T [FHED-B- 145 30 " i
- - -
Exirecim,, inpub T =cx e 1
TIIE, TEIE-A TEATL, TSE0-A
Corrodsr Mooui=s e R, L w g n B
il GE rerkfer (3SET-E-030/040| [I5E0-5-1 30 14E)
l—-..d_l-;...
v Impnt chammels for multchamne! aconstie and vibratian
MR RS

+ Soppert TEEE 14514 capsble tansducers wath TEDS

o Antomazte DO offset compensztion

+ Cherlnad ihdseator indibates inrommect conditioatins and pabls bdaks an somnacted amsdor=n
+ Dvaload detecmon meludmg euni-of-band freqisnmes

Funetion: aud fezmre: available m e modales zrz determined by coftevass mmpismentad and
downlozded Fem PULSE LabShep

Independsnt Channels

The mput channels on = module can b= et up wndepena-
antly, vou can set up the hsh-pas filters and fapt =aim
seporataly and stach drffersnt tepes of rmadueers to dif-
farant chommels: The mecrophose polanzatio: vottage can
be sentched on for all slunnsl:. (Wote: Where polanzanon
voltage 1t svailable ot it the wame en zll mrcrophons
chamnals = moduls)

{EEE 12571 £ Transducsrs

Input modikes soppotts TEEE 1451 4 zapable travsdnes:s
with standavdized Tramsdure: Electromie Daza Sheets
{TEDS) Thas feahoe ziow: agfomatc from-snd and an-
alyzer setup, hated on infermation stored m the tramadncer
Thus mftmmztien ineledes, for ssxzmple, sansitrerhy, s=al
mamter, mznufaemmer 3nd calibiation d=te

LR

Transoucer Condifinning Chack

Input medules wis fwe methods o detect mansduce: cable Ly e
breaks or whather the wrong conditinmng has been cho-

san, Fer wicrophcn=s, sheir mpply curtent & mocmitored For DaiaTron® aceclevmeters (o
miTTophsnes Hiins DaltaTron” preagmpiifiers ). tha wapply roliags = momrored. If sondit onme
srrors much as 3 broken ezhle ave-detactad an emor zienr 3 mdwarsd 33 an overload on the
rpemific chamssl

=
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Tabled Cwsview of podes wifiinpw chanssis

Handana - 3438 ELEE R ap3 | BsEeE o e

mpud CEgnned 3 2 12 g = = 4 3 3
Frimescy Besge SEE 3T ot ] =ERHE
THE Zl.'.-:,-\_I::"‘EI.‘I:«:L'-t 3 & -3 L] —¥ & = -+
ST ooLCMprectTachet | on = fand T - &1 - e 4 3 St En,
THE iShargs 3 + = = — = = = =
LEMA [Fr=amp =, - ] E = - = = =
s Srulile - - a - 1 - - - —*
3..—.|ﬂ_.l.| Shargs mi=stes - - wmg'! Wy T e e 1 gt
Collmmdan (DHS cneck @fh
=] ml:ruE"r_'\-a-
prearn Sy
ey Fhase WaEciing AN ERE s LN e S WS F Larsd =1 2=z =
BNt .
msr Froes TI6E. A Ctmele Sromi JOE A cumpElE
Oyere it AN chmms
ALY CRiyeriey -t 7SRNG il 2SS hHa Ta-bi T IEENAT, Sa-E T =T
SELRE 84, TR Sl
Finatngusn-toiters s H et
Wirmhoid Polvireics = - Hge R R =
3 =otnape DatTren ® gad ioE®
B Chirgs speratan cah be colered trecily wiftg Type 3335 o by uhd Shane b Desimee™ Todeeses TEe ST wih fhe miculr
£ Vim degephes ssidcatiue sifiare ges SOE rmefane
e ATRTETT TT.pnlein B ool SN Bawsing S

G-ch Charge & CCLD Input Module Type 3035

§-clumisl Charge & COLD Tnpur Moduls Trps 3037 is dadigned spacificalls
to 2llow tha divest conmection of ehnrge tansduzss to & FULSE svstam
Each channe: alse has DeltTron copability for IEFE reanadieers, znd can
abse e wsad for divet mput of volie=y Tipe 3035 complimenty the sthar
ingt modhiles inthe PITLSE TDA® mippe. ané incorpaates D2t technslos
tn gre= 3 wesTal macnremsrr anps af 1AGAR anosarh channal

CCil and Yokage Inmuls

Thie serliaze cund TheliaTivw by eie vad OWC copeiion o, sl ese b chidne!
Las thecame specifiation. ar the othey DovmX, inpaet ehzmmels, sucliay those
fommd an Fypes 3040.and 1041

Chatge Inouts

THC conmectors ave provided for chaves tramducer:. Thete provide the mont
stable charpe rontacl for avardins tiboelecnie noiv fom Hhrations. THC
to micodat (10—F2TUNE) : sdapters 206 mtloded. The Dwn X tedimnlogy
snnuies eptimel tmsduser soppest ood esx of uz¢ and omless it poasikis
to coadition & charse tomsdncers lr anly teo mpmiranzs [1nl a3 10nd)
while 20l previding state-of-the-zt parformance, Selectabls dadicated hush.
pass (UL L AU and 30 Hez) ere provided, whils jow-pess fllers (00, L2, 10 and k)
allow-sficiest dampmz of the lugh wceelarometer sanmtvne a1 vesenance, Ay opomisns tis
wi=fil dvnamuc Tanss,

o
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Output Charnmneis

Available Generator Modiiles > 1=

L e [T St
| Risnsars e, — -
y —r—
npstiudpat Modisisg e ——
— ————

Sajaratar, 470, 1B
Inpot: Dot Whaceas - @ — —
GeTermbyr 3A-oh —
INps s i e s —
moAfDwipat Confrolier Wedulsn | | i
Zorom, InpoEDEEm TEIT, TEIIH = - ]
Soehnner Manums [SEEEE1nTan: @ @ W

Ef¥-an. INBUSDsamyt
Eoriratizr Weetiies
wil Ge=nerajor

| 5= -E-D35°040

B3 1520 TSN
F355-E-130ta0]

a0

USES
+  UCensiator suipil channsly far svstam sxditaton for
acousie and vibratlon mesTuremsnts

FEATURES

oo G
+ Type 31092 outpor chansels: Full senerstor finchion- = .
ality e 23 §EHr

o Tpe 3110 ] cutpat clamnel! Full pesemstor fimctionalitr o 102 4kH=

v Tvpes TERD TERE-A (3FA0-B-030030), T340, TEH-A (330-B-130- 400 L ontomt chanmel:
Full zznsrstor fmotomaliy to 25 8kHz

« Typen 7537, 7537-A (3560-B-010/020), 7338, 73354 (2560-B-110/120): 1 cvrput chammel
Eme waveforme op o 25.6kHr sne wsve only

Type 3102

The two autpwt chpmel: oo Type 3009 can Beuzed 2 meonsl gensrzions wath a fequency
rangz om0 1o 23 6EHz and can mpply 31l the mznals necsszary fi performunz systam
ATV LY.

Type 3109 1 deupned around 5 powersi] digrtal wienzl mrecewsor and 3 24-bit DA convertsr,
andhas escaptional fewbiisy. stabiline and acoizzey. Dutput Ievele are afmstables in hadwars,
with maxmmnmy ouipur panzmg Tom fm oto 3V EMS. Lower levels 2z posabis by scaling
the u=mal fo the DA sonvert=s The sirnal i providad by 2 BNC connsclor znd can b= refer=d
to groumd o fioating It o possibleto add a DE offzet but-amy wwwanbed DO offset o=
mitmmancaly remoied

Emargency -Stop
The cammaetor at the top 2f the modulz allown conmeenon oz amerzensy stop cenmal,
allowing ¥ou to stop fhe panerstors inmmediaiely

Type 3110

The owrpas channe! oo Type 3110 czn be used a: sipnal penerater with 2 fraguency mnge from:
0 sz 102 3 %Hz and an oupply all the wignais. neretsary for performine wystem analyss - The
gesarators:am confieled fom PULES zofftwors.

Tepe' 3110 f2 desizoed -srommd 2 powerful dtxal tznal processor md 3 34 bt VA comvartor,
and sz axcephona! Sebility, smbility and accuracy, The full dynamic owtput 1anze 15 sbtamad
fion 7mV e TV peak Lower levely me posuble by soalme the sismaj o the DYA camrener
The siznal iz provided by a BNC connector and can be refemed to sfomd or ficanns I i
poszble o add 3 DC offe:, bur sny nowsnted DC offist 13 automaneally removed
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Monitor Gutout
An mput memtar sigmat 1y svalabie pna BNC conpector for each mapm chanmel The aipnal
iy taken wfter the high-paz: Alts bt bafore theanti-akazme flisr The tizns] leval 14 lHE"-.-'g

for full-zcals mprit I amy 1amge- The signal iz:always seferred 1o (ehasses) groumd

Types TH39, TEIDA, TH40, 7TH40-A
The: cutpn: ehannels o thete modnias exn ba nzed 31 wmmal sarerstors with & fr=gueney =nes
fiom 4 to 356 kHz znd can supply 3l fhe u=pals necszsary for parformme zvstemy by

The ceodiilzs are dezigmed atound = powsrful dizital mzal processor sad a 24-bat ZVA con-
verter;, and heve exceptomd fleabiliny mbility and acooraey. The. depmal @ prowdesd by a
BNC comnector and can be mferred to sromnd or foatine Tt 13 posuble o add 2 D ofet
bt any wrwanted D offsst 11 anfomatically smovsd

Types 7537, 7537-A, 7538, T538-A

The cutput channels on there moduiss an b nsed 23 mmple high-guality e fons sEnarmn
with @ frsquency range fom (001 o 25.6kHEz The mammmm owtpm velles it 3V o
delmeced m one ouput zange tucugh o 24-bat DV A converter: The-sizmal 1z peowded by 3
BT conpscton and may be 1efenrsd 1o mround or floating

Controller Modules

Availabie Contraller Modules

Etandard b =

L=

HITwae Corosir SO = -
Wgocs reeE = T

£1ezn, InpuyDisaul 7337 TEITA TEIE, TEIEM -

Corrriier hegduieT (3EEL-ETITIIN {RERTHE| VII20) i

wih Gereeaior

USES

= Commumcation wssrizcs tebween = FULSE Front-end and 5 20 monming
PULSE zafrwars, via TAN (Loeal Arzp Metwork)

Pl T Ao TR Sty P PR TR o L, B HES e wak i, | il coiton wmnd

Mezmmement &7 valizzs srphymics! parameter ke o & owmd spead

& remperators via | 2-auxitry mput shannels

Err-in, inpudTudoed T, e
Tortolier Masiies iy by A TENAR,
(SEED-EACINEET [AEET-B-T3artat)
-
=3
Ry
[

T
A
-
FEATURES ’l.
o Bats apand tenamit: dats fom anputmodnlss, provides samplms elock j ”
mnd synchromizaton of fiomt-ends = -
» (Compection of remate conrel fof sound IMfENIINY MISITITRIENT ViI
B5-712 intepiace
eosyne ba strmderd TOD TR rrefmeal

=
SEENT SEOITIng G

o Thatz franadar
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Synchranisstion and' Stecking

Controller Modules contial and voute afl commumeation
betwean the PC and the mput output modules, and trans-
mit o7 teceive synchronizstien znd cloek siemals e o
fiom sther Sont-euds Thes enables ap to 10 et 1o be
combined fe act a3 ome mulnchsmnsl system Tt also
‘anxinles all fon-ends m 3 system fo betumad ou or off

smmltmaonsiy.

R5-232

An RE5—232 mi=rface an:the froat panel allows comimm-
micaton weith e epnoml Remiote Coitral Unt ZH-0632
for sound mignaty measuements. The misrfecs 15 also
uzed for settine up the TAN zddress and testims tive fromt-
end hardwars

Aygiigry Ghanels

1xBC d!.ﬁ]'.IZHJ:'ET peecent on a3 musle contecior, aie azrh
sampled 1€ tmmes per second The chanmels are smale-
gndzd znd havs xinpot mnges Gom G LV e 316V in
1048 =mep=s

PULSE Software and Applications

The haze zoftware foc 3 PULSE symiam 1o Nowe and Vibvatton Analysis Tvps 7700 wath both
FET and CPB malyzar=, though sapoate FFT znd CFB lmenze: o= mvmlabls 43 FET Analyss
Tspe 7770:aud CPB Amaly=ts Teps 7771 Ou this bzt voo can mmdall:any other PULSE
software and =pplizations such 3z Ban Recorder Tspe 7701 and Time Caphoe: Typa 7705,
Foi deseriptions of the FULSE seffvars please r=for 1o the separam Systam Tatz, BI70120

.4 wdcfitromal moilory s e mchited Ser-Sitme vee and 2 ogen dran sepurn which $Sew for sl eavoff canial.

"
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Compliance with Standards

{Far emyrenmental specifications and compliance wim standards for FO= see fhe specfoasions gives by thelr respective maefaciorsrs]

TYFES 3360-5-8110, 030 <03, <@l -170, 120 -1340, -1ad),

TYPES 2550-C, 3560-0 AND 3560-E WITH CONTROLLER MGDULE TYRE 7535,
MFUTIOUTPLT CONTROLLER MODULE TYPE 7537, T37-A, 7534, T538-A, 7319, T535-A, 7340 DR 7540-A

INPUTIOUTPUT MODULE TYPE 3035, 303€, 30388, 3039, J099-B,

040, 3040-8, 3041, J041-H. 3109 OR 3110

(e &

CE-man mlicztes complanoe witle EMC Threcive and Low Viofape Trectie.
C-Tich man Infcaies comoiiance with the ST reqursment:s of Susirals 30d Peew Zeaiand

Bafety

EMAEL 84810-1- Safely regoireements for siecirics amuipment for messurerment, condnel z2nd [shoratory ise-
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PCAWER RECLFREMENTS
Fulfisthe recuiremess of 1ISCT837-1 ang TEIT-2
Voltage: 10— 22 OC
Fawer Emsurrpﬂun:
Marpinal: 12W
Mae Z2W iwiille marlzi_li__ln“i
Ext Power Connecior

Wi hatieres

bttery;
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BATTEHIES

Opfional Accessories: 2 - DR25 WMH or MIT030. 10.2% (nominal)
Working Time (Conbnuous): Shours
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Specificationa — Portable PULSE Type 35680-C
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Specifications — Input Channels, Standard 24-bit and Gyn-X

Elandaro &l ErpnX
TEITAT-A2058-4. BD38 23 8-305%38-B: TEAATEE-A+L0i80 &, IESE [ERCENT)
FER0-E-DDMIDRn04T 4RI AT N, ZESE. TSR
Fregaanay FEngs )
20 Cormsrslan =
Dby Tramerar Z4-bif

1oEil gpelechube

mpat Votsgs Feegy - -:.rﬂ.';!_:”: -}L::':. n;._;“ - Y e
impait Bagesl Qernena Ceunling Fmkt=g ar singleasdsd rmenter b juiaiey)
Imput fmpsdznae Sdrech Mizropacned ! 8RR || < =050 EF
oAy =000 =3000F
diboalwts Mzuimum inpud =?£'n.p", wiou) aamage
Higmpane o0 i =2
e -0.1cE ] 328 floes ~Ta%% -iagB Llope
O-THE high-axza fifter -Li=HE AOFEAx =20 e s He [PREE L o ~Z0 0Bfess
T BE dging hign-pezg iy VAT HE S TOT HE =Tt 14=He i g 4 =20 gBifoeg
23 4 i g -fewi MilEr < T 15z —F S L EdHz - —E}iRimrT
=D M IITTHE HZrx Uiz

Ancaloin Amplituge Frealsion. 1EHZ, ¥ W,

Altsnamior Lmaanty § 1 KHo =0 IS 48, fyp, =AIO0SSS -

emslituze O e E00E oot ol mzse =0 0545, e =01
Ll
”"unm; = S0-40-BEEE betim %l somw el GEHE; Ippo+0 38 58
itk L] ] i SCCEE Befow B o= sE348. hp- #F02ES
125 o 125 0= aeime ful s - L =2&00s
12 i (4385 neite Yl srse = e =0020=
150 e TECOE et M sEE = 73, =108
Ewersél Fragueney Sespones = P
e | kH fomer Bms ) I wpper Hmidcfy Tte S e St A
Ll gt Aange Arummanfesd Tymhi Wuarartasd Tralowm

Marcured fim, 7=z
b FEEEHE ey
[=ogt lerininaken by

SEE o leyu]

Tiorlme =T 2 R

Bigral loe <310V,

=g (=I5 Rt ]
| ymiies = pamenihedes =z a3t
ssg per B i e
Ripayls=x| igreal leyes *310m
=88 =35 =5 =31
1z
Fpurious fres Impat Range Tyoianl Truioa
Oynamia Sange ERrT -
(4B} re fail coale i Bl EL
Input Tt}
pul e rifdred Gy
Liepalg- 0 1] joE =
j3ta=
133=2
LT 13oE=
166
BT Crftuet re Rati ool Funranizsd Traloat Qumracised Tymland
—RES —Eie= =—Fa o= o =
HErmonds Oitdetion 127 har-ariz Gaararbsed TEminal .
Craaramiaed Tymloa
All Renpeg
=§3dg —=1EENE ) Veux ~EE 36 = TOEES 15z

a e cxses 0 OOLD modd or afies seasutig Elgnels wim oa fign SC el nothe T
dnesge=nE. 20 Dienioma might G wecpbed f Ihie sccurs. ‘norease ine Moyt Yoitage mnge

T g (ANEEE S ST X or TR Sngh-pmin

130



Specifications — Input Channels, Standard 24-bit and Dyn-X [comtinued)
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Specifications — Input Chamngls, Types 21089 and 3110 {continued)
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Specifications — Input Channels, Types 3109 and 3110 (comtinued)
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Specifications — Cuiput Channels, Standard 24-bit and Dyn-X
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Specifications — Output Channels, Types 3108 and 3110
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Specifications — Output Channels, Types 3109 and 3110 (comtinued)
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Specifications — Controller Modules Types 7536, 7537, 7637-A, 7638, T538-A, T539, TE39-A, 7540, T540-A
and 5channel PULSE Data Acquisition Units 3560-B-010, 020, 030, 040, 910, -120, 130, 140
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Ordering Information — PULSE Systems 3560-B, 3560.C, 3560-0, 3560-E
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ACCESSORIES FOR MODULES

TELA, TEIT, TR, TESE, TEAL TEET-A, TRES-A TEZE.A, THLZ-A

BO9E, F094; TEEA; J04L 04T, IETE-EC, BOIE.EY
2043-8¢ #4T1-E7, T108 H1D

ACCEITARIER INCLUMED

= ADSL4; AN rierfiss Sabls TOsIIVE wiR RS [IW
* AC-3451 RE-I33 Cupod fr FLALEE Condaler Moods
EME T-zaonedior

* UASIETT LA Caue S=pet

Trpe F2ER
= £ & JRNETHE B W3=3ZLNF Fug

OFTIDNAL LZCELRORES

Tyoac TEET, TEId, TEIF, TE4D oniy

= AC-CCED, T LEWD 38 SHQ (1.2m) A Ficateg SNG

= AD-CCZA. T LEWD 38 SHC ftimple [ 2 mi for tcaleg o0,
" -33RT - ERE Araston, Termee boodnmnle

Foo Auilisrs Faramslsr Legging

= ADUTES 37t Thsul 78 A 7O

= ADSCESL! 13 BNE Femalsia I-pih D-nas

= s I D-alk conusfier == dow DATALD DI-TEE

Type JELTL Chargs w- OCLO-Am piffer
JPOLEECENG 0 {032 UNF Tg Axeslor
ACEEEDE; &p MEmiech |5 3 ERD D
3 = BnD o oraskplag oo irokisl Banccuseo
WE-14ET 2GR Albecoabo

'I'_N}I L00A-5, DZTE2, 040-E, 10412 anly
AD-TEFS. 5T-pole Orsad i § Microest far spteiefomelzss

= AD-DSIE Fr-paie O-sot fo I piegs Ky biany acoelermmeler

= ATFDEDY ST pois Defuk o § = T-@ih LEMD ‘allees CIG ang pmanzatsh
wallage wlh . Tyez FI3EE

= ACHOEDD I5-poes Deaal | & = SN -Oockr)

= WE-1Z8Z OiZ3 3 Alenuator Adagier for D305 oonmechar

MO Toepele Doty (185 = Zpm LEMO
WLT2ET 3T-adie Deack i 8 = TooE CEAAG
LT g7-pHe Dgul 8 & & ENC Fag

Hiigke: The flizelnp soagdnrr sntult pof e dged el poarEsticd sofiage =ambied ar e S-eesiiong:

= = ETEEEramiTmme AT
= BRT Sock=

ADSHEED FT-poie
WL-IIT: IT-oale Dol ' E

FOFTWARE

Payre reier mithe Spmiem Sipi fur POLSS acfnars (EU DTS
HOTESOOH, Foa”

Teg-Ooery  Deil® Blascerc maieboos

TEEHDO-ywy Car® Highreha Mot=sgok

TR —Ren Cres-ROCRY (L Plus. BX Suggadeed Moleooar

¥ apecies couping DE, O, S5, 78 22 TR, 3E, U3

£ Tpecfies mehipen ol Mizra=an® SfMce P = nat incios=d; T - Incided
TowER Togt

TADI-D=mwy" Det® srtmes -‘.‘::'l'..'!!q Slyngwd Degtins

TOCE-E-wiy D™ Srarigion 822 High-=end Toas= PC

T apecies ceumnyi OE, DK B2 FR =2 T 84, 3E U2

F Tpeciizy mohizier ot MErgant® Sfos Fag = not nood=d) = hcidsd

12, Py ars roegiadly updnkec Coftes| yuol jace’ dzdle=-inr e infarralisn,

TEADEWARKT
Mioresh apc Winttws ane seputened Rademarss mod Wroo
Smytes mncioc SMer Curwies  ICF 8 regatered incemare ot FO8 Srooz
frad=mart 28 Bcey Coporalian
2 miver oulities « HF andd &

‘Seord inlerally Frzked |y sialnbie fov ase with &

FCAQCERBOSIER

L £330 ‘Epiicts Adnpior 12— 329 far Sacuy &=
LIL-EZ13 Sei® |7 Find Fanet Diaolely TFT

LA=OIF S i® (e Tanel-Disaixy TF7

FC HARDOWARE

ArkiED AN ineeiace Cani= wiin FISS

LEEs mpoear® Sooad BT RIEN Qi (IZ0Y any
LILE193 sza-ar':—-::n 100 W2t Swikch QAT ===y
of

LA-0T33 Nzsear® Soon | BER Sk @35l

A wlEE range of Brasi A Kmr Atz mreiens AWGrophceer. Sressmifisf and
Tijie 3550 syitert The

spler Tun0NRE B 4 casarie pabamutess wEn Safdartaes TEDD

[ Sew bty ihe FULEE Cgwrs [5F 00 Yo maTeiscs on signdar syite

cnfgunaiang

wmm™ m ethel 3 fepuiared iedemarh of ademadl of WicosohDampcision in the Lted
MAT=43 @ 3 repisi=red Fsdeman =7 The S0athiVaieg, me

inte]; i inEnimisz s ans Famthon Sie seglvteres Eadnmmns of el Comornsan o S subEceries incthe Unisd Sohes ma)
SmAbott e regetered irademans of FewiibEacsars Sompaey - D end Laliise s registeed rademasis gt el Somibey

SONY Ik 5 rginier=d

Toupormise « Lrctil 5 8 moitterd adesark of the Kol Sraun switaiie - Neigear o & regisiees aprorar: of Netiesr o

e L Qe rereryes the righl i change so=cifnlizss and srcessaries Wesul nesre

o T T

l.IIHII {FE1 1 2sEa AR A,.-nuu!l_; 'E‘E"dI— Bl (BT 3B

Diremmaryhs - Tla v <404 50 D56
CEre

F1EAREE M-—I.E.IEEE 2 EROS I R
Fii gl 'F'J-I !"1 NOEIAET |00 0
l-bu‘r':fm_&"'fl’ "‘ -z%'l-'i&ﬂ] ERIINA - dmbind le'lﬂ ATEd
m’m' T SR .ﬁllllliﬁll-.! T EETY u.l:_letu':'-ﬂI? | AT OGRS
|.|I:I.|,I-J1-ﬂ1‘ﬁ'55 I,H." FETT 1150 el (e 22 BT o

}"S" *H"SN-H . J'TIEL. . .
=fL.1ﬂ i wr:.w-ﬂ 11?3‘% b

Lewl imcy sl Al sflos Comil e sordeits

b J'..!‘_'IIII!-MED"'-I‘

140

Briel & Kjaer s

R SRR

T ETNTTE 1T P



Tvpe 4755 i3 fesigned for high-precision. fresfeld
miEgsLTEmanE whsre a microphons with high sshsiffvity
tz requir=d Being prepolarizea Type 4185 can be ussd
with toth OeltaTren” and classical preamplifiers,

USES

* Brecksion sound messuremesnt

= Premium clees sound lsvel meiars

* Equipment camphying with IEC 61872 class 1

Us= of Freefield Microphonesa

At higher frequencizs, refieciions and diffractons causes
e increase o Gont of cthe dlaphrasm of
mucrophone If mot comected. for thos womld 1emlt moan
meraazed suipur voitaze A fee-fzld optmization mesns
that the freqmency esponss of the mictophons has been
deszipmad B such 3 way that the free-field responcs 3
U dagreas incidencs 15 flat. The: micophons & optimited
for use wnth the protection gnd in place.

=
&

Frea-fizld misyophone: are commondy used for zound
meastiremant m sn snechoie chambsr o far swav fom
reflectime huildmes, et Ansther arez for free-fisld
mucrophones o for gensisl slechoacowstie mezsuraments
purposes ke londspesker and micropions meanmements

Type41B2 1z swited forwse m clazs | Sound Lavel Meters
and for 2 hegh-precision sconstic measmement: whare =
rofmse ang stable fze-field miciopboxe with an uppar
frequency of 20 kHz 15 yequired

Manufactuning, and Stabiiity

A préss-fited stainiess-steal diaphrasm snonres supeEcor
lonz-termm stabeiny cand mechanmical sobostnes: — Typs
2189 wallwitkstand the | m drop fes: of IEC S0068—-2-32.

All Brusl & Xim Masvmms Miniophonst s azsemmbled

m -2 clean room Thiz emmmes that the microphones
pratntaty teiy mherent low nots=s foor and high sakiity
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PRODUCT DATA

V2" Prepolarized Free-fisld Microphone — Type 4189

1H
IE""’-' et}
FEATURES
+ “Sanafivity: 50 myiPa
* Frequency 6:3Hzr — J0kH=

+« Dwnamic Range 145 — 14848
¢ Temperaiurel =30 W+ 150°C (=22 = 32°F)
* Polarization Frepolarized

even wihen used i envionments with = conhbmation of

nigh bnemrdite-and kizh tevperature

Polarization Voltage

Bemnz prepolanzed, Trpe 3159 1= especaily well suited for
hitters operated squupmsnt and oparation in snviropmsents
wrth high humadicy.

TEDS Micraphones

Tspe 4185 1= avanlable i TEDS combimanons witi asther
clazsica]l or DeliaTron tvpe meamphfisr The TEDS
microphose 12 considersd ong umt and has been sealed in
# clean syvmrormant. The TEDS i1 srogrammed with the
laaded tenmtivicy of the actusl cartidss-2ad the datz =
hevefore readily available, The defanli TEDS templars iz
ta IEEE P145] 4 bur TEDS 10 TEEE 1451 4= svailabl= oo
reguast

Individual Calibration: Data

Each Type 4189 come: with an mdiwdnal calibiznon
chzrt melndme  mfomishor zhomt the opsn-tircunt
SERUILIVIEY, the Dequency Tesponze i a fres field az wall as
the-siectipstane scmaing Ripamse

An enclozed wom-CD contams the mdividual calibrasion
catz ar 1/ 1 2-potave frequenciss plus 5 wealh of technical
mformzten, such 35 the infuence of diferent sccemonias
responss in differsnt sonnd fzlds and mmeh more: Using
the [T dats and the BEFg-X featine of FULSET™ 3 res|.

Briel & Kjaer



time conmecton for diffarent meamur=ment nivation:, can

MLTeATE u:raa:-mm‘él:ﬁ'accmc?.

Fig. 1 Tmﬁhﬂawmﬁ&m with protection grd The ipe-frequency remmonss (5 @b when the vent s espos=d fo

{1% Distorfion): > 14528 915

B [hitesaly cyiteales

L. 1IT28 (pemk aill Dete T anesmpiser ang
2x ¥ mingly- pid LE0HE peaki wih = 15 sunply

the sximd fel
=)
. I I ] I N I
= | | ] 1 1 [ B iAJ [} | S B |
=TT ] i | | | 1 |
% B = ! ! I ! ! ! IS
= Lot ' | | e —
" ¥ 5 5
. H— H— ; i
] i I I i il i i i
1 " 100 10 =
Specifications — 1¢" Freéfield Microphone Type 4189 (vafid from serial nomber 2455387
2L 510344 Type Designation: VWIIF Max. Sound Pressure Level 152d8 (peak)  Magnetic Field Sensitivity:
Polarizaticn Voltage: 0V (pregolarzad) ERVIRONMENTAL FielB S for 55 Alm, B0 Hz field
Open-circuil Sensitivity (230 He™ T Estimated Leng-tsrm Sizhitity.
S0imiiPa —22 48 £154B r= 1 ¥Fa _:'Pa'au ;t:ﬁﬂ; mm fm"ap““ > 1000 years/dB in dry air at 20 (BE°F)
0® Ingidence Free-Sield Response?: £ T ! = hoursiad in dry 2 a2 15850 [302FT
|DHz o 3kH= =t =8 ‘[ﬂf e iy i 30 to-+ 70 40 yesrsdE i 2t 200 (B8}, 6% RH)
.5z to 20kHE $24E T3 iy 4 158 =1 yearidl n air & 50 | 122FFL o RH)
e x
"“D":LL;'”“H““-' Teruency 2B Wiith Mini-CD; 5 o 50°C (41 o 120°F)  DIMENSIONS
* Temperature Cosfficient (250 Hzl: Diameter with Gréd: 12 2o (2.527)
e Egua zation ":‘_.*"* HE:;TW“E" —0006GEK (-10 %0500, t44 122%F]  Diametsr without Geid: 12,7 ren (0,607)
{2z (E0* phase shifl 3 Pressure Coefficient: —0.0t 924Fs Heighl with Srd: 17 -8mm 15587
Cartridye Capasitance™ 1453t 257 He Orperating Humidsty Range: Height without Grid- 163 mm 64
Equivalent Air Volume: 8§ 22055) oo 0 et sondensaton) N i
Fistanphne C o I_"r'E4E..:’=ﬁ aeith Infiuence of Humedity: Thread for Preamplifier Mounting:
CoO77R 0O0dE e : <0148 7 the absance of condenssiion HEmm—Ea NS
o J'n' i Vibration Sensitfvity (<1090 Hat- 22 5dB
14.&&% 153 eBiLin exivales 3P for |mis? 2z vibratee Mode: Al valees are ypica! 8l 2370 (T344F],
I.Jplp-!ri' H ul[hjlnlmrc 1071 3xP= and E0% RH unless othenwiss

spegifise

C € Qcerliznos with 20C Diveciive

Ordering Information

Y Prepdiarzed Fresefail

Miaroohone

moudes e Billowng acoessones:

« BI-0224 Cafbraton Chan®

» B-E00E Micropmone Nini=o0°

TEDS COMBINATIONS

41524021 2 Free-field Micropnone wim
FPrazmpifsy Tyoe 2671

£120.40% 4Lk FreeFeld Mierophboe with

Hﬂmmtﬁer Typ= 1803

“2v Frea-field Micropnone with

Preampafes Type 26655

Typz418%

4188-B.001 ©

. Sate misaphere seval numoer f re-greerng
talt=alen. date

41000001 % Freefeld Mitropoens with
Presmolifsr Type 2062-C
% Eree-field Misropfone with
Preampifes Type 266L
41EE-W-E03 12t Freedield Micropnone with
Frazmpfifer Type 267 10001
OFTIONRAL ACCERSORIES
Type 860 12 Momphone Fresmpifer
Type 2T Yo DelsTion Praamplfier
ZEM-WE0 S DeleaTion Preareplifier
versenwith LLF < 7 2Hz)
Typs 2280 v D=faTron Preamphfier,
By

e
Type4231  Soimd Caltrztor
Typedi2H Fsmophoe

4138-L-001

Twp=4208  Wuifoncson Scousic
Calitratoe '

OPOTTE Cslibration Agapeor for 40
Meorophomes

UAD023  Slectrosistc Actuatar

Ua-128F et Anp'e Adapicr {acpo, E09)

Ua-0386-  MNese Cone for 120 Miciophone

UASZ3F  Wirlzorsenfor o mricosnong
BT Gameter

U4 Windsoreenfor e micraphone.
00 mim O amatsr

BASIDS  Tne Maomphone Handoook

CALIBRATION SERVICES

4790-241  Asceoited Imbal Calibratos
4180-CAF  Accreaited Caliraton
4180-CFF  Faciory Sedans Caltration

Exi=id Igmr reastves: thie Mgt to chonge: spacificatiams and nctesaories withiul notee
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PRODUCT DATA

DeltaTron” Microphone Preamplifier — Type 2671

E.E.fmTrmf Microphone Fraampiifier Type 2671 anables poil b0 make scowstica messuroments with 2
DaltaTron™ input module, You can tonnect B prapofanzed microphones to the preammiifier The
extersion calbies. The robust compact
WRCTIMENEal cortions

preamplifiar’s low ottout impedance allows
aaskil means mat you can vse Type 2677

LISES

2 Low price, muttichanrsl souml measurzment siups
with 17 ‘Behel & Kjser Prepolarized Condenzer
Mierophorzs

2 Multichanre| signal analysis neasuremsnts

2 Midtichanre | sound powsr measurameTts

2 Irdustrial machinery noise Measurermonts

FEATLIRES
(o= compatible

Falcon Rarge™ prodict

Introducuen

Preamplifier Type Z671 = very compact and operaies over
& wile Tange of temperatore, humidity snd other emviron
rmanbal conililems [ bes s ey Highe et impesdaiies
presenting virtoally no load to the microphone. The low
oufpul mpadance meats that yon can congect |ong eabies
between the preamplifier ani msasumemeant egquljemint

The maly applcation for (e E:Eamptlﬂl—': I in vitzmthan
selups wibh DaliaTron® or I npnt modules sdims 0 s
alspdeshed to make arnnstical measurements, U presenits
a vory pricocoamnpocitive oolution comparod te oosystom
wilh hoth viliraticn and acoistieal g,

Description

DeltaTron® is a wemevic wme lor accslemmeis s and signs|
comlitiamng prodosts fom Briiehl Kjz e 1 dentilles prod-
uets thal speiate oo comstant-cure il pownt supp v and
Blew ontput signals noibhe Torm ool valtage modulation on
thie power suppdy L. Une ol the sdvantoges ol L ssystEm
1% thaab 1t alloie vou (o s exponsive BN coaxial mbiles

This preamplder comverts the DeltaTon™ or 107 pan-
stanb-corrent line debve (CCLOY sapply, wheh must pe be
peern 2 and 20md - incudnal dmAd, o constast 12V

D ksl The output sgnal from e micophone svings
arcnund thiz DO level Since no polaciztion voltags 1savall-

able only prepclarises condenser micoabenes. can be

e free We of o
var 5 wide rangs of

BAE sonnestor for eaty imstalation and use with inexpansive BNC cables
Conimects drectly to D2l@Tron™ socket, and to Brisl & Klar micrephone socaosts with ﬂl:l_apt-ur
Lot putput impedance so that Jong ertension mbles can be used

Supports “smart transducer Interface” [EEEP14E1.4 containitig TEDS (Transckicer Elecronic Data Sheet)

wmiel o The fopadd bopeesla sy ol Tepe ZATL b5 Livecawd] i
LG with the porprise ol maklog, @ highi-pass Dlter @
SO HZ Thik b dons i ordler to competrate Fr e wlilch

ace often missing o the inpol modpes (o e@ample; &
walghitng . Ty 2671 Is alsiavallable o g verslon without

the high4iass filter, which haya flat neponse down o 2Hy,
anedl In & werston wih bolebn A-weighcing, Type: 26560

TEDS

Suprprart o] TEDS memans thal ihe preamplifley can b ised
with the yewly developsl Snan. Tramducer interfaoe ac
cordling: 1o IEFEP 4514 Tre ablliy to. store and recall
TEDS dam drasdcethy meduces teul seup me and alleiws
coat savings in most measement siuatons

Electromagnetic Compatibifity (EMC)

Susceptitliy of the preampldier 1o mdisfeqrency elec
rronmagneEl e radlat on s les The peEamplifler complies
with ihe requirements of EMC direcive BOASEEED The
product s 0 conformiry with the fallowing standards:

EN S0061-1 (LG M - Generlc emission standsed
Hesideilal, commereial and light industry

EN SO062-1 (1802): BB - Gensrde Ummuts standard
Hestedential, commerelal and Ught Lndustrs,
Thee prodict has been tested and fouud to comple with

Briiel & Kjeer ===~
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prEN S0H2- 2 (Aug 1ML ENIC - Ganeric
Ity standard (ot industrlal envircnments (Kaal draf

2 EF lelds from 80 1o ESMH: at a fleld streoglh of 3
and 10V with-an amplitode jpoduladon of B
Tecrromtatly disechorgs, 4 aml 8 kY

-
EN G081 -1 covers, i o . > Transient bursts at 1k
9 Badiared smission. 003 o | GHz = Magnetic Belds-with o steength of 304m at 507
o Conduicted emission, 015 1o 30 MH: 5 Pilse podilated radin frequency Delds, BO0MAz 8t a
prEN BMGE-2 covers, e, the effeos of fiedd strength ol 3Yim and & duty cycle of 509
Eg.—_" FEmlify Fhmce
Tviical frequency and phase respones curve [ eE 1= 250 HIj | DegipesmITCo |
fior PraamplFier Tpe 2571 2 T Ei
&) "-\ e e— hrmilie :
-0z /-F_ﬂ_ -
'
e o S beog
/ —— Frame
—ae et = —t e
I
-zE . . ; -z
- 1235z 3T Ieex bz
=TT

Specifications - DeltaTron Microphone Preamplifier Type 2671

Fra Responoe e 230H
m HkHz 028 -II.'Ii..EdH
20 H= 15 S0 kHz +B24B. -2d8
Lovaser =3Bl limit at « 12Hz
Uppar «0Ed4B limit ot « 5FkHr

Attenumtion -0, 1dBE {typioali

Gair Makching: 200Hz ‘o 10kHL 0148

Phase Linsarity:

FlHz o WkHz <£1°

MHH2 ke ArkHe < <37, +18°
Phass Matdving:

6% at MiHe

28t 100Hz

npat b mee GG | ol

Cllﬁl‘p.r! Iri.”'pd:dl.rxn: 50D a

la; Chuepud Currant!:

Ardmd sipply $md (peak)
AU ms wpply, 10mé (peakl

M. Dutpue . Volmge;
TN peak bt «20kHz
Correspanding ol

1d1de SPL tor microphone: senir of. BimiFa

138E SPL hor nmmphum unml;mr[ o SmviPa
T, I:Il:ﬂutj:_u!lw;ll' T2W 22W ovar the ipecified cparoting Temperaiin
gk
Distexrmicn (THO)

4B AL 10y, . ThH:

c—R0dE st 1OV 10EH:
Curput Mo Rats: 26 itgpim b
Nobs:

¥ Awsightad

<15u¥ Lin, ZA Hrte 22 4kH
Start-up Tima: Signol within 07 JE wrhin <103
Power Requirements DlaTion™ supply 2 1o 20ma. Mominal 4mi
Conmacor Tepo: BN wocker ’ ’
Dimenedon 7 1 2T mm = 85mm (O% « 33 (inchading: connecnor)
Thread for Proampshificr Mourting: 11 Zmirm - S0LINE

TRADEMARES
IEP I5 8 rogiserod radomark of FOE Moromie

T: aratuce B ;

Dggwrpa'l.i'ng.- —AD.:?;: +B0C LA ko« TA0EF)

o =25to W TOMG (=137 1o« 128°F)

Humidity. 0 to 00% BH, noncondarsing oc 8140 {104°F)
Sherch Mar. 1l:]|:|lﬁ1

Infkmnos of B 1, B0Hz Mlgnnhn’TmH' M Ay

Nisto; the | mm hekeon the dds ot Taps 5671 1 for acovirtic wantilation
ard s ree ba bilackad

Tha data shovs ars walid for dmld sipply sable lergth « d8m and
mensphane capadtance = 12pF inles othansis ﬂ'._\ﬂ“‘h‘l

( E Cenphancs with EME Dirscoes

Ordlering Infarmation

BNC to BNC coaxial cablez

A0 12 (A2
AD 0142 A (BAFL)
A0 QUL E) m (22
BHC 1= BNEC dadbls srsanmd cabiles
A4 29 1.2m 35
L !Dmlt:gﬂ
A0D04z? Nkm (A28
:q-lbfn bng‘l.hn an TEquent
Parfabls Triped. Induum. Mommiing Sdapror LUAORY
and o Ext
o i@ %h‘t Aaghﬁlrlpod
LA ChHES unting Sdaptor
Porarir Suppl
i:-l-lp [ mmL.m: current liam mcrophons sachat
I3 Browl b Kjms T-pinto BNC
WEB 121 LEMC o BNC

Briatis Kjzer resenss the ngiht to clange gesclfoations and acsssorles without notics

AEADFIARTERS. CAL-2ASE Fos i - D © Todwpihiniin AR FIBE000 - Po! &00 ST S0 - wrwe Bbhoo i - Salhbavaiini
AElrasE H‘h,; HB‘ENH .MI.HM -0 1R TAO0 - Bk ET T "1Ei-»'1>ﬂl! "hmcbl ERFTAIESE0IG

i = 00] 16 PRagnia |ﬂ.;£_. 11 Firiae:

T 'I-III1-12 ”'H l.'I- H:n" !MIJL'-F."JJ I'rf Mgy § }
iy ¥ e T2 5 3R Hﬂll]ﬁ-n"ml B e

B0y |1I"H 1'1E!| e L ] |+E'II'I"|1 11‘-153 =l-1mlg

nrmrl? T EHTT T
.-saau P (30 RET A0S
--!'I#'l!-Eﬁ-E-'H
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PRODUCT DATA

Sound Sources for Building Acoustics: OmniPower™ Sound Source — Type 4292
OmniSource™ Sound Source — Type 4295, Tapping Machine — Type 3207,
and Powsr Amplifiers — Type 2734-A and 2734-B

For praper Diiding ocouslics measurements, a spumd
soures which fuiilie e relsvant signdlancs (o
axampls 150 140) iz reguirsed. Briel & Kjeer offers a
compete range of sound 2ol cae for bullding scoustics
TIegsLTEmeTis, Incuding Tepping Machine Type 3207
sihgle-speaksr omnidiecional DmiiSoures™ Tyoe
4285 and T1Z-gpeasier ommidirechions CrmniBower™
Tyoe 4292 Bower Amplifier Type 2734 can onve bath
DimniFowsr and Omnisourse, Ootiomal carrving cases
for the: sopna seurces are myaiable, 65 well as wirsless
control svsfems for des with Hand-held Anglyzer Tipe
Z280 an hive dual channe! Typs 227

@ -
U

£y

1

ST

Uz=s and Features

Lzes
« architectural and buildmg acoustics
* Messurement of;

— Ejrpome sound insdlaton

— Raverberation fime

— Imgact sourd |evs

145

Features

* Part of a comp'ete building scoustics system
Testuring Brield Kiers Hend-held Snalyzer Type
2250 or 2270

* Two onnidirectional noiss sources

* Tagpgping rreachine for maact sound levsl
MEBSUFEMENE

« Femoie operslion via cabls o wirsiess remoie
CoOritrol

* Satizfies natiors| and inlemational sandands

* Fobust

« Cazly porable

Briel & Kjeer <8~



Introduction

Architectral and bulding sconstic mermraments Tegmrs a raxes of noize womces for sxrboms
nolsE mmd mpaEct Boise TEnInIETion measureents

Faor aoboime noize [MANGINISIIC MIe3TUFEMEnts: an ommudirecional tound onrce 1n pssded
Hrel EKj=r 6fers twe smliaions OmmPows Smmd Soturce Trpe 4291 mnd OninSoures
Sound Sowre Trpe 4205

For mpactsommd mezzurement= Briel & Kz effier: Tappme Machine Type 3207, a robast and
portable device that fulfily matiomal and intemational sandards.

The=a svund souress frm, 3 oot of 3 complets: Mestirpment syrter slon= with a drivind
amplidie: (for swampls Typs 2734-A w 2734-B), 2 somd level analvzer (for example, Tvps
1350 or 2270). and 2 PC with Buldine A raostie amabysis and repartme software.

Britel & Kjmr supplies all of these ttems and 3 mauge of canmymg casss for storage and
mEmEportaton

Product Linve:

o DmmPovesr Trpe 4202, 13sseaker ush-power ommdu=chonz! zound romce

CmmiSource Type 4289 lighrweszht smela-pezker ommidirectoma) sonnd somee

Tappinz Machine Type 3207

+ Powsr Amplifer Tope 27344 or 1734 B, ammiifiers for diving sound sowrees

« Flisht Caza KE44% aud Carrvins Cases KED364 and EF.0397 for packing and travsport-
InE sgifipToent

+ Cables snd Wireless Rempote Control 2ceesiomes

+ Baftery Kt TT&-1477 for Type 3207

Omnidirectional Sound Sources

Fig. 1
CormiFovesr Do
Sowme Thyps 4298

For mest building sconetic: measmrements, the sommd somree must radiate sound evenly =11
directions to gove wEpedneibie and wehishle results; therefone, the relevant buldding arowines
meamtenats srandards (150 140 and 150:2382) 1eqgmrs the we of m comidirectenal seand
comvE

OmniPowsr Sound Source Type 4292
CmniFower fmmduectional Sound Seurce Type 2192

(zee Fiz 1) tmes 3 clustar of 12 lomdspeakes: m o3
,_ = dodershadral confisuranon that mdistes sound =venly
‘_‘ with -2 :phaics] dimbutien Al 12 spsaken =

comnected moa zeziez-paraliel network fo =mmwre bath m-
phaze operzhon s=d m impedanes that matches the
power smplifier The entue assembly weishs leos than
[4ks and 1= fitted with a comvanient liftime bandlas thist
doe: not mesniably misrers wnh the souns Gaid,

il

Powiered by Power Amplifier Tepe 27344 of 2734-B. the Somnd Somes can defrer a
manmin sl powez of 12248 1= DpW (100-3130Hz). The hizh power output of Tep2
4792 mzk=s it ideal for sound msulston mes smremsits

Typa 1797 1atiafias the requrements of DI 52210, 180 140 2nd 150 3382 stamdarde {122 Fie 2
throngh Fig 9} Iz dinechional sesponse for the borreonmal plane :s chownm Fig 6
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Fig. 2
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Wl g 1“'\-! L3 mctind Repoee Teoms 02T Phinwsd 1wl Rsipoies
Type 4280 s diiechonal (il L e o

o

i Thite —
It -
- Hifi g’
1= -
LS A
or ..'T':“-dl
<
. 0 £ ] N
; . b ¥ -
F & - '.rh_ = .J'\.l.___:‘r
st XmANET e T
The cR i) T

{]mirl!ﬁmlt:ﬂ Sound Source Type 4295

Fig. 7 OmniSomes Sound Sowrme Type 4285 {iee Fi=2 75
Dm'n‘&m-ne E“'“:"-' pracents = naw solution o ommdirectistal ound wource
Scarce: Type 4285 dr_l.gn. Type 4297 12 optimised for fhe measwemant of
‘tooIn ECoustis gmantifies such an ﬁmhemhmfunl
wound distribumon and 1patial decay. The patsmad
prnreiple of the OnmiSonre Sound Somee wses z cnels
fhiouzh 7 conical compler te 3 eirenlar confice; and
dezmte TS compact dimesitoms and  low: wesght
Ommomee Type 4267 = 0l capzhls of emrtng-a
saund powsy 6£105d5 = | pW (=== Fiz S and Fin 9),
The s5a. of the o1ifics and-the shape hatee bean caneflly
mzmased o rafizte soumd svenly m a7l dirsctions
Tmm, Tsps 4293 fulfils the natonal @id intemdtiona]
standards for ormmudirsctzonal sonnd somTs: (e Fig 10
and Fisg 11}, Type £183"% dusctional response fov the
pize= throngh the axi i ﬁnﬂmiﬂ'ﬁ; } ird
Fig 8
Hanmum Yp-ocrave lﬁ
St powetievels 1t
for SmniSowTe
Type 4255 gsing o
Fowar Ampifier Tips b —
a8
f
] T T T
e Zzh T
BT
Frg. 8
hiSximum vy -sclave 12
o pover fevels T
for CmmiSowes
Type 4295 using. "
Fower Ampiniar Tres T — = - = ] H
2734
a0 || | || ] - | | - ]
mH = | L L L || o L
2] T — ¥ T T T T T
53 i = R in I ik §s =2
[
i
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Fig 10
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Impact Sound Source

Tapping Machine Type 3207
Tappinx Machine Type- 3307 & sn impact sound pamersior (ree Fip i3], It ean e wmad for

mipEct sound mesnmements fo nzronsl and mEmatonal standerds. The wmit i avaizhle with

an: opomal battery ktand 3 pemoze conmal

Tepe 3207 wres five Tmmme s sach weiphin= 300 =and opaaneye at 2 He dooppine from 5 hedsht
of J0mm. ziving =n opaiztme fEouency of 10Hz This' falfiic national and mtemstonal
standards. The Hammer: a1z cparzted vin tappets ona zimale chaft The shat 1o dioven b2 DC
motor via 2 tpothed belt and gearbox
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Frg. 13
Tanging. Machine
Tipes 3507

Fig. 1&

Azzasicnes e
Tapping Mashns
Bafary Ki

L1477 (aght, and
Wirgjezs Remate
Comira (L4147 (e,
efnh st =iea b
its=d o panira’ the
imtednal gensrshor of
Fosver Amalifior Tyme
T34

The - umit 13 based sround a) welkled
alvmmiam chazsie:. Both 1ze and weeht
have besn munimied for  oeary
transportstion  Three extondable je=:
sapport the it durmes operzhon with
rubber f22t tas ave herghr adpustable with
supplied gEnse: [hit gives smbis and
lezal mountineg donmne  opsration o
accordance with {he televant stendards:

The uwnit iy pows=red v tha sapplied
mains adzptor or thr aptional botters los
[see Fa#. 13}, ind can Be zemotely
switched on and off via cable AD-0533
or Wroeles: Remote Commol Opaom
UA-I476 (e Fiz 141

Mg LR

LEdsge

Power Amplifier Types 27348 amed 2734-8

Fg 15
Top: Tipes P4
and 27380 arz el
irthe rodiust finf csses
Middie: Typs 77344
sheng rontroumied
aontmid sno

compeciors

Bororm Tane I734-8
imcloes wirsress Sudia
Sysam LLAT05E

{1}

=]

I
-
= -
-.
]
(3
R
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Type 1734 1= deuigmed w powes soung soarces
durme  bglding snd  oom acowmme hald
mermmementy. Compact Ezbtweisht and bmlt mto
2 robmt fEaht cace. @is-aary and safe to cmry-and
samipot  too e meangement location Al
counecors angd comrels are on the Dom for easy
ACEBES.

It s umple to pet the ouput isvel mglii and
teprodnce  previousz  setinzs  tming the powa
zmphfier s calivrator contval: and lavel mdicatmrs
For fieabiliy, 1 kas XIE el and BNC imput
zacket and BHE lme snd speaker ot sockes:. &
sty selectmr m 1EE steps allows the
smplifier to 3dapt 1o 8 varieyof source siznsl levelc
znd zomd somee zatmes. Hand-held Anabize: Tvpe
A0’y penaator mzeal can be connected to
tne smplifier fmpot, be provide she pmb or wiists
moize wmed m budiding scowhes

In addmon, Type 2734-B melodes a2 wirelass andio
wvztaid (Fis  2X) te sccommatdate  cable-free
samsmran of the bufdding-acouszaos rest signal
wizcheonld ba white pmk ar band-tmeted neizeor



51
Li

mEpt wide T
coovensent Type 2734-A ¢dn be upmaded to Type 2734-B bvoamteibng optonz! Woalssz
Andio Syatep L0258,

ralese nperatian alss tankes soamrre and mesmet pamtan slmEes woe

Tvpe 2734 haza bul-mn severatoy providms ponk-or whete notze o e 20— 2000Hz rangs Itoan be
comiralled Sox the fomt pacel. ab writh the opticnsl Waeles: Rencte Contol UA-T478 (e szmie
contrl weed o comtnl Tappee Machme Type 2207, Fg 14} Tamamitsr UA-1276 has 3 pubkey

for marmal cmtrol. and 3 eable comnection for automatie sontol from sn Fmalyzer

Cases
Canying Case KE-0F22
Fg 16 S ourcas Sound Soaree Trpe 4287 has an
cﬁ;”'-&{é"aw Lass optmzl rustom-disiznad canymg caseawith
= shonder =tap, ES0397 (zee Fiz 160 for
3wy ierage and tEhspodation. The cs=s o
foom fimed - and pronndes mpact profecton
for the OmnSomes mnde
NIRRT
Flight Case KE0449
An aptional manspottation and storage exe, KE-49 31 avaiizbls for DmmPawer Soumd Seroce
Trpe 3257 (m=me Fr= 17, lafi). Tt o covtom denpned. feammres 7 foan Imme io protec Trpe 4292
and his furo handles for ez of camizgs.
Carrying. Case KE-0364
Forthe OtmnPovwer mped, Carvme Caza KE-L364 (ze Fig. .7 nizlt) iz eompped wh both =
shonldsr smap and andles
f;g ir
i Gae
KE-D445 Vff]
snd Camwng Caze
FEO2E4 mghts

=4
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Complete Systems

Darn 48 M mreerioien, e omrae
g 1w oTeien SyEimm
Fowar Argiber Typa 704
A 230 O Fower TIITT
MRS S
e | 0| = ¥
m e te _-;-,_'._!_

T g Naers S 2

The spumé ~dnrees menhoned zbave Belooe to a rmeee of -camplete’ Mitacurament sy=tcms from
Bruel & Eizr moludine powss amplifers, sovmnd-leve! analyzers. and FC-sofrware foranalvmne
demmmenhng remulis

Fig. 13 Sound swvmes sl mureless remote Sordml opfions

AT FT AT vinpee
4357 DovnlF pever ar 3096 Smr oo LR H

UA- 140 'l ralan
Rempie Cankral Foves rplifar T IT34-2 TN
Nasalyar Nmm&ﬂhlw&w.lr
farTapnplrg Hzching
2 _'-‘ rl,
e : ® . 08 . ﬂ—u

Eriinl v Macking WA VATE Winslam Farocts Contrad . -
il ‘Frecabees for Typa 2424 L= 147E Remas Sofitmol Wismas
e T e iy

Hand-held Analyzer Types 2250 and 2270

g 20
Hand-ireld Analizer
Tpss 2250 sng 227

Trpex 2250 and 2270 e rebant, hand-haid
mstnmient platforme desizned to bost 2
wids mnge of semnd amd sdhiation
mezsurnment appEcations. Their wmeés famge
from azsestmz environmentst and workplaze
nozse to indushial qualinr contrel s product
developrizant

Eazy to wmze thelr robmt. lignt and
srgonomic denign make them eany to zmp
hold and sperstzvmth aps hand TLE: hioh-
zesohmtion eotowr torch scrsens chew the
[ErTImENt setun, ctaty and data as s zlance,
and tedvon salact what vou want fo s3e with
the @p i 3 sivlos The “waffic X
mdiegfor positicned cemtrally an the peb baitoe pane! shows wou the surrent meas §
stamee. pven from adistimee
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The hand-held analyzars are bwle for the tongh snvionment of Geld measuwements. They will
watk t=lably s ram dust, heat. frost, day or mzht and ezm b= placed an & miped

o1 decumentatiom vou can add speken or written comments fo vour meztmrements, and make
sound reearding dirmme zv of the mezsmenenr. (Noss thet sound recordme requues Sound

Eecordimg Opaes BZ-7325)

Tope 2250 2 2 anzle<hannel smalyzes. wlule Tope 2270 15 dual<channel and has additiomat

featres such a:-2 bnlt-m camesz zllowme vou to attach phote: fo yowr merwrsment= and =

LAN mi=fzrs

The high precemon band-held analyzass offer-a wids ranze of optrenal wofrwase applcation
madules. inelndins promment applicstions meh = Baveemtion Time Software and Bmidine

Aeouztios Befware.

Reverberation Time and Building Acousiics

Fig. 3
Revarteistion Time

measwed usng e
ImETmed s
mithod

fig. 22
Feverfierafinn fime

afrun (el
Faustberanon oscay
cures eenires; snd
Cheerviaw of mauls
frigi]

Reverberation Tims

Reverberation time iz an urparmant featme of spaces where sound level, the mrelliztilony of
speech ar perzeption of W it popartent 01 i e e thet of fakes for a wommd te decsy by
80 dB; Uinually, the time taben for the ztonz] to drop 20 20 30 4B 15 messioes aud sxtrapalziad o
find the time that 3t would take the smpual to dissipate by 60 dB
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Hersrheration fme 1 measured. usine an memilis o
an mismmopted nnize 3t s=veral poufiom whicl e

thon averazed rogethar.

To mezmr: everbesstion bms. mmply pres: the
Start/Panse push buttom on the hand-held - anslyza
and 1f von are msmg mapulte excibtion burst the
Talloon

A wailpw “smilay’ onindicatss that vou may be zhla
to improve the Diesmwrament 2t ons {6 more) Hequen-
cy'bands, 3 1ed wmlev indicates that the megmremens
zhonld be rataken. Tap the malevant snuley dcen to
read the explzmation.
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L
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Fig 23

Zewnrd smieE =ed
mipTEhone posiing
for ressymg aifime
o fsulsfian

L4 = Dowitce roomies!
LE = Fecening mom
e

BE = Backgroum izvs!
T2 = Feparharshon
Tims

Fig. 14

Ezzrpies of budang
IMESILFEMENIS GIg
Ty ISR

Builcing Acoastica

Budding acowitmss 13 the sszeemment of subome, fcada or tupact sound mrvulaton o butddmes
The zesemmpent v based sumeaswed |l -ootave or [ 3-pofave spesda within the 50 - 5000 He
range. Meammrdment: msv be z=ima (one freguency bBaml st = towmed or pamalial (all bamds

wmnltanam i)

Airhorne Bound Insuiatian

Fig 23 shows 3 fypical auboime mik 2efup nine 2 loudipeakey (enuttme pink poisel and 3
number 28 memoplocs ot te measurs the averaps somee yoom speetrom L1, ond the

averdgs recalvins room cpectninn L2 The averzse backzround notse spectam 37 15 meztured

e versy the tus L2 spectrum - The average secerberatnon tme specswm T2 15 measured, o

zowect fo7 the ameimt of absgrphon o e recering soom. Tinally the angle munber pesnlt (i
=rample Dyl b vadoulied fvm Gie L1 B2 B2 end T2 specuns aml e devull can o De
compared with the mummuom reguireszents stared 1o the bulding regulanons

Bauroe Soory Paison EECSNE Rows

The sommd leve! depeuds on the postian m the rooms, sosFraz] mreropliones posmons are wsad
b ety dne oy sy ol e somree ppoa Tecel TL he g emape ol il rscey g pog Je =l T2
and the sverase of the beclipround lsze level B The avaraze reverhsiation fime T2 o ale
misarured nzmzs sevaral pasttions.

Emumples pf mesarrements and r==alt sr= shownm Fig 24

Faceis Sound (nsukaiog
Farade sound twmilzton 45 3 variant of suberie senmd noulstion, with ty ewn sandards The
“smiree Tanm. it the wpare autids the fapade. ond the smtd wviiies eay be raad, ez or=

|pudspeaker veprecanting sutdoor noms, When uans waffic noise, the indoor and ourdoor somed
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levels must he mazsured :m:is:._E!:lu:J}', FEUITINE duzt-rhanue]l magsrements {Twp= l:'_'?_ﬂ-j
D.'I-E outdoer m.i.l:'mpghﬂ:].&_pn:iimm arz flush wath the f:g::l:ie, ar3m m font of 1. Caleulstions
are zmilsr o those of aobome somnd imsulzgon, but ke the pressme Hicresse -af the

‘misrophons posttiont mis accoumt

Impact Sownd Inawdstion

Imipart sound 1 typically ecaused by feotsteps cand fo meawmos tmpact soond moulabion s
standardined nopact scund tourcs (Bppins machime) 15 placed 1o the zoures toom. T ke feceiving
Torm level: zoe meanimed 31 for aberme sound insulation. with several posibions of the trppms
mazhins Caloulaians are hiks thosa for amhmme sound insalation. sxcept (= respls rapres=m

-abzohste (not relativs) favels

PUILSE Reflex™ Building Acoustics Type 8780

TULSE Eefiex Bmldine Aconstics Type 578015 the software packsze for pos-procesng and
TepOoTTnE of bmlding acoustics measrements made with Type 22502270 1t 23 the first modula
n fha PULSE Arshitectinal Aeonstics Snme qwhich will, i the frme, morids 2 mumber of
‘apptcatons for all vour needs Messured ditz can be dimctly imparted from Type 22302270
mte Typa 8780 for viowmg, fwther amalymizme-anmalyts and meparting of dats. In addion to
baine a post-processme toel, Type E7BO allows vou m contel Type 235002270 softwrme
uperadas and Beentings of the Tepe 225002270 applications

B o — B .
I s bl oim el oy e 1L
o e PULSE -
" il b L] ST |
A v B o — o — - —
T E - W g S e - o
s e e
— -
= = ¥
- i
e
= |
- i !
-y - - = 4
=
—
-
=
[
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= = R
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Cuualifier™ Types 7830 and 7831

Fig 6

B0 mdtigperirs,
showg reverberahon
dEcay Curves:
daplayed with Tpe
TESU Guaiffisr soffvesr

Qualifier Trpe 7830 = a "l’iu;ipwz.—mn:pmﬁ:lia PO

= wee A A
L | - ProETEIA that takes datz from the h'“:i.x.r!;:' BT
! "| software ind laty you store, viEw; modify sxpmt amd
S T eS| | =mpoit vowr measmemesnt:  When  ovpecims  the

o —'—'\ Er . e | pEverbepanon desay curver wvou can graphecally zdmer

> AR Pt 2| the sdope Hne or momusily key modits Revetherstion
[ i =, darys can bé dinplaved & ID mulispecirz podidine &
k e - complots  ovemvisw of the fequency  dependent
R T ik N _ revechepation curves
L - W= o —
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Eeverharation tnie messurements m be averasad m twio wavs b
+  FuEmamngof teverbeisnon tmes (120 and T30}
*  Evemging of decay cwvss (emvemhle avstppms)

Quabifier Light Tpe 7531 13 like Typ= 7830, but for myerberation tms only (marches BI-7107)

Sound Intensity Software BZ-7205

Fig 7

Llapging the soime!
reduction o firkd
sahages befwesn
atwcho -=mt conho’
oM

Fig. 28

THoE =083 Imveshipaiar

cimpiay screen
st the 7, o, 0
aprface dinplay

Bmldinz scoustic spplications wuch 2: rednetion mdices and
leaksze detection benefit enommom by fiom fhe sotmd infennity
mezzurement-techmgue, uzmg Type X260 Imrestizator with
somnd ntemiry ki and Intewsity Softeeos BZ-7205, 25 am
Altwmstive to 1 smond presture-biced mestmremont of the
apparext tound noilshon méex & for & grven parttion

Thiz mearorsment mathod allows the comacted imianmty sound
sedurnion. mdex. By to be measmed This gne=: exta
infrrmztion repmdins the cantnbution of vaioms fankme and
feaksze tanomnizsions: Ins taditicns] sermd pEEﬁ&u.:—'.l-'EBaed
mrezTurEmant WO 2t 3T apparaut zaand wsulatron mdex £
which toles avery trpe of transmistion it accoumt. Hoiwrave,
traditongl meszmement camoet dentifr mdiedial bamemitsion pates But wih tos
application vou can choots specifie demls of any particvilar segment of any given pattion oy
mrfere If 3 compound partisicn 15t be smdisd (for exaniple. 2 wall contaznms 3 window die
respeciTe comesied mbensity sowpd tedusnon mdex; . for both the wall moaresgl and fie
windewy can be found.

The ainglenimber weighted and commeeted: mrtwmcity
soumd 1eduction mdsx, Ry, b= mtomateaily caleulated
for aach segmiewtand for the s fiace as 2 whels

To create a zound ficld on ane sida of the wall (m the
somrce Topm), vou can mse the mtemal white pome
;_mumxsj-h Tapz 2164, or the gepsratar butlt mio
Power Axplifier Trpa 273, tozether with Type 2734
and CmmiPower Soumd Soumes Type 2281
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Specifications — OmniPower Sound Souree Type 4292

STANDARDE

Confores o e fEowing
1500 143

i ae e

ENEIZHD

MNOMINAL IMPEDANCE
(ij]

POAWER HARDLUING

F00W continuees broadbantd

1000 W zhor durstion [doby ovsie 10, an dme =)
OFERATING FREGQUENCY RANGE
SU-BE00Hz (13-ootowe band contre fresueniies)
CONMECTHIN

Four-pn Medrik® Spesien® sockel prE 1+ w0 1-

SOUND POWER LEVEL

(Wit Poawer Amglifier Type 2724, omdge configeaton; sy cycle
42 120 -1 50+ pink-~oiza signall

Broadband: f22dE re 1 pW

Spectral: Win, 102 dEN @W = each 1P-octave band

TRIPZD )

fdlustabe o ge 3 soeaker haght of Belween 131 and 207 om
FLDOR MOUNTING

rybber feer prowides for foor roolreng

HMAMETER

Speaker Enclosure: 38om (15.357)

WEIGHT
Speaker Enclosure: 13757 (3023
Triped: 23 kg 5,152

Specifications — OmniSource Sound Source Type 4295

STANDARDE

Confores o e fEowing

150 1453

i ae o]

EEIZHD

IS0 14257 {Drafy

OPERATING FREQUENCY RANGE
B0-B3Hz

NOMINAL IMPEDANCE

5

POWVER HANDLING
SOV oonEnnus

SOUND POWER LEVEL
(with Prower 4mpifer Type T2 o ITTHE BI-0300HE
peEacize sgnal)

Sroadband:; 105dE = 190

Spectral: Win, BESE o =ach 1E-ocoive band
COMNECTION

Four-per Neuirk® Speakor® soduss pins * ¢ ans 1-
TRIPCD THREADS [LARGE TYPE]

Une = rear enst ors below cemme o graey
CARRYING CASE

Myloe wiih pacded inay, adiustsbie camying shap
MECHANICAL SPECIFICATIONS

Materiat Dense poyueians pasic panted black
Dimenstons: @145« S0 mm (06,7 « 227

Weight 3558 [T Tl

Compliance with Environmental Stardards for Types 4292 and 4285

Tempesature e SIaGE-2—F & [ECE005E—2-2 Enwonmens Testog. Ool2 aod Dy Heat
Cperating Terper=rs <0 o <2070 (41 & 1F
Storege Terperaise —25 b «T0°C =13 10 158°F)
ECBITGEE-2-12: Cliange of Temperalure: —10 o 4255 |2 cyoies, 1H0iman)

Hurmichty ELSA—-2-78: Dwnp Heat: B35 A fnu"-mde“sﬂg = 470 (HHEER)

Mechanmical Men-operating

FECBHNE-2 -5 Viation, G.qufi.‘-ﬂa’ 10-E04e
B BID6E—2-17" Stoca. 1000mis®
[EG 0006220 Bung: 1000 bumps @ A5Emist

-
o



Specifications — Tapping Machine Typs 3207

STANDARDS

=0 140

EOT

DiNEZZTD

BS5821

ASTHME4Z2

HAMMERS .

Frm in lins 100 mm betwesn cacly hammes:sogle hammer weigh
Bo=1lg

[WPACT FRECREERCY

Ezch hammer coersies at 2 Hz tapping freguency i nit s
10:2.5H=

WPACT DYNAMICS
Ezunalers f=e-Rll height of hammoers- 20 men, =itz diop below
imp==) plane =least 4 me

REMOTE CFERATICON

Socket: LEMT 4-pcle

Fin 1: VLS N

Pin' 2 Power: supply for 2wtemal wnit- mas. MVEC, 14

Fin 3: For "0 <50 [TTL-Level]

Pirr 4: For "0m" conmect 42 Fin |

Hemgsing: Shigs

REMOTE CPERATICN WIRELESS CONTROL KIT UA-1476
{OFTIONAL)
Operating Frequency
Transmitber Lingt:

— Conaectr LEMD-zoaxis’ socket

- C=ve pne ~ONDC for "on®: Cutss ring TV DD
—Bateies 2w ARALRIE Wiz 1.5Y

£33 TN

—Dimensions 18552~ 16.5mm (4,132 25 073
— Weght Blg
Receiver Uit

Connestne LERID 4nale phey with eslbiz

Foer detalls of pin conreciions see "Remote Cpemton”

— Power =upohy: From the: mmiks cartmd sozhet
—Climssions: 25 < 40 M (255 1871« IZI'='3“

—Wizgnt 20

BATTERY WIT WA-ETT (GPTIONAL)

Mounfing Pesition: memally inounit housing

Battery Life: 1.5 howi=

Battery Type: Marenance free 12VZ8N Leac Acd bagery
Charger Type Same 25 Mains Adsotor isee Delow)|
Charging Time: 24hours for = ~:tnrn1,ete+gr dzchanges hatheny

OREOFF SWITCH
3 Posdions: f=nrcte. OF On

BAAING ADAPTOR

16:5—=3EV 00, muin. 265°W

Socket LEWY) ooEesl (can @len be used as charging sochet )
Middie Pin: +1005— 28D, Cosee rogs OV

Mams Atdaptor: Nains Fndaszr s S

[D0=2=0Y AQ inpt, 25 26 suip, max 433V

Cpecatng temperatrs mad <°C

Can slo be wsad © chape options talery pack
SUPPORTS

Teseadable and. heioht adustatle fesd
CAMENSICNS

WoH O 2B 375 « 155mm (188 T 48,17
ifzel retEcted)

W oo Ho 05 5000 273 « 25 mm (2225 107 112
izt efanted)

Weight: 11,5kg (25% | vath Msins Adapior
MAINTENANCE REGLAREMENTS

After 24 fr cpesaton or once 3 year (Witshever comes firs!). lubescats
with the-Sippled sewing macine cil accomling toinsucSons

Compliance with Regulations and Environmental Stanclards for Type 3207

(e &

CE-mask indeaios dompdiance witt EMC Tiseetive. Low Vaitage Direckve and Mackinery Deodine
Rermote Sonmed L8-1476 CE-mary means compllznce with SA&TTE Drectws
C-Tich mary mdioates sonmiiance with e EMO requiements o Ausiralis s New Zesand

Safety Iaboratory uss

EMEEC Bi010— 1 ans LL & 1010 1. Salely remirements for elechiz| equprent tor messaremeni, cantmi ans

B Emession

EMIES 81000-2-3 Censic-emission standas Tor fescental, sommenciz snd Ughl-indussiz! smaronmesss
C5PR I Rades gisurbance charagbenstos of infonmason jechnology equapment: -Class B imids

FCO Rules -Part 35 Complies with ihe Imits for a Ciasse B digis devioa

This |20 deylos somplies vl Canssan 1025-007

ENEG FIT-2-2
EMLC Imrrmanity

Genene sendarss — immindy for maussal envirnmsnts )
ENFECET1226; Tiaciicsl squipment for messurement contnl and laboralory wse - BT regulrements
Mote: Tre abowe = anly puaraneed usag accsssorss lsted In s Froduct Data Sheet

[ ECE000E-2~
Temperature

T & |EC S006E—I-I Bwimmormendal tesing. Cokld =od dry beat
Ciperating Terrperstre O o ~20°0 (32 @ 105
Drvane Tempazatie: —J8 4 <7090 =128 1820F)

Hurnidity

B EHAE—2-78! Damp heat #0% R fon-pongensing =2 S0°C [10="F))

i

orHCCEREIng. .
IEC B0085-2-2: Visratan: k3mm Srmis”, 10-50RH=
{ECHI062-2-2T: Shock 500 mic-, & drectons
FECSMAR-2-20 Bume 1000 barps: at 260mis=

Enclosure

FECSI522. Frotiecton provided by sooiesurés 1720

14
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Specifications — Power Amplifler Types 2734-4 and 27348

MAXIMUM CQUTFUT POWER

[TA =25, 1= 0.1% THO|

& I3 EO0 W

B0 330w

b e ZEDW

CONTINUOUS QUTAUT POWER {1kHz 6 0)
Wiih Air Filier: T4 =257 250\

Withaut Air Filter:

- Th=25300 Z30W

—TA =35 170w

IMPUT YOLTAGE

MNominad voltzge @ Sensitivity =
DdE: D3V

—I0EE; 1V

—IidB; 3V

Headmom at momnad npst welisge
Balanoed 5B

Unbalanced & Sensitivity =
OdE. fTdB

—1iCdB: 153

—I0dhB: 1248

Cormmmen. Mode Rejsotion (1 kHz) = 5048
Maximum DT Valtage =25V
INPUT IMPEGANCE

{Hz

— Balzneso: 20RO 1%

— Urbalanosd 10RE 1%

O

— Balarcsg: 206021

— Unalanosd 110kD £1%

DUTPUT VOLTAGE .

Line Cutpul Pesk Yoltage: 0V
Powsr Cutput Peak Voltage: 504
Fowsr Output DT Veltags: 40V

CITTPUT (MPEDANCE (1| kHz)
Line Output {030

Line Output Load: Z00)
Power Omtpot 1008
Pows Output Loac ~203

FREGILENCY RESPONSE (2 Hz—20 kHz)

Lings Owtput =0, —1=3

Power Chutput =163

D2k stisa figus T below

SNR [MAX. POWER 1 kH2N(SILENCE 020 hitz)
Line Output: 10725

Power Chutput: 50 65

THEHK (20 Hz—20 kHz)

Line Output | iHz = —7248

Powar Output 1 -S0W, 408 = 808

SENSITIVITY, ATTESUATION AND GAIN
Sensitivine: —20, —10, 042

Eensitivity Emor (no emor @ 0dB). 0148
Attenuation- -30 22, =16 12 -8 & -5 4 -3
Atenuation Emor {no emor @ DdB) 207 B
Total Gain {Sensifivity = Attanuation = DB
—Amy Inpeet b Lina. Cudpos 16 H1.2:58

—Any Inpet 12 Fowe Cidst 4301 S0468
LENVEL INDICATOR

Trigger Ieueis TE powel Blepa g el

Red LED: «3¢dE

Yoltow LED: (05 (Fower Oummst oip indomise|
Green LED: ~6dE

- =1, Gd2

Hiliz LED: —30dE (Sqgne Presant imoicator|

FAS

Swich COn Heaisink Temperaise: 43°C

L. &t Win Speed 2540 =1 pW

L, it Max Speed 524E e 1pVY

NOISE GEMERATOR

Noize Types: whis pink

Frequency Rangs S0-S000Hz 175 antave Ganos

Crest Factor: 12dB

Perod Time: 22 5=

Third Qetave Spegiral Ermor =0 3dE

Lipe Dutput Viottage (Sensithity = Attenupton = 0 dB) 218V
Swieh CFf: Egulvaient BT in 173 cotaves <S0me 0 50Hz <4m=
@ LkHT

CONMECTORS

Hafanced Inpist Socket Belk® Combo %iS5ype 2pn ana '

ﬁzmmm input Socketr BAC

Unhalanced Line Output Socket: BNHC

Power {Speaker) Dutput Socket: Neurik® d-ole Speaton®™ s
Mams Power Inlst: 120 Gpe

CONTROLS :

Generator Buttam Togding sshesen On ang 08

Generator Slide Switch: Z-sizte White/Pin noize Sensoity zlide
swilzh! 3-shaiz, —20, —14, OdE
Aftenueation Hmzy Hnch: 2s== —EEL
&, 4 -3 -0 -, 008

Mams Power Rocker Switeh Z-pole”

STETUS INDICATORS

Protect indicator: B2 LED. powes cout over-oorresk, ovatmal
::‘.retm: or eng-ienm higr fresuensy

FPower 1N Indloator: Green LED

MANS FOWER
'Juihg:—i&mnr{ﬁ&aF‘amq 2 sY
Manz Votags Range:

~ 230V 200 - 3V

—F 15V 103 - 125
Mans Ranpe: 45-65Hz

Fuse: Wiekmann/Lnisfuse seres 215101 181)

—§ 23 T3 M5AH 250V

—§ 1SV, TE34AH 155y

Mazimum Power Consumption: S50W

MECHANICAL

Yieight {ncluding mains sord in fid)

- Tipe 7344, EIEIE

— Trpe 2734-B: 7.0y

Dimensions W - H . 0 350 . 130 . JEmm 13 2= 127

TRANSMITTER ARG PT ST (GPTIONAL)

ZpecFicaions from manufacier's mchiical cam

RAf Carrier Trequency Rangsi: T charmels ove S50-DESM =
Audio Bandwidth: 23 1o 20000 Hz

THD {typical at rated devintiondd KHzl: <077

SN Rafio. 120065}

FEFD-m-pm: Z0miW maxz {ERF)

24 18 120, % -

l'J.I'AFLDr}IBater:,' § howss, 1.2 NIMH, J100mah Ak 2=
Fedargeable Batery Shrs

— Sz 80 « T35 « S0mr 24 .
~ Mzt wight- DO g (320
RECEIVER AKG SR 450 (OPTROMAL]
Spesficaions from manufactesy = =oimzal =k

= & =
25« 1)
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RF Camef Frequency Ranpes: 7 dhanm=is sesr G028 MiHE Aaidies Cutpuzst Bsigreed M5 and uphaanoed 72 1L Eek

Modulation; FR

Rodio Bandwidth: 35 0 20000H:
THLF at | kHz: <C0.5%
5M Ratios 120dB4)

(4]

balzced, vl owichable io —30 or [dBm

MECHANITAL
Dimensions: 208 « 44 < [BImm (78 = 13 747
Wieight: §7Zg (2.0 lb=)
Fip 1 Freqiesncy Fespansss messwed at 2 (o owlpe! poisetof 200 Wime 80 up o 20 kHz a0 of 200 op o 20kHz
" = )
Ya K
—— i il O3 X |
LR TETRITR T S8 "
1 o H 1 R T T I TR S T ot e

=18+

Surr g

Complisnce with Regulations and Environmental Stondards for Type 2734

(€ @

Coman ingemes compdance wit EMC. Dresve ans Low Volage Tinecie:
C-Tiea mary mdcates comoiansa with the EMT requiemenis of Ausirabz and MNaw Zesls

ENAED81010-1 and tihSIAULT IO 1 Saisty remaremens Lo glontrcal egspmentio measmreman. cantrml
and laberamry use

EMFEC 8 #10-8—4: Generic emrszion standarg for moussal eawronmenis.
C:5°H 2 Rado distrsanes dharactenskos of iminmstion }ie-s}'rﬁjngy equomenl Class A Laws
FZEZ Rules. Pam 1= Complles with the limiz for a Slass A diges o=ece

EMPECB1HI0-8-1 Gersnic SAnsarms - IFmUrsTy Sor rescanta, commensa and get-ndusral enyrcmmens
EMIECRITOD-8-2 Sereris stansars - Invmunity for mdesing emronmemiz.

EMFECH1136-|: Slectnes! sunpmenl for measurerent, conbel s laboralery os= — EWC retursmets
fote 1. The abows i= only cuarsmsed Using accessores mekoed in this Prodest Deta ’

[EC feoRE—2—1 & |ECHI0EE-2-2 Emvvwonmenis Tesng Cold and Doy Heat
Cipsrating Tempamtore 0 86 #3070 (3240 122°F)
Sorage Tempemivee U fo +70°%0 (32 o 158°F)

IEC 82065-2-T2" Damp Heat 8% RH (noo-condzssing at 430 (1M°F]

Men-cperanng

|ECA0RE—2 - Vomnon, 2o 23 v 2minees

IEC 88008-2-17F Bumge 1000 bumps at 10q, 8 mreckons
|EC058E~0-27- Shock. Tia O dirscions

Enciosur=

[BiC 3528 (1230), Frotecton prowidsd by ewosores P20
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Ordenng Information

Type 4292 Orwimmees Sound Souree Type 228521001
Type 4293 CrrmiSouncs Sound Source ’
Typs 3207 Tapoing Machire
mmaimﬂ?mmm Tye: 22Ta- 001
ACCESSORIES INCLUDED WiTH TYFE 3207
To-ladn hhwsac:q:ﬂmr {imain= cable courty decenst) ]
2 Gauges for deop height sgjustment Type I3TRE-00T
01 canstef for mainenssos
OTTIORAL SACCESSORIES
Type 27344 FPowes Amplifier Bz.maiam
Typs JTM4-B Poses Aoipifies with buitan UL-DT58 Wieless ?
Budin Siy=sem
UL AES Wilrelzes, Aa e System
KE-OE32 Canying Case fir Tyoe 4285
|E-Dag e Flight Caze for Typs 4202 He=rein
RED3E4 [Zarying Cassfar Typs 4552 Trpod (U8-18801 i
Lka-ns01 Lgmnweigitt =ripos
ANNAEZ Sz sanle from Hane-held snalyzer o Fower
Arpifer, 10m 322 1]
AZLOGT 15;1:: %l;}ﬁm Fandneld Anayrern BNC. g aony
ABie7a cable fom Type Z7M 16 Types o (P2 TR
456 or equiestent. 10m (322 T) Tood 7831
Type ZES0-F !-l:a:;:?-l"r:en-ﬁrm. rTj.I'_Er_EI 2280 with: Sound WE
L=ws Slede Sotmars BI-TI0D anc
Heyeroaration Tre Sofware BZ-FZTT
Type ZI70-F Hand-hee Anaiyzer Type 2270 with Sound
Lovel Mater Sofware BZ-7227 and. Tntane] snope
Reversaration Trie Sofwars BZ-7IF
Type 22500 Hand-hes Anahzer Type 2250 wily Saund Al resy
Level Meter Sofwars BZ-7220 and Buldng )
FAooustics Sofpware BE-7228 |EA-14TT
Typs 2570-) Hand-h=iz Analyzer Type 22720 with Sourd
L=l Weser Sofare BI-TEI2 and Buldeg
Bogerstios Sofware BL-7228 LRAN4TT
Type: 22701, Hanthers Analvzer Type 2070 witt Sound 2B-005E

(=l MzsEs Sefisgre BZ-7220 amt Tl

HiEsing Aooustics Sysismt

includng Type Z250-), OmnFoser Sound
Soores Type 4202 ang Fower Ampitisr Tppe
A

Subeing Booustos Sys=m

nellidng pe 23700 ComiFoeer Sownd
Smrce Typs 4287 and Power Arnplifisr Type
ITIA

Dugtchame Bunding Acoustizs Sysmem
incusng Type ZETE-K, OrmoiPoner Souns
Source Tine 4700 and Fruer Amplifice Type

27
Buiging Asgusics Mt as par Type 22504001,
or Type 2270-2007, excuding Hand-heg
Aralyzes {for Types 2250 and 2270 users
infEnSng v Upgrade &gl Elllking Aosistics:
rreasUrsrent sysfem)
Cuzl-zhammal Bunldng Aosistics il as per Type
FITET, Ferlniing Type 2070 (e Typ=
2270 uzers imerdng fo upgrase 3 full Juak
cranne! Baiidng Aogustcs messirment

mj i
PLLEE Raflee Bufding Acousties Softwars
Chualifeer FT Sofware for Buidihg Aooustics

fepcETng
ﬂlﬂ.ﬁfm.e;gﬁgfﬂpc Sofwers o eeErteEin
e

Tor funthe nfoom=on, see separate Tmaust D= for the types

OPTIONAL ACCESSORIES FOR TYPE 3207

shasnet Buidng Acoustios Sofwers BZ-7220

161

Fepate Taile connecting Typs 2280
ewvestipan o Type 2007, 1En’1ﬂ:ﬂ #
\Wirsless Remoes Condnd fmoudes A0- 1838
Cabie for Hand-held Anazye Trpes 2260 and
207 ) )

Sattery K

Sepizcennt DatteTy
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Wlsrosan amd Windans e FeginRe=st Tassrmain of Micrgre® CargamRn e nked s g cller chuni 158 Invealigdion, bml’llF’i'&#‘.’ el Smnlsaune
ar Tasesnare: of BrislfXjeer-coond mae Waration MesSoemetd AT + Asuiis asd - So=akae are regEleved Fedeingtdsy of Mecii AJ ¢ IGEF 13 3 reraiee=d

tredemars &4 S48 Cwecoraiien 9 e Lsites Dimieg anx miher manireg

.El'.t'] oy regmree e vighl @ Cnarge srECIfiEion T B0 are e et potoe
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ALTio Powetr Amplifer Type Z716-C 5 5 high-parform-
ancs powesr ampidfier optinysed for sound-and wibrahon
‘appicahions N can be Used a5 8 SENera-pUmioss pawer
armpiifier for slediroscowsiic applicationz

UISES

* [Dnver for oucspeakers, arbificial mouths, eic,
¢ Ceneml-pirpogse-audic power amplifist

*  Power amplifier for audio analyzems

FEATURES

» o Cupu-levet mster

+ Seizpiebia gam

* Two balanced Inputs

* Eazy W install ina 19" mck

PRODUCT DATA

Audio Power Amplifier 108W Sterec — Type 2716-C

ety

Description

Aundio Power Amplifier Type 2716-C bzt two chanuels
thet can be gzzd mdependently o joimtly Sienaly smier
slectromicadlls balanced imputs, Input CFLA and Input
CHB, viz XLE counecions;, Qumput in-sppeox. 300 and
1 palztmeely mdependant of losd

Andie Poveer Amphfer Type 2716-C 19 compact and fits
m 3 18" mek It has e same featmres and protection
oty normeally found anly m legher powersd amplifiers

163

Ciiet Operation

Trpz F716.C uses passove coolng dirmE opemtion which
removes the need for 3 conling fan The lack of 4 coolinz
fan_ 1t makes Type 27160 very mret dunns operation.

Extensive Protection

Power Amphfier Type 2716-C has corowes that protest 1t
a=zmnt short-cirruss. DC, pvethéatmes VHF :and chppise
{ciip mmifer mzy be zwitthed off)

Briel & Kjzer -



Compliance with Standards

( € 0 CEvmt intdioates carplisgnes wiin: EMC Directive and Low Viglage Deective
+ C-Tick sk inde==s oomplianse with the EMC regquiremese of Acstiaiz amd Mew Zedland
Safety BHNECEIRE Auta wides and seniar elexronic apparatus — Safery Recuirements
EMC Envission | EM 551031, B3 EMI - Froduct famly staooard for awdic, vidse, awdiowisual and entetaining lightng contred
spaEns for professonal-use - Jan | Emission
EMC Imrrunity | ENES103-2 B3 EMC — Prochuet Sy sanane for aufie vides, sudovsual and evensining lightng comtal
apastes fr pofessona! use - Fad 2 mmunity
Tempesaturs |ECEQDRE—I-1 & |ECA0DEE-2-2: Enwionments Testng, Cod and Try Heast:
Cmerating Tempemature: 550 o =40F0 {+41 10 <1HF)
Saorage Tempemature: -25 0 +TFC =15 +1387F)
Hurmirddy |ECE0085-2—3: Damp Feat B85% AH n-condeessng &t 4550 1THF]
Mechanical Moot
' |ECECHG8-2-0: Veoraton: 03mm, 20mis® 10-S00H=
|IECEQ0RE—Z-27, Shodk 1000mis— .
|ECEODEE-2-20° Bure 1000 buraps.at 23]-11#5-
Enciosur=s |IECA052% Provecion provoed by engosures: IFZD

Specifications — Audio Power Amplifier Type 2716.C

MAXPALUM OUTREUT POWER?

Load BA @ 1kHz and 1% THD
B0 steren i
A0y steren EawW
200 Stersn’ 200'W
203 bridgead SIOW
401 bridged 400w
SPEAKER PROTECTION

Shartcrealt D0 VHE 3 therma prosection
|= grovided

FREQUENCY RESPONSE (85, 1W)
20Hz — 20kHr +0, —1d6.

INPUTE AND OUTFUTS
Gain- EidE =18
It Atlenuaior: 0-30c8 = 8dE -0 353

Impedance: 20kn
Common Mode Rejscfion: 50484807 iz
Slew Rate: I5Was

Crutput bmpedance: 00530

Hum and Moiss: Mere than 105dE below
ML P

Channel Separation: TO4B@ 10K
FROMT FANEL

Zzin Controds: IT-chamnels. & and B

Clip Indécatos: 2 rec L=0= fast peak and
slowe TRleass o shomied oulput
Frfection Indicator: 2 yelow LETs, 3070

On Ireclicator: 2 greas L EDs. TC ral voitags
for channed & and 3

REAR iPANEL

Input Connécters: Twa ¥LR-fype. 2-pin
fzmale (pm 2+4) amd 152" ek

Gutput Connectors: Teo Neurik® 2om,
Spesion™ zocksis

Limk: St=rso - Lnk/Brdge & + B

Clip Limiter; QoA

FOWER REQUIREMENTS

Voltage Selector: 230V 115
GIMENSIONS

WaeH =423 44 - 220 om

(15 17 s N Indhes)

= heat stk or 12K at ful power f"'_E'“]"_',T!:ﬁ
calians e £ 3590 A=, armns Prosent Indicator: = geen LEDs, 2o ar | oFg (34
gl W 2T 21 Al gt
Ordering Information
Type STTELC00t Audio poser amplifier (no Type 2TE6-D - Audio Powes Ampifierwith  OPTIONAL ACCESSORIES
Faessaries] the fcllowing Sccessonies).  AQ-DI2 Sridgng cabls
2. WL-$3M NG = R =shls, i
2 WL-I3I5 I Bananz to Soeakon®
csable Sm

TRADEMARKE

Mool ard Eseakon gre ssgabeced iazsmechks of Reumin AD

Srbe & lgmr resarves the fight o change soecificalioss 3nd sccesiaces wanbul motics

HEAZQUUNTTERS. (0050 Uarun- (s
Fam: 1400 A0 u-um:uﬂn:-

Tila e, A ARIN 85051
Bl

Ausrmn {81 | 29525 8AEE l\...ll.li-li_. BEE I 'E.'h:'i|,+h"_|1l :Tmm

i { '|L‘E!I"9‘§BB

'."l.uu:llr l]'.'.-' L1

Fhinsg ST F’Hlli Vi
Horry ke '}" TG ?
fully (r IR P 'II- iTEREETT
Pt o 0 o Sy (riT T
Prtuga 5*5-.:14I{.‘J

o

Thawtil ja

L i bas TTETE @ e TG R R e el

J.',\r\iﬂ?-'a..l'x

-g:r.'-h*sa.uﬁ -u.u.mnmnu‘nrm

s ol K [+2213 LATR 06T

LT T oy L)

.wmnpei'mmsr* 5‘"“'&#“@"‘"‘ Sdandirin
1l

Sl B
S0 - G
S i ek -ﬁ'u i A e e
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®

Sound Calibrator Type 4231 {2 o handy, portabls sound
source for calibration of sound fevsl melers and ather
sourd measgrEment sguipment. The calbrator /s vary
robust artd shahle ahd conforme fo ENAET 80945 Clase
LS moa Class 1, and ANS! 3T.40-1984

PRODUCT DATA

Sound Calibrator — Type 4231

mart

USES AND FEATURES

LISES

* Calibration of zound ieve meters and offier sound
measusEment squipmment

FEATURES

* Conforms to ENIET 80942-{2003) Class LS end
Class 1, and AN5| Z1.20- 1562

« Robusi, pocket-zizsd design with highly stable level
ahd frecuency.

* Cahbrafion scouracy = 0.2dB

* 4 gBSFL or 11448 SPL for cabloration in noy
BN IMEn:s

165

Extremeiy small mflusnce of static pressurs and
temperailre

Sound presasure independent of microphone
equvalent yolume

1 kHz calibration frequency for carrest califiration
level Independent of welghting networks

Fits Brie! ARjer 1" and 127 micreghones (114" and
118~ microphiones with adaptor)

Switehes off sutomaltically when removed fram the
mEcrophons
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Sound Calibrator Type 4231

Fig.1
Cross-secfion! wew of
Zound Calbeator Tioe
4231, The feca-bach
boop s based on a
High-puaity condenaer
mmplions i Ensues
= very sEbE scnd
rEIEEE el

Sound Cabbratar Type £231 &1 = pocket-zized. battesy spersted soumd sowee for guck and
direct calibration of soumd lesal mefess and other sound Megsurne systems It fis Bitel £ Ej=r
1" mcrophonss mmd unng the rameiable adsptor, 127 ouctophones With optional adsp

it can be wed for 147 aud 187 microphones 22 well

The cabibmation fequancy 1 1060 Hz (tha refersnce frequency for the stamdardized intsmational
wetshting metworks), so the sams calibraticiivalue 17 obtained far 2] weightme netwrorks {4
B.LC.D aud Tinem) The calibsasion pressuve of 94 <0248 =20 pFa s equalto 1 Pa e I N
m*, The =20 dB level step mvez 11448 SFL, which i» convenisnt for eabthration m noisy
snvirgmmnents, or for checking Imearity

The dengn of Tope 4231 10 bazed om 3 feed-back mranzesiant fo-snmure 3 highly :mbls sound

mprezsure levzl and eaze of uze: The fa=d-back loop uzes 2 condsnner mecrophones {222 Fig 13,

which 11 specisliy developed for this popose.

This mucrophons 1= opti-
mized o hate extremaly
bigh sability and inde
pendence of varstions in
siEne prestuns And En-
peraturs aromnd the | EHz
calthiation frequency, The
veudt cof s 3 3 moer-
fendly ezlibrator whese'
exact fimng of the oucro-
phiene it pon snnczl @nd
the effeciz of chianzes in
temperanme  and  STELC
prezsure e neslizhie

[T PR PSP p—

[ L .

T A

Tee caltbraimr mives 3 confnmous sound presmus level
when firted on 2 nucrophone (zee Fig 3 and actvatad

The zepsinaty of the zound mmezsunng equpment czn
then be adputed wml i indicates the comect sound met-

moe fevel

The calibrator 1z sutomatiesliv switched off when remcvad
from the mucrophons.

A lesther protechms case, wiuch: doss nov.need to ba
Temored to tse the calibrator. 1 supplisd
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Compliance with Standards

e ©

Co-mark nidizates comoiance witnr EMI Drecne ano Low Voltage Drecdive
C-Tigh mark Indizales compiance wis he EMC mqurerments of Australis snd New Zealard.

Safery

ENBEZ1010-1 Zafety requremens for sscinical spupmen for measurement, comnol ang aboratoy use
ARSEUL 810101 Safeny requirements for secinicz equipment for measuremen. conired znd BEoraiony use

EMIC Emission

ENAES FIT00-B-3 Sonénc smission sandad for regdesdial, eommer=al ans foht msussial smuionmants
ENIEC T D0H-6—4, Geneno emizsan stendss for incusins smeronmens,

CiEPRIY Radis cshorbanios anaractznistes o information: Echeciogy soupment. Tass B Limits.

LT Fuies. Part 15 Complies wih the hmits for 3 Class 3 dighal dece

ENIEC DS Instomenialion Sandz — Beamancustes — Sound Satramm

BMAC Immunity

‘EMIECET000—8—1: Gansne standards — immunity for residental. commenial and light industrial smaronments

ENIEC S10M1-B-2; Genenc s@ndats — mmumity for ngdusins emvecmments

ENNECE132G. Eedire=® spuipmant for measarament, ool and labarsiry use — EMC reqursreniz
ENIEC ADBD: Iretrumentalion S=ndard — Blectmacoustes — Sound Cashrmors.

Waote: The =bave i only gusraniess weing soosszores lizted in fivs Proooct Dats shest

(B ANGEE-2—1 & |ECS0GAE—2-2 Envionmrenial Testng Ooid and Tiny Heat,

Temperature

Ciperatng Tempesaise — 10 10 +50°C (Mo 122°F)
Sworge Tatperatiors 15 w «T0FD =13 o =122

[ECG00G8-0-72 Darp Hsat 00% RH inencondersng #4000 (THAF]]

Mchniaal [ A00RE—1- 7T Shock: 1000

Non-operating . ~
\EC BOME-2-4: Vioezton: O.3mm (10 o 58Hz) Ximis® {56500+

IECBOIBA-0—22 . Bumn: 3000 sumps St400mis

Emciostire

ECAMEIR Frotecion provided &y encioswres. (F 50 wih lesher proteciion case:

Specifications — Soumd Cafibrator Type 4231

STANDARDS SATISFIED
ENMEC 63847 (2033), Sizss-LS ano Class 1) Spund Caibrasss
EHS| 31.45-1882 Fpecfization for Aocusto Cailbraines
LORND PRESSUSE LEVEES
B4.0dB =0.258 {Prinzipal SFL) of
114 0dB =0 248 =20 u"a at refersnce corniditions
FREGUENCY
Thide #01%
SPECIFIED MICRCPHOGNE
S== accoming o IECEI0B4-4
— 1" without adsor
— U2 with-adasaoe UC-0210 (suppted)
—1/4* with adapior E2-0775 | optional
— 1/8" with adapior C2-0774 (apSonal)
EQATVALENT FREE-FIELD LEVEL
{0* incidencz. e Nominal Sound Pressurs Leesi]
-0 16dE Br 12" B! & Wesr Moophonezs. 5== Type 4231 Ussr
Marwal for other rucrochones
ECUIVALENT RANDOM INCIDENCE LEVEL
{re Maminal Souns Fressars Lewsl)
+0.0e8 i 1 1127, 1947 and 118" Briz=t & Wises Microphonets
NOMINAL EFFECTIVE COUFLER VOLUME
*200ern? =t reference conditons

DS TORTION

<%

LEVEL STRBILITY

Short-ferme Better tran 1.020E (s speefed in B2 60047
One Year! Betier than D058 [o=188%]|

Stabilization Time: =S5

HEFERENCE COMNDITHOMS
Temperatire 2300 2350 (73° 25°F)
Pressure. 101 =hP3

Humediity, S0% 5. +15% R
Effeitive Load Volume: 025 o’
EMVIROMMENTAL CONCRTIONS
Pressure- 85 1o 108573

Huméddity: 10 bz 20% 2E [ron-gonosnemg)
Effective Lasd Valume: 010 132m!

INFLUENCE OF ENVIRGNMENTAL COROITIONS [Ty,
Temperatime Coefficient =0 D115 0BT

Pressure Coefficient; +2 . 10" dBAkRa

Humidity Coefficient; 0001 8RS

POWER SUPFLY

Batteries: 2. F2Y IEC Type LS8 AA" =z8)

Lifetirne: Typically 200 hours contineos sperstion with alkaling
patEnes 2 230 (T37F) ’
Eattery Chagle When Type 423 =oos working comtinicimsly, snd
oy sperates witen the On'0F butioe is held in, the catteses should
be reoEced

DIMENSIONS AND WEIGHT

{Wifhout oase]

Height- S0mm (157

Width: 72 (250

Ceptie: T2mm (2:37)

Weight: 1553g 15338 L including battenes

HWaote! Al vakes are typloal al 250 (TTF)L wless messsement
uncertarsy of toleranoe S8 s spscfed Al unceramty values ars
zoecifisd a3l Do (e, sipanded uncetainly using # coverage facior
o 2y

L)
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Ordering Informsation

Typs 423 Sound Calibrate moes e follevmg accessaries: Cptional Accessones

FE-D31T  ieather Case hafieiy
CE-D01F 2 slhsline Bateres Type LRG el
USDME  Adapier for 12 miorcphanes norpeifnd

OF-E3E

Adaptor for 14 miowphomes

Sdaptor for 85 microphooes

Anaplor for Head sag Toise Simuiste Ty Eq*ze
Agaptor for Imtersity Probs Sate Tires

ErC=e N Kimr regarces b Agnl b= change specfcahess aad acoesmeries wimaul pobis

AL SN Rl Naptenr
-h.ld ld1bﬂ.1|?iﬂ.llﬂ?ﬁ. ] TAlE H-1.L‘I-r-5'.'|1| LERERY
Lﬂ"‘ﬁiﬂl

[e 13516 E0-2 Lk el 200 BT RO
Frr.l:u:| l&:ﬁﬁ IEJFW:-Fq ﬁﬁd-mm oD ?‘:E-a?

30% aland i 1 L]

mﬂm i Bﬁg—; ."Em[iﬂthﬂﬁvlhw I#ﬂ' I:IH.I.

5
A BITTARA2 smu; i P42} 5 4EETITUN
Ew.:ﬂ %ﬁ@?n_ ol se 5 Wﬂ}; m“ e

Jrﬂgnm:ul-ﬂ“ﬂ"‘!ﬂ

Linim! prasmmaiies arct Senace argananlies sl
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Reference C
C. Time Domain Test Signal Inputs
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Pa] Time zignal
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Exhibit C1 - 60 dB Steady Sinusoidal Test Signal with no Gaps
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Exhibit C2 - 60 dB Steady Sinusoidal Test Signal with Gaps
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Exhibit C3 - 65 dB Steady Sinusoidal Test Signal with no Gaps
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Exhibit C4 - 65 dB Steady Sinusoidal Test Signal with Gaps
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Exhibit C5 - 70 dB Steady Sinus
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Exhibit C6 - 70 dB Steady Sinus
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Exhibit C7 - 73 dB Steady Sinusoidal Test Signal with no Gaps
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Exhibit C8 - 73 dB Steady Sinusoidal Test Signal with Gaps

173



nal

Pioject Data

Time s

—_—
—
—
—
p———
S
==—
——
e
B
.
—
—
—
]
—
—
=
==
———

1mz2 1016 102 1.024 1028 1.032 ]1 036 1.04 1044 1048 1.082 1.066 108 1.064 1.068+
3

1.008

E E E £

200
<250
-300r

400

-350m

1.004

1]

1]

A
!

H

al
|

LY

i

L

ctDala

i

Time-zanal

Fraje

i

||

I

ATRANA

L

E & £ = £ E E E E .
DDDDDDD

Exhibit C9 - 80 dB Steady Sinusoidal Test Signal with no Gaps
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Exhibit C10 - 80 dB Steady Sinusoidal Test Signal with Gaps
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Pa] Time zignal
Projgct Data

400 " n
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Exhibit C11 - 85 dB Steady Sinusoidal Test Signal with no Gaps
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Exhibit C12 - 85 dB Steady Sinusoidal Test Signal with Gaps
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Exhibit C13 - 90 dB Steady Sinus
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Exhibit C14 - 90 dB Steady Sinusoidal Test Signal with Gaps

176



[Fa] Time signal
Frojsct Data

T ey

| AN

-400m

“800m

18

1 1.004 1008 1m2 1.016 102 1024 .02 1032 i ]1.1]35 1.04 1044 1.048 1.082 1.056 1.08 1,084 1.068
2 2

Exhibit C15 - 94 dB Steady Sinusoidal Test Signal with no Gaps
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Exhibit C16 - 94 dB Steady Sinusoidal Test Signal with Gaps
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