University of Windsor

Scholarship at UWindsor

Electronic Theses and Dissertations Theses, Dissertations, and Major Papers

2010

Calculation of Unsteady Loudness in the Presence of Gaps
Through Application of the Multiple Look Theory

Helen Ule
University of Windsor

Follow this and additional works at: https://scholar.uwindsor.ca/etd

Recommended Citation

Ule, Helen, "Calculation of Unsteady Loudness in the Presence of Gaps Through Application of the
Multiple Look Theory" (2010). Electronic Theses and Dissertations. 469.
https://scholar.uwindsor.ca/etd/469

This online database contains the full-text of PhD dissertations and Masters’ theses of University of Windsor
students from 1954 forward. These documents are made available for personal study and research purposes only,
in accordance with the Canadian Copyright Act and the Creative Commons license—CC BY-NC-ND (Attribution,
Non-Commercial, No Derivative Works). Under this license, works must always be attributed to the copyright holder
(original author), cannot be used for any commercial purposes, and may not be altered. Any other use would
require the permission of the copyright holder. Students may inquire about withdrawing their dissertation and/or
thesis from this database. For additional inquiries, please contact the repository administrator via email
(scholarship@uwindsor.ca) or by telephone at 519-253-3000ext. 3208.


https://scholar.uwindsor.ca/
https://scholar.uwindsor.ca/etd
https://scholar.uwindsor.ca/theses-dissertations-major-papers
https://scholar.uwindsor.ca/etd?utm_source=scholar.uwindsor.ca%2Fetd%2F469&utm_medium=PDF&utm_campaign=PDFCoverPages
https://scholar.uwindsor.ca/etd/469?utm_source=scholar.uwindsor.ca%2Fetd%2F469&utm_medium=PDF&utm_campaign=PDFCoverPages
mailto:scholarship@uwindsor.ca

Calculation of Unsteady Loudness in the Presence of Gaps Through Application of the Multiple
Look Theory

by

Helen Ule

A Dissertation
Submitted to the Faculty of Graduate Studies
through the Department of
Mechanical, Automotive and Materials Engineering
in Partial Fulfillment of the Requirements for the
Degree of Doctor of Philosophy at the
University of Windsor

Windsor, Ontario, Canada
2010

© 2010 Helen Ule



Calculation of Unsteady Loudness in the Presence of Gaps Through Application of the Multiple
Look Theory

by

Helen Ule

APPROVED BY:

Dr. Laura Wilber, External Examiner
Northwestern University

Dr. Nihar Biswas
Department of Civil and Environmental Engineering

Dr. Peter Frise
Department of Mechanical, Automotive and Materials Engineering

Dr. Edwin Tam
Department of Mechanical, Automotive and Materials Engineering

Dr. Colin Novak, Co-Advisor
Department of Mechanical, Automotive and Materials Engineering

Dr. Robert Gaspar, Co-Advisor
Department of Mechanical, Automotive and Materials Engineering

Dr. Thecla Damianakis, Chair of Defense
School of Social Work

September 28, 2010



DECLARATION OF ORIGINALITY

| hereby certify that | am the sole author of this dissertation and that no part of this dissertation
has been published or submitted for publication.

| certify that, to the best of my knowledge, my dissertation does not infringe upon anyone’s
copyright nor violate any proprietary rights and that any ideas, techniques, quotations, or any
other material from the work of other people included in my dissertation, published or
otherwise, are fully acknowledged in accordance with the standard referencing practices.
Furthermore, to the extent that | have included copyrighted material that surpasses the bounds
of fair dealing within the meaning of the Canada Copyright Act, | certify that | have obtained a
written permission from the copyright owner(s) to include such material(s) in my dissertation
and have included copies of such copyright clearances to my appendix.

| declare that this is a true copy of my dissertation, including any final revisions, as approved by
my thesis committee and the Graduate Studies office, and that this dissertation has not been
submitted for a higher degree to any other University or Institution.



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.
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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.
ot Masking sound
o
(2]
E ; Masking sound
g' Masked sound E.-j 1 /
g' Masked sound
g
= P >
v Time

Frequency

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
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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.
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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.
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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”.
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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
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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
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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 0 35 85 g 120

mses

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

65



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.
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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.

L T o

Peak RMS

N\ /

Time (s)

Amplitude

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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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
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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.
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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

that the appropriate correction amplitudes were applied to the correct corresponding gaps.

Illustrated in Figures 19 and 20 are the time domain plots for both the unmodified 90 dB

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 19: Time domain plot for the 90 dB sinusoidal test sound without the modifications of inserted gaps in the
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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
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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 Z8 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 were 29 s5ix ms gaps.
There were 0 seven ms gaps.
There were 0O eight ms gaps.
There were 0O nine ms gaps.
There were O ten ms gaps.
There were 0O Tong gaps.

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

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

| 72.3 96.1| 29.7 95.9

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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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.
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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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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.
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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, “Clickity clack, the train went down the track”, chosen for
its rougher cadence and expected gaps in the signal.
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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.

96



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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B. Technical Data Sheets Detailing the Specifications for the Acquisition Equipment
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SYSTEM DATA

IDA® Hardware Configurations for PULSE
— Types 3560-B, 3560-C, 3560-D and 3560-E

PLLSE™ 15 a versatils, task-onented sound and vibra-
linry wrralysis syslern. 1 provices e piadformn fur o rangs
of PC-based measurement sxlutions from Briel & Kjaer.
A PULSE sysiem consists of a PC with LAN interfacs,
PULSE soffware, Microsof™ Windows™ operating sys-
tem, Microsof® Office. and dafa acguisition frant-snd
hardware. Up fo 10 front-ends can be combined info
one measurement system with more than 300 input
channels.

This System Data describes fthe hardwars evailable for
Data Acguisifion Front-ends Types 3560-8, C, D and E

PLULSE Soffwars as well as PULEE Pocksf Analyzer
Type 3580-L and the PULSE Lite soffwars are ds-
scrbed separafaly

USES AND FEATURES

USES FEATURES

+ Multframe gystems comprising up to 10 front-ends
with gynchronous sampling between front-ends for
real-time measurements on more than 200 channels:
— lype d90l-B 5 nput and 1 oulput channe
— Type 3580-C: 2 modules. Up to 17 ingut andfor
3 generator cutput channsls

— Type 2580-0: 7 modules. Up to 65 input and'or
10 generator cutput channels

— Type A5EN-F A0 mocdules Lp o G8 inpet andlor
16 generator cuiput channels)

+ Signal and system analysis uging all PU_SE
application packages for, or example:
— Time data acquisition
- General noise and vibration measurements
- Basic and advanced acoustics
- Structura Analysis
- Machine Diagnostics
— Electroacoustic testing
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* Dyn-2 input modules with zingle, 180 dB input rangs

* Automatic detection of front-end hardware and

transducers - supports IEEE 1451 4-capabs

transducers with | EUS (Iransducer Electronic

Data Sheet)

Fully conditioned input and sutput channelz for

microphones and accelerometers, charge

transducers, CCLD fransducers and other

transcdurars arfing as wiltage snurees

Full overload detection including cut-of-band

overicad and indication of incorrect canditioning

* LAM interface allows the from-end to be placed close
to the test object and reducas transducer cable
length

* Rugged design for Industral use

* Battery (3560-B, C only)extzmal DT operated
acquigition urit for field uses

* Low-noise ogeration

Briel & Kjsar =i



Introduction

Fig. 1

Cwenview of the
components avaiabls
for use in § PLLSE
System wath LAN
Inferface

Standsrnd
configurations for 3
wadle vanely of
spphicafions are
described in the
PULEE Analyzers &
Solutions” Catalogue
hath printed (BF 0203)
and on wwwbksy com

For information on
PLLSE Pocket
Analyzer Type J360-L,
sec the sepsrais
Froduct Data

(BF 1367}

PULSE 1z a versatile, tazk-oriesnted svstem for noise and vibration analy=is. It provides the

platform for a range of PC-based measuwrement sclutions from Briel & Kj=r.

A PULSE system consists of a PC with LAN imterface, PULSE software, Windows™ 2000,
NP or Windows Vista™, Microsoft®™ Office and IDA% based dzta acquisition front-end hard-
ware, A system can contain moere than 300 input channels locatad m up to 10 front-snds. The
nput’output conditiomng medules perform signzl conditiening and dimitize the tansducer
signals. The IDA® modules available for use m PULSE systems are shown in Fig 1 and listed
Modules can be freely mixed m a single front-end
or in 2 multiframe system Further information on the controller and mput/'output modules s

in the Ordermg Information on page 23

given i Table 1.

Singla Fromt-and |

Rack Mauring WU.0S 16 |
Povarar Supply 2825

Standard Modules for 3550C, D, €
Contraller Modulas |

E
=
7535 TEAT T53IT-A 3C3e 30328
TE39 7539-4 |
r BSHJ-C,D E
ntrallar ulns

1L

?535 T53IB-A |3l:ll|] ELE o)
TE4D TRALA

InputDutput Modules

Inputidutput Modulas

;41 34

KMultipls Fromt-ends

Poravar 010643
BHE Cable
ITEL-B AC-D0ET [1.2m}
ELT
BME T-Connactor
— | 1L01EZ
nat ELT ]
Badtch
| uL-n1a0
Partabiks Powar BMC T-Connacor
Supply ulnn 2827 ALoiEz
FE50-D |
LAN
A% A0-1450 (2mi
| BHE Cabla
Enclosura KE-3I50 |

Porasar Sl.plpl'ym
35E0-E

| Blank
Moduln

iy

| LW4.-1365 | IEE0-B-010 I5E0-E-020
3EE0-B-030 35E0-E-040

—| |—

3EE0-B-110 3560-E-120
| 3EE0-B-130 3560E-140

Q201 959
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Table1 Types and modwes compeising IPULSE front-snd's

] Frequanoy Simutta neous .
Type Prodwat Mams Range | |Aus. Channeic P -:or-nucr.um| Input Typs
Type 3680-B
3550-2-041 g | DrestcoLo® Yssic_ Freamp
3I5E0-B-110 £ Input == 1 Tacho Conditioning®
3560-8-020 1 @ine Dutput —_— DirectocLD®
_ _ 16 Aux Input® ~ 1 Tache candiianing®
ee el c-ehanmel SULCE Dats | OHz 2 o . ache wanaiiizning
—— ot rere | 190 sampiesis)
3560-5-030 Acguisttion Unit IESERSE S bioHal Dutout e L e
35E0-B-130 £ Input == 1 Tacho Conditioning®
3E560-E-040 1 Generator Oulput Ehe DirectGoLO®
3560-8-140 - 1 Tacha Conditianing®
Types 3680-C, D, E [+ =} E
102 Generator, 42-ch. Input! | OHz to £ Input
§ Dutput Madule 25 EEHE 2 Generator QUL BNG ane | DiechicCLO%MIC. Freama.
e Generator, 20%-ch. Inpud | OHz fo 2 Input LEMD 1 Tacho Conditianing®
- Cutput Moduls 204 2 kHz 1 Gensrabor Ouipul®
2033 - CirsctcoLo® o | in| s
= 2 Tache Condiizning® £ = §
12-ch. Imput Modul= _ 12 Input 'E é Z
2 = Bub-D DirectC oL *Mic. Preamp. ~ - ™
OHz 1o E i E i E H
2EERHZ BNC anc | DiechiTCLO*MIC. Freams ;f =El%E
LEMD 1 Tacho Conditioning® 5= |w 2| ao®
E-ch. Input Module B Input i
F F | - 2|zl ps
3uteD | DirectCCLDMMIC. Freamp. 3| z8 5&
&2
ChargeDirectC SLDY
E~ch. Chasrge & CCOLD O Hz to _ . BNTEBMNC e e " =
Input Maduls LR & Inpt and Twg | TRENS Gerataning on ENT
Cannactor
UA-1355 Elank Module -
7535 Comirciler Boduls - -
7537 g Input
! 8in= Qutput up | PIrEeECLE® Bk, Frzamp §| £ i
M = 1 Tacho Condiboning™ "
16 Aux Input® ~ g "':"'_L g ? £
SH-ch. IroutiCutpus OHz to | 110 sampesis) | 1 S=neraiar Sutut E E ;
= 2= - 2 Cightal Swiout
Controllar Module S8 kHT g S Inpt i -4 H
1 Slne Dutput DirectzoLo® B k-] B
t Inpt BRC 1 Tacho Condilning® - - -
1 Generator Sutput
2. Constant Curent Line Crive for DefaTron® and ICFT d. Criy 12-channel cumently supponed In FULSE software
Azcelsrsmeters or Ficrophane Freampittes = Upper frequency @ 102.4kHz
b. Uskg adapter cables Zee "Dyr-X Modules - Types TS35/3E-A, 7540 0-A, 3035, 302043-8,
. Al lnput chanmess can be used for Echometer cperation 304114-1-B, -2-110120/130/140% on page 5.

PULSE Type 3560-B — Compact Data Acquisition Unit, up to & Input Channels

FEATURES

+ Compact, rebust casing for indusinal and hard everyday use

+ Battary operated (3 hours continuons) or DC powsared (10 —327W)

v Zilent operation to 35°C

+ Cooling fans can be tumad off for silent operation (will antomat-
weally rastart if too het)

+ Synelronous sampling with othewr FULSE front-ends

Tvpe 35360-B 15 2 compact data acquisition system for battery/DC
powered operation. The umit handles communication with the PC,
measurement input and prowides a zample clock. Eight versions are
available, four standard and fowr Dvn-X — see the wpper portion of
Tabla 1.

A handle, UA-1685, 15 available for mounting on top of Type 3360-B. making it easter to carry.
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PULSE Type 3560-C — Portable Data Acquisition Unit, wup to 17 Input Channels

FEATURES

+ Houses one mput/output meodule and one confroller moduls

v Robust casing for mdustrial and hard everyday use

+ Fain cover for front panel allows passage of cables

+ Battary operated or DC powerad (10 - 32V

v Cooling fans can be twmed off for silent eparation (will auto-
matically restart 1f too hoth

+ Synelronous sampling with other PULSE front-ends

Twpe 35360-C iz 2 portable data acquisition system with 2 battery/
DC powered Type 2827 power supply unit. It can hold any combi-
nation of 1 Confroller Medule and 1 Input/Ouwtput Module (z22
Fiz. 1 and Table ). The controller module handles communication
with the PC wlile the mput'output module handles measurement
input and provides a zample clock. As an example, a Type 3360-C
fitted with a3 5/1-ch. Input'Ousput Contraller Modula Tvpe 7337 and
a 12-ch. Imput Module Type 3038 can measmwre up to 17 nput
chamnels.

Environmentsl

To survive the harsh electrical environmeent found in, for example, cars, Type 3560-C has speci-
fications that excesd the Eurcpean ERC immoamity requirements. IS0 7837-1 and TE37-2
“Foad Vehicles — Electrical distwrbance by conduction and coupling” requirements are met
hiechameal robustmeass is equally high mesting MIL-STD—E10C and IEC 60063 -2 -4

Sinea all portable FULSE systems are bunlt for outdoor use, they meet strict requivaments for
temperature and humudity. The operating temperature rangs extends from —100 to +530°C (=14
to 122°F). Type 3560-C will withstand rain if kept with the front panel facing upwards and
the protection cover i place.

PULSE Type 3560-D — Multichannel Portable Data Acquisition nit, up to 65 Input Channels

FEATURES

+  Houses up to 5 input/cutput modules,
Power Supply Type 2826 znd cne
controller moduls

+ Fobust casing for industrial and
hard everyday use

« D poweared (10 — 32V or via ACS
DC convertor

+ Dam cooling fans can be tumed off
for nearly silent operation {will
automatically restart if too hot)

v Synchronous sampling with other
PULSE front-ends

Trvpe 35360-D 1= a data acouisition system comprismg a frame that contamns 7 modules. One
of these nust be the DC Power Supply Umit Typa 2826, and one must be a Controller Module.
The remaming 5 modules can be fresly cheosen from the I'0 modules (zze Fiz. 1 and Table 132

2 Tots tinat e et ecuile s always remeired so the minime it madle oSt on far Trpe 2560-D i Tups 2826
+ Type 7334 + one inpuat module; ar Type 1826 + ane of Types 7337, T337-A, 7338, T338-4, 7539, 7538-4_ 7540 7340-4
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PULSE Type 3560-E — Multichannel Data Acquisition Unit, up to 96 Input Channels

FEATURES

* Comprizes up to § mput’osutput
modulas, Power Supply Type
2824 and one controller module

« DC powersd (10 -32V) orvia
ACTDC convertor

» Optional Rack Momting Enclo-
sure KOQ-0155, A Guids EA-
0540 and Fan Unit UH-1037

» Samehronous sampling with other
PULSE font-ends

Type 2560-E is a rack-mownted data acgmsition svstem comprizing 10 medules. One of these
st be the DO Power Supply Unit Type 2826, and cne must be a Controller Modula, The
remammg § modulas can be frealy chesen from the I'Q modules (zee Fig. 1%

The system 15 delivered with a 197 Fack Mownting Kit, as shown above. A 19" Rack Enclosure
EQ-0155, A Guide EA-0540 and Fan Unit UH-1037 are available for rack-mounted systems.

Power Supply

Types 3560-B and 3560-C can either be powered by two mternal Micksl-Metal Hydnde
batteries or from a 10 - 32V DC power supply. A 100 — 240V AC mains supply wmit is
ncluded The wnit can be switched on and off from the front pansl or, when using more than
one front-end in one svstem, the on'off function can be controlled by anocther front-end usms
the Multframe Control ;ignal A third possibility 15 to follow an external DT power supply,

so that 1t switches on when the supply 15 connected.

When batteries are used’, indicators on each side of the front panel mndicate the condition of
the batenes, allowms hot swap without mtermupting measurement. When comnected to an
external DT supply, the batteries are charged automatically.

Types 3560-D and 3560-E can be powered from a 10 — 32V DC power supply. An external
100 = 240V AC mains supply wut, ZG-0430, 13 providad. The umt 1z a2 Tvpe 2826 that can
be switched on and off from the front panel or, when using more than one front-end m one
system, the onoff function can be contrelled by another Sont-end wsing the Multiframe Contral
signal. A thid possibility 13 to follow an external DO power supply, so that 1t switches on
when the supply 13 connected.

OC Ouwipot
To provide power for accessores such as a LAN switclh or wireless LAN for inferconnecting
more font-ends, Tvpes 3560-B, C and D have a 5 and 12V DC cuiput (LEMO FGGO0.302

comnector) with fuse. Cables for these accessories must be crdered separately.

Silent Operation, Cooling

Type 3560-B 1z silent, operating without fans at ambrent temperatures up to 353°C (95°F).
Above this temperature the fans start up, but can be switched off from the PULSE software.

. Tote that oo impar moduls i Zways reguired, so the micsmion mput module coafipuraton for Tyvpe 3560-E i Type 2524
= Type 7436+ one topent meechale: ar Type 2825+ are of Types 7537, T337-A, 7532, T330-4, 7530, 73304 7540, 73404
' Batteries are mof inchufed.
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Types 3B60-C and 3560-D: Dhuing operation fans keep the temperamre of the wmit within
safetv limits. In measumement situations where the fan noise” can influence measwement results,
the fans can be switched off from the FULSE seftwire. If ovetheating threatens, the fams are

automatically tuzed on agam

Dyn-X Modules — Types 7538/38-A, 7540040-4, 3035, 3040040-B, 3041/41-B, 1560-B-110M120M130/140

Fig. 2

Simpifted biock
chagram of Dym-x
princiis

rig.a
16008 analysis i ons
rangs. An FFT
mesawxing 2 THHz
signg’ B0 o5 Defow -
scafe (7 Vel Nofe
fhaf roise and all
SOWNTOUS COMpoTents
mesase TED abbelow

full seale nput

Dyn-X technology — Exclusive Range from 0 to 1IE[I dB
Dwve-X 13 an novative - — "

range of state-of-the-art m- |

put modules with a singla f Il_ rf;‘;:;::f:g
mput mnge from 0 to Vo Input

10V, and a useful analyais W
rangs exceedms LG0AE.

Teo date, high-quslity ttan:ducers and preawplifiers have outrerformed measwimg equipment
with regard to hneanty and dynamne performance, bemz able to deliver 2 nowse- and distortion-
free sigral over a dynamic siznal range of 120 to 1304B broadband and 160 4B narrew-band.

FTT fodpem

B0 V|
[

Mow, with Dhao-H technolery, the safive measure-
mient and analysis cham for the first time matches
or outperforms the transducer used for measure-
ment. This elminates the zced for an imput ctten
uator for ranging the analvsis system mput o the
transducer output All that vou nesd to do t2 get

axcallant resulis iz choosae the night transduear.

FFT 75 6 KHz Bl L

]

EidEbak

108 15k Ak ik
]

=
¥

Transducer Overload

Transducer max. outpui level can be enfered m
the software. If the mput exceeds tus level, then
Drvn-X modules will zive 25 overlosd wammg on the font-end and m the FUULSE Lavel Meter.

Accuracy, Safety and Efficiency

With no input razge to sei, vou no longer have to worry about overleads, underrange meas-
urements or discussions about the validation and vernfication of measurement resalts. And with
o need for trial nms to ensure that the mput range 12 correct, vou have a far grzater certminty
of gatting measmements night first time.

The measuremen: siuations and appheatnons below are examples of where the new Lhn-X
technelogy can be usefully emploved:

When pou nesd fo get fhe = Crash testing When signal eweds ane * RuUn updown

reecasrereeii gl Bral e - ODesbusllyes aling wnisIuET, = M iy
= Heavy macHnery —un unf
coast down
Fihare gharats mintma user | = Rosd testing Whain an sveniew of fhe * Whan measurieg maty

wihcls mesrureman! cosnanc charnsls

dredmractior Flald tesclng

. p— E——m— 15 aiieuE © When combining moe
nen ome 5 imie " 51 il . .
signal tyees: Vikrabon,
g'“:l ':‘FTI-' Jound, Temparaturs,
- Roadiesiing Eressume, BRW, st
= Faght t=z5ne - s vem '
r-car keiing
*  Sgind, vbraton and e
parameters Involved
Hiegn faring (g ossifindsd = Productien Ins Hiph-dpsamic sppl-afions " imzuleles imeting, reon
= Kodse monissing moouwsics
Sun updeswn

Elecireacousics
*  Structural measure ments

2. Ses the Acoustc Mose Envssion specificabons for Types 35360-C (paze 13) apd 3560-10 jpage 13).
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Input Channels

Available Input Modules

USES
+ Input chazmels for multichammel acoustic and vibration

measurenments

FEATURES
+ Support IEEE 1451.4 capable transducers with TEDS

o Automatie DO offset compensation

Etandard
Inpet Modulas
12-chi. Input Meduls =038, 30358
e gt
E-che bnput Modulke =035, 30338 14 L
1 L
-tk Charge & COLD _ s o
Input Bodule
H 1]
Inputiwpud Modulss L] o
Eenerator, 4Z-ch. . ] 5
InpetiCutout Moduls s L] L
Generatar, 21 -ch, i f O
InputiSutout Moduls = L] >
Il
InputiDwiput Controlber Modulss ] "
L L]
EiM-ch. InputtShukout TEIAT, TEIT-A T538, TS3E-A L
Cordrolier Modules (3580-B-0120020) {3560-8-110V120) g 3 T
+ 8 8.
M- I
ZW:_'I':'"'_":"":'E::‘_’:' F535, TSIA T540, TEA0-A
aith Sensrator (¥SE0-E-03004m [35E0-E-1330r1407
tiem
Wl Mk
a01as

+ Ohverload mdicator indicates incorvect conditiommz and czble breaks on connected fwansducers

+ Dverload detection meludmg out-of-band frequencies

Functions and faamre: available mn the modules are determined by softovare implenzentad and

downleaded from FULSE LabShep.

Independent Channels

The mput chamnels en 2 module can ke set up ndepend-
antly; vou can set up the high-pass filters and input gzam
separately and attach different types of transducers to dif-
farent channels. The microphone polanzation voltage can

be switched on for all clhuannals. (INote: Whers pelarization u
voltage 15 awvailable, 1t 15 the same eon zll mecrophone -
chamnels m a moduls). H
IEEE 1451 4 Transducers H
Input modules supports IEEE 1431 4 capable transducers | ,
with standardized Tramsducer Electromie Data Sheets M -
(TEDS). This feature allows autcmatic front-end and an- ~ :

alvzer setup, bazed on information stored in the transducer.
This mfermation inchedes, for exanapls, sansitivity, serial
mumber, manufacturer and calibration date.

Transducer Conditioning Check
Input modules use twe methods to detect transducer cable
brezks or whether the wrong conditioming has been cho-

006
00

[
T

..
Ll

|

sen. For micvophones, their supply cument is monitorsd. For DeltaTron™ accelerometars (or
microphonas using DieltaTron” preamplifiers), the supply voltage 1= momitored. If conditioning
arrors such as 3 broken cable ave defectad, an eveor event 1z indicated as an overload oun the
specifle chamnmsl
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Tabled Owendew of modwes wih inpuwt channels

TET TEIT-A
#andard - ] S0E3-8 038 | J0IEE o8 Eaa

TER TEIRA
nput Channels B 2 12 E g 4 2 E s
Frequency Range 5.6 KHZ 104 BEHT I5EkHE
EMC -:3-3_[:'.'3hect-=' 5 ] - £ - £ - - 5
EMT |CCLOMDIectTache Ch. Ch. 1 and 7 - Ch - Ch. 2 ch.i oA 1
TRE iCharge) B - - - - - - - -
LEMO [Freamp.} - - - E - 4 2 = -
Il Daule - - z - 1 - - - -
Eupprrts Chargs Injection - - wag? Yes g fes s e g
Callzrafion (CIC) check wikh
LEMO mizrophans
nreanplfers®
nienshy Fhase Malching Al E+EM+=92 5= M1 +12%| 548 5+ 5 CF. 3 and 4 Al 4+5 -

BNT —— - - = e - -
E From 2005: Al channels From 2005 Al Channeis
Dyr-X: All channels Cyn-3= All chamels
AD converisrs 24-0k o Z5.ERKHE fE-bl 1o 355 kHZ 24-0k %0 I5.ERHE 24-tk %0 25.EKHE
1R=hF &0 JNd = k=ir

Floatngion-ticating Yes - Yeg
Micrmhone Folarzation - - d o 20O -

a. Inclucing DeRaTron™ and 1T
b. Charge operaton can be coiaimed directy wsitg Type 3035 or by using Chamge 1o DesiTron™ Converter Tyre 2547 wih other macules
. Wi desicabes wnolcaton software ard OLE rferface

A lm AN-GEND ST-pale dn B ox

=R Ariarinr Dahis

G-ch Charge & CCLD Input Module Type 3035

f-chennel Charge & OCLD Inpur Module Type 3035 is designed specifically
to allow the divect conmection of charge transducars to a PULSE system
Each channel alse has Deltz:Tron capability for IEFE transducers, and can
alse be used for dweet mput of voltages. Type 3037 complments the other
input module: in the PULSE IDA® range, and incorporates Drm-3 tachnolozy
tn give a naefl mezamremant range of 160dR om sach chanel

CCLD and Voltage inputs

Tl vollage and DellaToow wputs are via DT conneciors, and sach cliano]
has the same specification as the other Dvn-X mput channels, such as those
found on Types 3040 and 3041

Charge Inputs

THC commectors are provided for charze tramducers. These provide the most
stable charge contaci for averding tboelectric noise from wbrations. THC
to microdot {(10-32UNF) :daptors are included. The Dhu-X ftechnology
ensures optimal transducer support and eaze of wie and makes it possable
to condition all charge fransducers 1 only two mputranges (1 nC o1 10nC)
while st2ll providing state-of-the-art performancs. Selectable dedicated high-
pass (U1,

1, 10 and 30 Hz) are provided, while low-pass filters (001, 1, 3,

e
Thes 0B

a1

10 and 30k-Az)

allow efficiest dampmz of the high accelerometer sensitivity at resenance, hus optmismg the

useful dvnamic rangs.
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Cutput Channels

Available Generator Modules

Etandard
InpetiDwiput Modulses
S=eratar, H2-ch. 2108
InpetsCutout Moculs =
Sateratar, 2M4-ch. 3140
InpetiCutout Mocuis
InpetiQulput Controllar Modulss
Sif-ch. InputiDuetout TEIT, TEET-A

Costrodler Maodulzs

(35E0-EB-010/020)

Sif-ch. InputtDutout
Controller Bodules
with Genarator

T535, TEI-A
(#5E0-E-030/040

T538, T53B-A
{35E0-8-110M20)

T540, To40-A
[35E0-B-1301140])

USES
+ Generator output channels for system excitation for
acouste and vibration measurements

00 ©6

FEATURES

v Twpe 3109: 2 output channels: Full zenerator fimction-
ahty to 25.6kHz

v Twpe 3110: 1 output channel: Full generator functionality to 102 4kHz

o Twpes 73539, 7339-A (3560-B-030/040), 7540, 7540-A (3560-B-130v140): 1 cutput channel:
Full generator functionality to 25.6kHz

« Types 7537, 7537-A (3560-B-010/020), 7538, T338-A (3560-B-1107120)- 1 output chammel:

Sme waveforms up to 25.6kHz; sine wave only

Type 3109

The two output channel: on Type 3109 can be wsed as sigmal generaiors with a frequency
rangs from 0 to 25.6kHz and can =upply all the signals necessary fir performing system
analysis,

Tope 2109 13 dasizued arcund a powerful digital sigmal processor and a 24-bat DVA converter,
and has exceptional flexibality, stability and accuracy. Cutput levels are adjustzble in hardwars,
with maximum cuiput rangmg from SmWV to 3V EMS. Lower lavels are possible by scaling
the signal to the DVA converter. The siznal 1s provided by 2 BNC connecior and can be refervad
te ground or floating. It is possible to add @ DO offset, but any wwwanted DO offset 1o
autematically removad

Emargency Stop
The connector at the tep of the medule allews conmection to an emergency stop control
allowing vou te step the generators immediately.

Type 3110

The cutput channel on Type 2110 can be used as signal generater with a fraquency range from
0 tc 102 4kHz and can supply all the signzals necessary for performing system analysis. The
zenzrators are controlled from FULSE softwars.

Tvpe 3110 iz designed around a powaful digitzl signal processor and a 24-bit DVA convertor,
andhas exceptional flaxibility, stability and aceuracy. The full dynamie ontput rangs 1= obtamead
from TmW to 7V peak. Lowsr lavels are possible by scaling the siznal to the DVA converter
The s1znal 15 provided by a BHNC comector and can be refaived to growmd or floating. It 15
posable to add a DO offzet, but any unwanted DC offset 15 automatically removed.
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Monitor Outpoet
An input monitor signal iz available on a BNC conmector for each mmput channel The signal
1% taken aftar the hls:r]'.-n: z5 filter hut bafore the Jnh-:]u-ﬁnw filtar. Tha -'|5:rn:] lewal 13 2 P18 1'-_,r3

for full-seals input in any range. The signal is always IEfEI.‘.I.‘Ed o ({!]:LESALS:I ground.

Types 7539, 7539-A, Th40, TH40-A
The output channels on these modules can be used a5 signal generators with a fraquency range
from O to 256 kHz and can supply all the siznals mecessary for parformung svstem analysis.

The modules are designed around a2 powerful digital siznal processor and a 24-bat VA con-
verter, and have exceptional flexibility, stability amd accuracy. The signal s provided by a
BNC comnector and can be referved fo ground or fleating. It is possible to add 2 DC offset,
bt any wwanted DC offsst 15 automatically removad.

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

The cutput channels on these modules can be used z: simple, high-quality sine tone genstators
with a frequency range from 0.001 te 25.6kHz. The mawmum owtput veltage is 5V,
delivered in one oufput range through a 24-bat DA ceonverter. The siznal 15 provided by a
BNC connector, and may be referred to ground or floatmg.

Controller Modules

Available Controller Modules Y
&tandard Bl -
Demb amm
100MBH Corfrolisr S _ s
Moziule === T
5/4-ch. InputOutzut TE3T, TEIT-A 7538, TSIE-A =
Cortrolizr Modules (3560-B-010/020) {35E0-B-110120) e s
T ek et 7535, TE3E-A 754D, 7540-A
i Gensaing (3560-B-030/040) (35E0-E-130r140]
USES
* Communication interface between a FULSE Front-end and a PC runming -
PULSE software, via LAN {Local Avsa Matwoik) |
S Y . SN, RN T YR I [P R S | Im
Measurement of voltaze or phyrsical parameters like position, wind spead -
or temperature via 12 awaliary mput channels | l § i
&
¥ &

FEATU RES
Sets up and transouts data from input medules, provides sampling elock
and synchromusation of fronf-ends
» Connection of remote control for sound mtensity measurements via
B5-232 interface
o im

« Datz transfoy accordin

B =
| Ei
~ =]

o standar

to =t

i
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Synchranisation and Stacking

Controller Modales contral and route 2ll commumication
between the PC and the mput'ontput modules, and trans-
mit or raceive synchronmization and clock signals to or
from other front-ends. Thiz enables up to 10 units to be
combined to act as one multichamel system. It also
enables all front-ends in a system to be turnad on or off =~ - @'
simmltanecusly.

20 @g

!

R5-232

An B5-232 mterface on the front panel allows commou-
nicaton with the optional Femots Ceontrel Unit ZH-0632
for sound mtenzity mesasurements. The imterface 13 also
usad for setting up the LAN address and testing the font-
end hardwara.

Auxiliary Chamels

12 DC channel:", present on a single connactor, are each
samplad 10 times per second. The chanmels are single-
ended and have six input ranges Som 0.1V 10 318V in
10dB steps.

PULSE Software and Applications

The baze software for a PULSE system 13 Wotse and Vibeation Analyzis Tvpe 7700 with beth
FFT and CFB amalvzers, though separate FFT and CPB lizenses are available as FFT Analvsis
Tepe 7770 and CPB Analysis Type 7771 On this base, you can install any other PULSE
software and applications such as Data Fecorder Type 7701 and Time Capture Type T705.
For descriptions of the FULSE software please rafer to the separate System Data, BU 0229,

2.4 addittonal megdlary mputs are inchided Sor finme vse, and 2 open drai outpuss, which allow for smple on/off contmol.

1
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ICnmpIianDe with Standards

{For envircnmental specifications and compliance with standsrds for PCs, see the specifcations given by their respective manufaciurers)
TYFES 3360-8-010, -020, -030, -040, -110, 120, -130, -140,
TYPES 3560-C, 3560-D AND 3560-E WITH CONTROLLER MODULE TYPE 7335,

INFUTIOUTPUT CONTROLLER MODULE TYPE 7337, 7327-A, T334, T538-A, 7339, T338-A, 7340 OR 7540-A
INPUTIOUTPUT MODULE TYPE 2035, 2038, 3038-B, 3039, 3039-B, 2040, 30408, 3041, 3041-B, 2109 OR 2110

e &

CE-mark indicates compliance with: EMC Directive and Low Voliage Dirsclive.
C-Tick mark indcates compliance with the EMC requrements of Australia and Mew Zealand.

Safety

EMAEZ 61010-1: Eafety requirements for elecirical equipment for measuremend, contred and |aboratory use.
ULE10108-1: Standard for Safety - Electrical measuring and dest equipment.

EMIC Emission

EMAECB1000-6-2: Gensric emvssion standard for residential, commerzial and light industrial emvirenments.
EMNNEC 81000-6—4: Generic empssion standard for indusiral environments.
CIEPRIZ: Rado disiurbance characterstcs of information fechnology equpment. Class B Limids.

FiCC Rules, Part 15 Complies with the limits for a Class B digial dewice.

EMC Immunity

EMNECA1000-8—1: Genenc standards — Immunsty for residiential, commercial and light industnial environments.
EMNEC B1000-6—2: Gensnic standards — Immunity for indusinal environments.

EMNEC 61326 Elecrical equipment for measurement, control 3nd laboratory use — EMC requiremenis.
MNiote: The sbowe is only guaraniesd using accessones listed in this System Diata.

Temperature

|ECG006E-2-1 & |IEC 80068-2—2: Enwironmental Testing. Cobd and DOry Heat.
Ceperating Temperature: —10 to £50:C (14 1o 122°F)
Shorage Temperafure: 25 to + 709G (-13 to 158°F)

Hurmidity

|ECG006E-2-78: Damp Heat BE3% RH (non-condensing at 40°C (10£5F))

Mechanical

Ciperating (pesk valuss) i
WML-5TD-B10C: Vbration: 12.7 mm, 15ms=, 5-500Hz
Meon-cperating

IECE006E-2-8: Vibration: 0.3mm, 20ms™=, 10-500Hz
|IECE0066-2-27: Shock: 1000ms—2

|EC BM06E—2-29: Burmp: 1000 bumps at: 250ms—2

Enclosura

1= 605208 Protecton provided by enciosures: 35680-B: [F40; 3580-C: (P32 E580-Dc P43 3360-E: 1720

EFFECT OF RADIATEDVCONDUCTED RF, MAGMNETIC FIELD AND

VIBRATION

Radiated RF: B0-1000MHz 803 &M 1kHz, 10WIm
Conducted RF: 0.13-80MHz 807 AM 1k=z, 10V
Magnefic Field: 30&/m, S0Hz

Vibration: 5-500Hz, 127 mm, 15nmis®

nput reasured in 7.071 mi rangs with shoned inpus. Al values are
FME. Conducted RF immunity on all channels 5 only guarantzed
LEing an exfema connection from measurng ground o chatsis
terrnimal on Types 2828 or 2827

InputiCutput Radiated RF Conducted RF Magnetic Field Vibration
Direct'ZCLD <10l <130 uY <ol <80
Frearmplifier <10pY < Z5pV <BuV <80V
Generaior <80 uW < 25uV =d = BuV
Charge =130§C <130fC <10fC <BOfC

Specifications — PULSE Types 3560-B/C/DVE

NMulti-analyzer Systerms Typs 3500-8. 3580-C, 3580-0 and 3520-E
with LAMN interfzee are modulas, expandable mult-analysic spsters
that mciude the folowing componesnts:

« Pentium™ PC

» PULSE software

« Microsoit® Windows® 2000 or Windows® XP or Windows Visa™
operating syster

« Microsoft® Office 2000, 2003, 2007 or %P

Fromi-end comprising: Powsr SupplyFrame, Controfer Module and

a number of InpuitCutput Modules (see below)

Specifications — Portable PULSE Type 3560-B

POWER REQUIREMEMTS
Fulfils the requirements of IS0 7837-1 and TE37-2 with batteries
Violtage: 10 - 32V DC
Power Consumption:
Morninal: 12W
Max.. 28'W gwhile charging battery)
Ext Power Connector: LEMO coax., FFADD 113, ground cn shighd

128

BATTERIES

Optional Accessories: 2 « DR35S MNOMH or NI 1030, 10.8 inorminal)
Workiing Time [Continuous): Shours

Charging Time: 5 hoursbatizry

ACCUSTIC NOISE EMISSION (at fim)

Silent operation to 355C (255F) when not changing batienes. When
charging batteres. fan operaton may start &t 3 lower armbient
temperature



DC QUTPUT

= BV Z D5V ma. 044 (1A fused)
IV 1.0V ma. 044 (14 fused)
Connector: LEMO FIZE00.202

DIMEMSIONS [WITHOUT PROTECTIVE COVER)

Height: 182rmm (7.2}

Waimhi

Specifications — Portable PULSE Type 3560-C

POWER SUPPLY'FRAME
Type 2827
AVAILABLE MOCULES
See "Crderng Information — PULSE Systems 3580-B, 3560-C, 3560
Cr. 3580-E° on page 23
POWER REGUIREMENTS
Fulfilz the reguirements of ISOTE3T-1 and TEIT-2 with batieres
Violtage: 10 - 32 DC
Power Consumpdon:
Without DT output and when fitled with:
1« 7528 Controller Module
1w 3102 4 2-ch. or 3110 21-ch. InputiCutput Module
Nominal: 30W
Max.: 42W (whle charging batery)
Ext Power Connzctor: LEMO coaw., FRADDLT13, ground on sqield
BATTERIES
Opticnal Accesseries: 2 « DR35S Mk or M 1030, 10.8Y {nominal)
Working Time [Continuous): 2% hours
Charging Time: § hours'battery

ACCOUSTIC HOISE EMISSION (at 1m)

d2 5PL. dE Lw,
A-weighted at 1m A-weighted
Fan CHf =17 =15
Normal [22+C) a2 40
Max 3 41

DC OUTPUT

+3W 2 0.5 max 0.4 A (1A fused)
+12V = 10V, max. 04 A (14 fused)
Connector: LEMO FGE.00.302

DIMENSIONS (WITHOUT PROTECTIVE COVER)

Height= 105mm (4.1}
Width: 378mm (14.87)
Depth: 300mm (11.87)

Weight: 5kg (11 &) with Controller Medule and Input'Cutput Moduie

When fited wilh batieries. Bhg (130}

Specifications — Multichannel Portable PULSE Type 3560-D

POWER SUPPLY

Type ZB24

FRAME (INCL. FAN UNIT)
KIK-0050

AVAILABLE MOCULES
See "Crderng Information — PULSE Systems 3530-B, 3560-C, 3560-
O 3580-E" on page 23

PCWER REGUIREMENTS
Violtage: 10 - 32V DC
Power Consumpdon:
Without DC cuwdput and when fited with:
1 = TEHED) Combulha Mhdule
35W onormmal wih 1 input module
100 W nmominal with 5 input modules
Ext Power Conrector: Meutrik® Powercon 3-pole
Max. Mo. of Tache Probes: £ in full frame

DC OuUTPUT

+3W 2 DAY, max 0248 (1A fused)
+12V = 1.0V, max. 04 A (14 fused)
Connector: LEMO FEE.00.302

BLUOUSTIC MMSE EMESSIUN (at Tm)

d8 5PL, dB Lw,
A-weighted at 1m A-weightad
Fan Cff 7 5
Hormal [22=C) an 8
Max 42 50

DIMENSIONS

Height= 184 mm (7.8 with fest, 170mm [5.7") without fest

Width: Z78mm (14.87)
Deepth: 242 mm (12.57)

Specifications — Multichannel PULSE Type 3560-E

POWER SUPPLY

Type 2824

RACK MOUNTING KIT
Wu-0514

AVAILABLE MOCULES

Size "Orderng Information — PULSE Systerms 3580-B, 3560-C, 2560-
[, 2B20 E” on page 22

POAWWER REGQUIREMENTS
Violtage: 10 - 32 DC
Power Consumpdon:
When fitted with:

1« 7528 Controller Module

35W noming with 1 input module
140W nominal weth 8 input modues

Ext. Power Connector: Neurk® Powsrcon 3-pols

Max. No. of Tacho Probes: 2 in full frame

DIMENSIONS

Height= 134 mm (5.37) (3 standard rack-mounting units)

Width: 432 8mm (18]
Depth: 300mm (11.87)

Wieight: 2.7 kg (181b.} wih Confrober Module and 8 Input/iCuiput
Meodules; 17 5kg (38510 with KQ-0155 and UH-1037
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Specifications — Input Channels, Standard 24-bit and Dyn-X

Standard 2ok
TEITIET-AMSMIE-A, 30338/ 32.B5038-B
SEE0-E-D10MI0D30/42

Dryn-X

TE3IRMAE-AMOAA0-A, 3026 (BHC/ENT)
J40/40-Br4141-B, 3680-B-T10MINN30M 40

Freguanoy FRangs DC to 25.6KHZ
AMD Conwvarslon 2
Data Traneisr 24-kit
15-bit selzcianke
Inpat voilage Range ] 'ar-;r.:.: :: 5_-.,-:;::':' E -._;_" e 1 rERgE: 10V
Inpat Sigral Grownd Coupling Floating or single-ended (grounded b chassis)
Inpaut Impasdanas Cirect, Miorophone: 1 B3| <200 pF
COLD: =100k =200 pF
Abcolwis Maximum Inpui :35'-.'p“,_ whhout damags
High-pacs DC if, = 0}
Filbare -oigB L] —-2cB Slops —10%: -2 dBE Elops
0.7 Hz high-nazs fikzr 015 Hz 0.073Hz 0.915Hz CLOFIHEZ —20 dBies
THz digial high-pass fiker .45 HT A.TO0THEZ 1.45Hz OLFO7 Hz =20 dBfgec
22 4 Hz high-pass fik=r 14 E4 Hz 1.5Hz 12 EdHz 1.5Hz —&0 d8/dec
riznsky fiker 2300 HE 1.2HzZ 23.00Hz 112Hz —20 d8igec
Abcolute Amplituds Freslslon, 1kHZ, 1V, =0.05 dB, typlcal £0.014E
Attsnuator Linsariy @ 1kHz =0.02dB, typ. +0.005dE -
Amplitucs 0 to E0dE below tl soale =0.14dB, typ. £0.014dB =0.0=dE, typ. £0.014d8
h::::::: - Rl p— 202 dB, typ. £0.0248 =0.05dE, typ. +3.04 48
cne range| 20 10 10046 below ol soale tyo. +0.05 a2 =0.24E, typ. +0.02 08
130 1o 1204dE below full scale - Wp. =0L02dB
120 1o 1404dE below foll scale - e x0002dB8
140 1o 1E0dE below Sl scale - tyo. £1dB
ro' 1 kb, laaer e . 1 wppsr lmet £, DC to max. 25,5 kHz: 20.1 08
Molge: Imput Rangs Guarambesd Trploa Quarantssd Tymloal
:’;’:;"B'::;'rﬁju'_:z 7T my <35 {<iB) 2.7 {eid) Bigral level <318mY
Jrout terminated by =3 [«153] 22 {=14])
SO0 or less)
=4 (=I5 25 =18 =4 (=I5 3 (=15
N'rps™ =21 =17 {=107) 13 {=EZ) Slgral level > 318 MY e
=50 {£313) 33 (=207
<150 {<340) ma =525 =g (<3I75) £Q (<313)
12W =220 {=1570) =0 =340
Epurlous.-fres Imput Rangs Typhoal Typloa
[EH’EI:I:‘I:;I:U“:E:IH Tormy 11008
Input Em o2
Jrout terminated by
EOL or l=ss) T m 120 a@E
X EmV 130dE
15048
JoTAmY 130@E
130QE
130@E
130QE
DT OMest re Tull coaks Guarambesd Treloa Quarantsed Typloa
=G0 dB —B0aE <=5 d8 -B0 dB
Harmonle Disfortlon (21 harmanics) Guarantesd Treloa
Guaranised Tymloal
All Ranpsc
—20dB —100ds & 1Mz —&0de —100@s & 1k

a [m mar=

fiier s

gag In SCLD mode or when measurng signals wih a high OC lewed In the T,
g5, an owerioad might b= indicabed. If this ccours

nor=ase the Input yollage range
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Specifications — Input Channels, S$tandard 24-bit and Dyn-X (continued)

&tandard Zdbik DOyn-i
TEITIET-ARSE-A, 303805 -B5038-B TEIEMIE-AMO4D-A, 3036 (BHTENT)
EFEBO-E-D10MI0NE0M4D IE0/40-Br1M1-B, 3580-B-T10MIN1-30M 49
Ccroseialk Fragusnoy Fraguanoy .
Between amy wo channels of a mosule or Rangs Buarantsad Typloa Range Guaranisad Typloal
between any two chanreds in diti=rent modules
0 - ZE5kHz —itodE —14a0ds 0-355kHz —i00dE —140 2
Channslio-Channal Matoh (zame Inpu? rangs| Guaranbesd Typloa Guarantaed Typloal
= e o . 1de s Prm N
Maximum Sain Derence 9.2¢8 fram lower frequency +0.01 38 0.1dB8 from jower frequency =0.01dB
imit, %, fo upper Imit, §; Imit, f, %o upper Imik, 1,
12" =0.1" = i from 4, 0 10 = T {not vais for 1.2% = 01" = () from 4 8o 10 = 4 {not vald for
Maximum Fhase Cierence DT settingl; DC seting)
{wihin cre frame) | 0.2 from 10 = T %o 1220 Hz (vald for DC seftngl; | 0.2 from 10 = 4 fo 6.£ kHz [valld for DT safting

0L1® + 04" = {(ff9220) from 1220Hz to 2S5 kHz QA" + 01" = {WE4DD) from E4 KHZ f0 JSERHEZ

Channel-So-Channal Matoh (any Input rangs) Guarantesd Ty¥ploa

J.2c8 from lower frequency

Imit, %, f0 upper Imit, & +0.01c8

Maxdimuer Gain Diterence

1.2"=0.4" = (iHy ) from 4 %0 10 = 1 {not valis Tor
Maximum Phase Ditrence 0o seftingl

{Within cre frame) | 02" from 10 = 4 to &40 Hz (wald for DT settngl;
34" + 04" = {540 from E40 Hz to B4 kHz

Lound IntznsHy Phace Matoh Comples with IEC 1042 sandand Class 1 and AME] 51921555 Class 1
fonly for soing Intsncity Titsr) using Eriel & Kmr Scund Intensity Probes (0017 @ SOHzZ)
TS3T, 7535 4 &nd &
30 30358- S and E
Channels Matohed 3038, 302 5 oand & 19 amd 12 All channels
From 2005 Al channels
Fraquenoy Fangs Gunrnr:::;:thhun Typleal Fhase Watoh DM”’T:::,IP"““ Trploal Fhace Mabeh
S0kz - Z50Hz oo 0.5 to.oar fO0.00s"
2E0HZ — 2.5kHz O™ = (W250) 0.5 OLO17" = {220} fO0.00s"
ZERHE - BAKHZ oA 008" o4 IOas"
Commaon kods Fejsotion Guarambesd Troloa Guarantsed Typloal
O —-120Hz Tode B0 cB TodE 50dB
20 Hz — 1kHzZ EEdB 51dB S5EdE E0dB
i EHz — 25.ERKHZ nde 40 dE JndE. 40dB
Absolsts Max. Common Modes VoHags +8 Vg wihout damage

£3 W pak withowt clioping

If comiman mode voltage sxceeds tha max. value, sars must be tskes b dmit e signal ground curnest
In order by prevent damage. Mavimem s 100mA. The Instrument wlll ImE e voltage 1o the stateg
max. “aithecut camage” commen mode value

antl-allscing Fither Flter Type ird order Sutl=reorin
Al lzast 504E - p——
amsnuation of fose —11dE @ IEEkHz
frequencies which can -10E @ 930 KEHz
cause allasng
Slope -1B dE/nctave
Supply for Microphone Freamplifisrs £14.0%, 10mA per channel (mar. Z3mA if only 1 10 3 channeis used)
Eupply for Micraphones Paolarization 200V =1V, or QY
Eupply for DeHaTronACPF®CELD 4mA fom 24 Y source

It any CeRaTren/ICF S CUD-coupled channel ks paralieied with anolher channel, this must alse be
CefaTron/ICP S0 CLD-coupied. Othenise the signal might be clioped by the pamllsded channsl

Tasho Supply {on BNT conreciors) E.SW, max. 100JmA

Analog Speoial Funollons Mizmophone Chargs Injection Callbrabion: AN mocules with 7-pin LEMO support CIC via dedicaled
appication softaare and OLE Interface

Analog SeH-tesi: Sunctonal Chack

Tramsdugens: Supports IEEE 1£51.d4 capanle frarsducers with siandardised TEDE

Cwerioad Datsobion™ Elgnal overioad

CCLD owsrioad: Detecton of cable break or skort-cirosl = detscion of CCLUD ransducer soriing ool
fawk

Mizrophone preampifier overload: Detecton of microphore preampifier cornent consumpbon oo
high or foo low

Common mode woltage overioad

b Im Dect AC mode, cars must b= iaken when measwring signals with a very high OC component — a OC = AD level excesding approwdmately 12V can
be clipped and an overicad wil not b Indicated
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Specifications — Charge Input Channels, Dyn-X

Freguanoy Fangs

8.1 Hz ko 25.8kHz

(@ specificatons for fransducer capacitance = 1nF)

3035 (THC Charge Inpuic)®

A'D Conwerclon

Data Tramefer

Input Hange

2 ranges:

Input Sigral Grownd Coupling

Ficatng or single-ended [Qround

=d 1o chass

5

&Abesluts Maximum Inpud

2300 NCy g WENOUE dameage

High-pass Flibers™ B =0 Mot avalakic
-10% % —3dB Shope
0.1 =z high-pass fiker JAkHz O.OE5HzZ =40 dB/oeC
{ Hz high-pass flker 10kz 0.EEHz -40dB/gec
1J0Hz kigh-pass fiter 1. 0Hz T.EEHz
33 Hz high-pass fiter FA0Hz 23.EZHZ
Low-pace Fliksrs -10% 1% —3dB
100 Hz low-pass fiber 1005z i43Hr
1 kHz low-pass flker 1.0 k- 1.43 kHz
3 kHT low-pass fter 3O EHE 4. S1EHT
10kHZ low-pass flber 10.0kHz 143z
IDKHZ low-pass flber 30.0EHZ 231 K-z
ow-pass fik=r bypassed See Anf-alasing Filler
=005 dB, &yp. =0.0148

Abcoluts Amplttuds Presiclon, 1kHZ, 1V, .,

aftsnuator Linsardy @ 1 kHz

=0.05dB, byp. £0.005dE

amplituds Linsaridy

{lin=ardy i @ng
range]

O to 50dB below full scale £005dB, typ. =0.07dB
ED fo 20dE bedow full scals =005dB8, yp. =0.01dB
BO b 100dE badow full scale z0.2dB, bjp. £0.0Z2dE
100 bo 120dB below full scals typ. 20.02dE
120 b2 14088 Eadmy full seal Iyp. 20.0242
140 bo 150dE badow full scale tyo. =108

Ovarall Fraguenay Respones
ra 1kHz, lovwer ImiE T to upper mit £

Kin. 0.1 Hz fo max & kHz #0108

~10% at f and fiy

Holss: Imput Range Slgnal Level Guaranised Typloal
Meagured [In. 105z fo 26.8 EHz: — —
P inc L [ [y <=3 [=13)
(irput terminated by 1 BFE) 1no EERET: - 27 5 (247}
(values In parerthesss are specisd 10n< I1E0DC gy 1S (o= <=5 [=57])
In 2l Hz [a = 1018, 10nc =350 P pem <E5 (<407 =50 (<3131
Ipurlous-fres Dynamio Rangs Input Rangs Twpioal
FE2Llr7=:Eﬁl-u‘:::'=a-::'t!|-r'u'uJ=I- !N tanas
1Jr-:m‘_ 1E0dE:
OC OMeat re Tl coaks ot applicabie
Harmonle Disforilon (28 harmaonics, 2l ranges Gearantsed Typloal
=E0dB =130dE @ T kHz
Croceislk Frequsnoy Rangs Guaranisad Tymloal
:TT;:;:;;.CE: channeis of a module or between any wo channels in 0 foelz “ecam _10ez
Channelto-Channal Matoh [came mput rangs)® Guaramntesd Typloal
0.1 dE from 2 = losver frequency B, 5
NaEiram Fain Qifferencs 12 9% waear Ame, 1 0014
DEdE atfy, D408 at 1
0.4" from 400 = 4 to 0. =1y

Fhase Differsnce
(wRhin one framej

Maximurm

02"+ 2" # (M) from 0.1

< 8 1o 1y

Foor f| = 10z or 30HZ: 1.4% - 01" = (84 from f 10 10 = &

Fort = 01Hz or bz 54" - 05" =

(T} from 1, bo 90 = 1,

16
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Specifications — Charge Input Channels, Dyn-X (continued) (all spedfcations for transducer capaciance = 1nF)

Channel-to-Channsl Matoh (any IRput ramg "t

Maximum Galn Diferenoe

Dym-X
23035 (THC Charge Inp
Guarambeed Tymloal
0.2de from 3 = lowsr frequency I, &
1o 173 wooeEr Ami, 1, =0.0zdB

14E at f,, D502 at 4

Maximum Fhase DiTersnce
i lihin one frame)

0.4° from 40 = 4 to 0.1 = Ty
02" + 2% = (i) from 0.1 = 8, 10 1,

For fi = 10Hz or 30Hz: 1.4" = 04" = [@% ) from f), f0 10 = 7,
Forfy m QAHz or 1Hz 54" = 0.8 " = (M) Trom 1) b 90 = 4

Commaon Mods Rejsotlon

Guaranised Typloal

3= 130HZ E0dE E=dB
1Z0Ez = 1 kHZ SldE 55.dB
1kHZ = IS E KHZ 2008 E0dE

Abcoluls Max. Common Mode Volags

25V gy Withowt damage

et WNOUE CliEDInG

 oommen mode wolage exceeds the max. value, cars must be @ken o
Imit the signal grownd cument In arder fo orevent camage. Marmem ks
100maA. The Instrument Wil Ami the volage b the stad=d max. “skhout
damage" comman mode value

antl-allzzing Fitkar Filter Type 3rd order Buttsrwoth

At Izast 504E altencation of thoss -

frequarcies which can causs ~CicE @ 255 RHZ

allasing -3dB @ 100EHZ
Bape -18 dS/octave

Tazhe Zupply {on ENT conreciors)

Anakog Speolyl Funotlons

Analog 3slt-tset: Funcfional Check

Cvarload Dateotion”

Slgmal overioad
Common mods volages owerioad
OC s=rvo out of range

a.For CCLD and AC Inpuls see "Specfications — input Channeds, Standard 24-0% and Dyn-X" on papge 94

b.For speciikcations with 0.7
C. Note: AD overicads in chasge mode are indicabes &% “signal owerisad”

T and IZ.4Hz high-pass Wlzrs, see e comessonding specHicabions far S

CENT Dyr-X chanmeis

Specifications — Input Channels, Types 3109 and 3110

AL aiin
Freguanoy Fangs OC o 255 kHz oo fo 25 6kHz OC o 204 SEHz
[} ; = P 5
A0 Copwvarclon . 245k 16-bit for frequency
range =25 EkHz
Data Tramcier 240
16-b 1&-bit
1644t seleciable

Input vorlags Rangs T manges:

7079 M gy 10 7071 W

In 10dE sheps

& mangess 7071 MV geey 10 22,34V

r 10dE steps

Input Eigral Grownd Coupling

Flgating whnh 1000 bo chassis

Floabing or single-snded (grounded to chassiz)

Input Impsdanas

Direct, Micophone: 1 M2||<200 pF

COLD: =100 kG ||<200pF

Abcoluis Maximum Inpud

£50 Vpgey (30 DC) wEnOUL damage

{ purat, WHNOUT SamaAge

Highn-pace OC {fp = 2)
Fitbere YT 1% _3eB slope 105 —3dB P—
0.7 Hz high-pazs fli=r 0SS Hz J.O073Hz =20 dE/deC. 0.15Hz DOTIHz =20 dBidec
Tz digial high-pass fii=r 1.45 Hz J.707THz -20 d8/deC. 1.45Hz 0707 Hz =20 dBidec
22 4 Hz high-pass fiker 4 4 Hz 1.5Hz —&0 dB/deC. 12 E4Hz MNEHzZ &0 d8dec
ri=nsity fiRsr 23 00 Hz 11.2Hz —20 d8idec. 23.00Hz MNZHz =20 d8ddec
Abcoluts Ampittude Freolslon, 1KHZ, 1 V. =0.1dB =0.05dE, typ. £0.005dE
aftenuator Linsardy @ 1kHz =0.1dE £0.05dE, typ. £0.005dE
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Specifications — Input Channels, Types 3109 and 3110 (continued)

-l 310
Amgllitucs 11o 40dE pelow Wil scale =014dE -
Lin=arty N B
lin=ariy n 4] to EQdE below il scale =04 dE -
@ns range} 11z E0dE below il scale - =01dE, tyr. £0.01c8
5] o 80dE below Wi scale z1dE =02dE, tyr. £0.02¢5
U 10 UL OB DEDE 1 soEe - I¥p. +u=ad
Cyarall Fraguenay Froponcs DG to mar. 2048 B4z
re TkHz, # 2 #y IC to mar 25.5EHE =01 dB, f to 25.66KZ
=01dE #0.1=0.208, 4, b1 1024 kHz
+1~0.808, 1 o 204 5 kHz
Holes: mVm Maaswrsd lin. “0Hz to MEEkHz Maazumd lin M=acurad
ezt f=rminaled by I10Hz fo ZE. B EHZ n. 10Hz fo
SO0 ar less) 204 BkHz
Cvalves i parcnlhicscs Impd Manya Z4-plt ADD 10-=h ADD A2kt ATOQ
are spEcPed n
mHE Suarsnisad Guar,  Typ. | Quar. | Tyvo Suar. | Ty,
= 1 2 15 z 4
T.071 mv ERRER!
BT my * 25 s | pzsr | opm | o3 5
e—me . z z 2 1.5 3 4
sssmmy 3 zm = 1z | oo | oo =
5 T £ 2 i [} E
LT mi £ 32
: - (18 o | s [z | o 13
= 10 12
S22 EmV 10 (53] - - .
3z 3] k-1
I . 1o L 3 23
0T m ERERETY
N 3 3z | (134 155)
3 foc 125
T IEE 100 (E363
y RE- 5251 TE)
ATty 316 1880 -IE:I '35E'.'EE. :-1;:-32-2
I 3 1510 300 1200
LAV - 7E) q=3E |es TSI
Spunous.fres OC to 26.8 FHZ O to 204 8FHz
Dynamla Rargs _ -
{dZ1 ra full coals Inpat Sangs Guarsnfesd Suarantesd T¥p Guarantsad
Impag 0T mv LLE 25 =g =]
(ot terminaled by
SO ar less) S0ds 112 dB S0ide
ELEH] 17048 AR
BOdE or <=1 pY, whichewer Iz greater S0ds 120c8 S0ide
S0ds 12028 s0de
S0ds 120 ¢E2 S0dB
S0ds 120 ¢E2 S0dB
I2Awv - S0ds 12028 s0de
OC OMoet re Tull coals ‘Suaranisad Guaranised Typloa
=40 dB8 <—50d8 -80 c8

Harmanlo Distortlon 2l harmanics)

Dnzar arinad

DG 1o Z6.8EHZ

OC o 204 BFHz

Saar anlzzd

D

Suaaileed |T§|l|.l.

All Rangee Tu¥ to 77 Ranges
—&r iR |_-:_- AR | ~TEAS |-=n AR
-50dE o7 =1 pv, whicheve is greatsr 22V Ranga
—-7idB -8 :IE-| —T0ds |—5:luE
Crovstalk Fraqusncy Bangs Tm¥ - TV Fraguanoy Tmy - 7TV v
Hebazen any o charnels of a module or 9 ¥ Rang Irput Rangs Rangs Imput Rangs Input Famgs
betseer any S0 chamels In dfi=rent modules
U= ZEFZ —TuLr e —12vae = 31
i— 128z —BSdE -1204dE -30418
128 =ikl 00&0 11040 50 40
—100dE —a018
102.4— 204 .8 kHY —S50ds —8018

1
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Specifications — Input Channels, Types 3109 and 3110 (continued)

Maximum Phass Disrence
{wikhin o= frams)

a10% a110
Jhannel-fo-0Okannal Matsh isame hput reangs) Ouarartzed Trelaa Duorartsad Tapleal
0.2 from lower frequency 0.1 dE from lower frequency
Maximum Gah Denence - <[01dE
Imt, #, io upser e, f Imit, Ty, %o upper Imit, fij
2% 0.4 v W from f to A0 o f -1 1% ok §

1.2% =0.4" = ($1)) from 4 %010 = 1 {nct valid for
DT safting);

02" fom 10 = fj ko 1280 Hz (valld for OC sefiingl;
L

and 02" &t 10 =] (rot wald for OC w=mngh
0.2* from 10 = 1) b 6400 Hz (valld for DC seming);
0.4" = Ti5. 4 kHz —0.2" from £.4 kHZ o 204 5 kHz

17 - T (ZEd) TOM 1SS0 HE I 2 KHT | w180 B £5b EHE, b2t AL TULE EHET a0a 145" Al
I04 B EHT
Channelto.Channal Matet (any Input rangs) Guarartsad Tymlna Guarartsad Typloal
1,205 TOM IOWET TEqUEr:; 1.1 0= TOM IOmer TEqUEnc)
Maximurs Gan Dierence usred - =Ny <[ D5dB
Imt, #,, fo upser i, Imit, f,, %o upper Imit, 1,

Maxkrnum Phass Cfterence
{wikhin o= frams)

13" =0.4" « ) from 4 3o 10 v f {n<t valid for
0T s=fiingl
02" fom 10 = 1, 1o &40 Hz 'walld for 0T sefiingl;
21" + 0" = @{e40) from E40HE 1o 6.4 KHZ

12" =0.4" = By Iom 4 bo 10 = f {117 ak
snd 03" ad 10w} (ot valld for DT esflimgl;
0.2% drom 10 = 4 B 5400 Hz (valld for DT sefng);

| ke
08" = #54kHz — 1.8" from €4 kHz o 2048 kHz
[=Z25" of 25 B RHZ

122" at 102.4 kHz amd 25" a1
S&.0nEliE

EZound Intencty Phace Natoh

Conples with |IEC 1043 slancand Clxss |

and AMEl 51.12- 1595 Cazs 1

fonly for weing Intenclty fider) using Enlel & Kjmr Bound Inf=nsity Protes {0.047" @@ 50 Hz)
Shameche Malulvel 2 and = 1 anu 2
Fraquenay Famgs Guarzrtesd Phecs Maloh Guarar::::ﬂPha:c Tyaloal Fracs Matzh
50 He — 280 He laair La.git Lp.as-
250 Hz - 2.E kK D04 T" = (h250] 0UDT = {25 £0.poEe
25 kHz — B4 KHE ta.q o4 ouasr
Common Modsy Rejeotion TmY =TV f=4Y)
Imput Ratgs Inpui Rangs
Gwaranisad Guarartesd Trolzal Tiploal
O —120He 4[ a3, =0dE at o0 TO04as =l ] s0de
130 Hz - 1kHz 40 dE EE48 S0 dE s0dE
ikHz — 25.6kHE a0dB 404 40dE

Abcoluts Max. Common Mods Volags

215 Wy, Wilhout damage

25V pggy WHNDUE damage

=15V gy, Withoet clipoing

¥ cquy WHNOUE ZIpRINg

IT COMMON MOge ¥R X205 ME Nax, value, <
In arder b prevelt damage. Maximem B 100mA
max. “althout camage" common mode value

ArE FVUST J€ TAEEN [0 AMIL TV SGNal Qrount currem
The Insinment wil Imk e volage fo the skt

Antlallzcing Fllber
Al lmast S0dB

af=ruation of Goze

Freq. Range SZ26.6kHz | Frey Range >28.8kHz

2rd orcer Bub=Eraceth

Ird arder Buttaracrth

frequencizs winich car -0.1d8 § 256 kT 1S ERHE 1024 kHz
caus= allazing

240 @ 100 Rz 100k e 400Kl

Slops —fi5dEfochye -1 dEfociave

Supply for Mikrophons Freamplifere 5.0V, max. 10mA p=r charss| I14.0%, max. 20 mA s==r chanres
Zupply tor Mizraphone Polarization 200V #1V, orav
Zupply tor DetaTronacFYCCLD AmaA from 24 soune
Tasto Bupply jon BNT cinrechors) E.SW, max. 100 m&

Analog fpsolyl Fonollons

Mizroshons Tharge Injeaton Calbrzilom [Cepending o sofwars suooari

Anakg Betdsct Funchanzl Chack

Tranciugers: Sipports IEEE 14514 capanile trarsdwcers with sisndandised TEDE

Crvarioad Detevtion

Slgnal overioad

SCLD owerioad: Det=cion of cabls break or shortc

fauit

Micrashone preampiSflar cvsrioad: Cetection of
high w luw huw

Commnon meds voltage overload (Typs 2110 oo

rowl = debection of GCLD Transducer working polnt
mikcrophore preamplfier current consumpton oo

¥
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Specifications — Output Channels, Standard 24-bit and Dyn-X

Siandard Z4-bit
TEITIAT-AMFER-A

Cratpul Conneator

utput Goupling o]
I lgnal Ground Coupling Floating or grounded fo chassis
D& Converslon 24-bit
O°C OMeat £1my o 25C" and £10'mY ) full termperature range (-80cE re max. owlput)
utput Vollags Rangs 1V gt — 7 ¥
utput Impadance L1l ]
F reguanoy Fange OHz — 25.6kHE
Freguanoy Fecponces re 1 kHz 101dE, 1mHz 10 256 b=z
Freguanoy AcoUracy 0.0025%
W avedorm TEIT, TEET A TEER, TEIDA TE3E, TEEBA TELD, Te40 8
Software ded=mined Softwane det=mined
Bine only Artiirary wawetoms up Slne onily ArbHrary saveionms
to 2 Msampizs to 2 Msampies
Amplituds Linsarily & 1kHz Typloal
0 lo EDdE below fll scale +0.1d8
50 1o 100dE below ful scale +0.2dE
Meales Guaramtesd Tyroloa Guarantssd Typloal
(muREz) =30 {=188) 0 (425 =30 (=188 0 {128
Harmanio and 2 parious 0= 25.EkHz | <E0dB re full range output or 1 8%, whichever Is < 80dE re full range culput or 1
Drlstortion Froduots greater greatet
Absoluts Ampllituds Preslslon Duarantsed Duaranisad
2E°C, 1kHE, 1 =0.1dB +0.1d=
Crocsialk Guaramtesd Tymloa Guaranised Tymloal
between any generator
padout ang any 0=-2&Hz =100dB =11£aE8 =100dB =114 dB
channel on any madul: IkHz - 5.5 KKz -35 a8 1102 -E5dB -113d8
C-ommaon Mode Relsctlon Guwaranised Guearanisad
1Hz - 1 kHz B0 @E s1dB
Max. Common Mode Voltage 5V iy DG — SO0MHZ

must be faken o imit
e Instrumesnt will [l oy

If comenan made woltage sxcseds the mas. value,
In arder 8o srevent camage. Maemem k100 mA. T
max. “sithout damage" commen mode valus

skpnal ground curnent
stage fo the shabes

Fsoonctruation Fitber Type Bhith order Butsneort

Atterustion of miror fregeenches =30 a2

Specifications — Output Channels, Types 3109 and 3110

2108 =110
Courtput Conmeator 2 = BNC 1= BNC
Cetput Coupling oC
I lgnal Ground Coupling Floating or grounded fo chassis
D& Converslon 24-bit
O°C OMcat Cutput Lavel O Ofteet
.TIT'\.'p“; - I'I'I'\.'m; 100
- O Y g — TOIMY 100 PV
700 MY pgg — 7 imy
utput Vollags Rangs T T Vs
utput Impadance L1l ]
Freguanoy Rangs OHz = IS5 E KHZ OHz = 1024 kHZ
F reguanoy Response re 1kHz £0.1 ¢, 1mHz - 255 kHz
t0.1 28, 1 mHz o 256 EMZ +01=0.3 g8, 1mHz - 102 2KHzZ
Typkakt =0 .05 dB
Freguanoy AcoUracy 0.0025%
Wavedorm Sofware defemmined. Arbilrsry wawefams up b 2ksamples

20
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Specifications — Output Channels, Types 3109 and 3110 (continued)

210% a1
Amplituds Linsarily & 1 kHz ‘Guarantesd Guaranteed Typ loa
0 to E0dE below ful scale =0.14dB 201 dB +0.05 a8
&0 to 100dE below fil scale =0.2dB 202 dB 0.1 ¢8
100 o 120dE below fal scale =0.5dB =05 dB +0.2 ¢B
120 to 140dE below il scale =1.0dB =10 dB +0.5cB
Mole= [13Hz - 26 8kHz) 1% Hz - 26 2kHz) (10 Hz - Z04.8 kHz]
Output Leve ‘Guarantsad Guararbesd TVP Guarantesd T¥D.
- - . . 2 15 =
T g — 70 MV gy ERRER e qE -
- - . I 10 5 3] =
TAM Y pma = TI MY 20 (128 31 ) 111} 45
- . - - . =0 a0 300
TO0 N g — T Vipmaky Z00 (1250 21z (188 (5521
Harmonle and 0 - 25.EkHz < Z0dB m= full range output or 1%, whicheyver Iz < BOdE re full range oulpuk or 1 @V, whichever Is
Spuricus Distortion greabar greater; a1 10kS: load
Produnts
25.6 — 102.&KHT - %7008 e full range oufput or 1wV, whichever 15
greater
Typlcal §& 1EHz 13048 re full mnge oculput
Abcolusis Amplituce Freolslon ‘Guarantesd Guararbeed Typ loa
237G, 1EHE, 1 Vg =0.05dB =005 dB +0.005 08
@ 1kHz, 1MV — 7 Vpgai =0.1dB z0.1 dB +.05d8
Crocsalk ‘Gusarantesd Guaranteed Ty loal
between peneralor - _
cistout and any 0 - 2kHz —0ds -
chanmelcr any module T EHr - 25.5EHT —85dB -

—120 or better tham
—Si0dE re rmak. npet
0 - 4902.48kHz - F —150 @=
volkage whichever Is
Qreater (worse

Common KMode FAejsotlon Guaranised Guarandsed Ty loal
1Hz — 1kHz EDdE EodE £3dB

fikHz — 25.6KHE &0 g 24dE =0dB

2E8.EkHz —132.4kHz - igdE 2048

Max. Cemmaon Made Wolages i D0 — 4Kz

gu + MHZ — S0MHz & Vimak. DT — E0MHz

Reoon ctruation Fltbar Type Bevenih arder Swt=nsart Shifh crder Butheraorih
Abteruation of miror fregueencies = &0 g8
Monlor Cutput Comneciors 2 = BN
Output Lewe 'p for full scale Input In any range, =0.05d8

Coutput Im@edance

Harmonic Dilstartion 0 — 25.ERHE « —30d8
2 SkHz - 02 4kHx: < -B0dB
D Cffsest (Maw) Imput Fangs 0o Offesd (Max]
7074 my 120 mY
22.3e.mV o'
HKone

T0.71 my 1Emy

223.6-my S’

TO07.9 my 1&my
oSmy
0SmY

2.3V osmy

Signal Cartput From |ast smplser oefore ant-allssing Sher, but

after anaksg high-nass fksrs
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Specifications — Controller Modules Types 7536, 7537, T637-A, Th38, TH38-A, TH39, T539-A, 7540, 7540-A
and 5-channel PULSE Data Acquisition Units 3560-B-010, -020, 030, -040, 110, 120, -130, -140

LAN Interface

CONNECTOR
RJ45 (10bas=T!100baseTX) connector complying with IEEE-E02.2
100baseX

PROTOCOL
TCRIR

ACQUISITION PERFORMANCE

Data Transfer Rate (No. of Channels « Bandwidth) from Front-
end via LAN Interface, per frame:

18- and 24-bit moduesichannels can be mined

4508 kHz (24-bit data transfer), GB1_2kHz (18-bit data transfer)
This comesponds approximately {o:

Al

AUXILIARY 110

Humber of Input Channels: 122

Input Connector: 1 « High density 20-pole D-sub

Sampling Rate: 10 samples per second (no intemal anti-aliasing
fiters)

Input Connections: Single-sndzd

Input Violtage Ranges: Six mput ranges from 0.1 to 318V in 10dE
sieps

Input Protection: 50

Input Impedance: 1M || < 200pF

Precision:
Range Precision
Mnaev =0.5% of reading £20m\ offset
10 +0.5% of readng =7 mV offset
31ev +0.5% of readng =7 mV offset

1 +0.5% of readng Z4mV offset

Mo, of Channels®
U""“‘ELE;?“E"W it 16bit
{460.8 kHz) (691.2 kHz)
%6 18 27E
122 T &
5 72 oeF

318 mvf +0.5% of readng =2mV offset

. i one or more Type 3033, 3105 or 30322 Is Inchaded In fhe system
perfomeance s reduced to 2056 kHz, for example, 1€ chanpeis to Z5.6kHE

. If Type TS33 ks Inchuded, € chanmels b 255 kHE (153.6KHz)

. Theonstically, 105 channels, but imksd by max. member of channels in one
frame

100 MBE= LAN can comfortably support & data fransfer rate of 1200
to 1400 kHz, so for large systems with multiple frames, Gigabet LaN
may be requred for both PC card and Efhernet switch

Data Transfer Rate wia WLAN

Up to G00kHz (18-bit data transfer] for IEEE BD2.11g, 54 MB#
connection. dependent on loca transmission condiicns

Multiframe Control
This must only be connected o other BNC Multifame Confrol
Sockets i Type TA36 or THIT

100 mvf +0.5% of readng =2mV offset

COMPATIBILITY WITH EXISTING TYPE 7336 LAN MODULES
Type 7538 100MBit LAN modules. hardware version 12,0 and
greater, ane compatble and calibrated

Type 7538, hardware wersicn 11.02 and senal nurmber 2352215 —
23522340 of version 12,0, are compatible but nesd recalibration
Type 7538, hardware wersion 11.02, will not function properly without
a simple hardware modfication (less than 25 units affected). There
is a potentid for damage  these modules are used for Auxiliary
Logging without the modification

RS5-232 Interface

R5-232 OUTPUT
Fulfis El&-582 jelectrical) and ElA-5T4 (mechanical)

QUTPUT SUPPLY
W, mae S0mé

a. 1& Input charmels {12 cerrenily supported In sofware | plus 2 cuiput channeis
whizh allow simpie onic® contro
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Ordering Information — PULSE Systems 3560-B, 3560-C, 3560-D, 3560-E

-2680-B sEal-C =esl.0 2EBDE
Type 3EEI-E: Compact PULZE conclcts of: Conclefs of: Comeleis of:
&leo Imoludas the following Type 2827: Forable Data Acqulsbon | KE-00S0: Erclosurs imel. Fas Unig WHOS1E: 157 Rack Baounting Kit
BRI Winik TyRs 2526 Powesr Supply Tiks 2026 Fower Supply

= ZE-0425: Mains SuppdyEatbery’
Charger

= AM-mury Malkns Cabls for ZG-042
|wwwse: counfry depenciant)

= AD-OS4&: Porwer Supply Cable for
n-car use

Ak moludes the Pollowing
ATOEEEOTING:

ZE-04252
Lharger
AM-axxx: Malnzs Cable for 2G-0425
e cowndry deperdent)
A-RE4E Pomer Supsly wabis for
n-car s

: Profection Cowver
DH-0541: Emoulder Sirap

Malrs SupDiyE ey

Also Ingladss the following
AT0BGEOTIBG:

* ZE-0430C Makes Jwooky

AW-ywaw: Malns Cable for 2&8-0430
[ cowndny dependent)
AC-0€47;DC Supnly Cable (Eatlery
o Trpe S538)

D=-0%41: Ehoulder Srap

Alg o Insludes the following
AONBGEONIBG:

« T3E-0434: Mains Euoply

v Ab-vvre: Balns Cabls for 75-0434

- \H-I0a7; 157 Fan Mnk (Hesght: 1
slandard rack-mouning uRiS)

Zyetsrn Opblame

sofbware — ses fhe System Data for PULSE sodftware (24U 0223}

Any PLL3E
E-chamnel PULZE Data Acgulsiion
Units

Fndard

Type EE0-E-010C LEMD

Type I250-8-020: BNC

Type LEMD, Sanzrats

Type 2LE3-8-040
D¥n-E

Type 3S83-8-110:

BN, Generabor

LEMO

BNG

LERD, @ensrair
BNG, Generabor

Omes Controllsr Moduls from:
Standard

TyoE Confrolier Modesie
Tyoms
TypE
TypE
Tyoe

<h

Dwn-x

Type 7
Tyoe
Tyoe
Tyoe

TEAD:

«h

Che InpulQutpet Controler Modos (LERO)
1-ch. InputiCutout Controller Madule [BNC)
rputiDutput Conirolier Moduls wER Senerator (LEKO)
EZ5-A: EM-oh. InputiTuiput Condrcllzr Module with Generabor (BRE)

nputiDrutpet Controler Moduie (LEMO)
1-ch. InpuetCutout Controller Badule [BMNGC)
noutiD utpet Coninoler Moo wiEn Sensraior (LERIO)
TEAO-A SM1-C. InputiCutout Contraller Module with Generator (B RG)

ome InpudrCuiput Koduls
fram:

rout Meduls
Ch. Input Madule

ch. Input Rbodule
che InpubC utpast

Tyoe 3110: ZM-ch. Inpuet'Catout
Module

Up fo Flvs Input'Output Modulss
fram:

Etandard

* Type 303E: 12-ch Input Modul=
Type 303E-B: 1I-ch. Input Module
Type 3033 §—ch. Input Moculs
Type 3035-8: E-ch. Inpui Modulle
Type 3105; 4r2-ch. Inp ub'Duipud
Modie

Type 3110: ZH1-ch. InpastCatput
Mocuie

Up fo Eight Impubdwiput Modulss
framn:

standard

* Type 303H:; 12<h. Input Fosdul=

" Type 3035-8: 12-ch. Inpat Msiodule
" Type 3039 G-ch. Imout Modiuke

» Type 3035-8: &-ch. Inpwi Module
. ] ch. InpufiCuetout

« Type 3110 24-ch. InputiCautput
[El=]

= UA-{1365: Blank Modue * UA-13eE: Blank Moduke " LEA-13E5: Elank Module
Dwn-£ Dyn-X Dym-X
= Type 30ES: &~ch. Change & CCLD * Type 30ES: &-ch. CTharge & CCLD | » Type 303S5: 6-che Charge & CCLD
Input Rodul Input Maodule Input Module

" Type 3041 &=ch. Input Mogue " Type 3041: &=Ch. Inpul Modue " Type 3I041; E=Ch. Imput Modue
= Type 3041-B: E-ch. Input Eodule * Type 3041-B: E-ch. Inpui Modulle + Type 3041 E-ch. Inpwi Module
= Type 3040: 12-ch. input Modue * Type 3040 12-ch Input Modulk=  Type 3040: 12-ch. Input Mosdule
* Type 3040-B: 1Z-Ch. Input Module |+ Type 30403-8: 12-ch. Input Module |» Type 3040-8: 12-ch. Input kSodule
= UA-{1365: Blank Modue * UA-13eE: Blank Moduke " LEA-13E5: Elank Module

optional AooeGEories

= A1 EEY: Handls for Type 3223-E . - BaH=ry Charger amd Holder |« A2-0842: Pomer Calle befaees + WE-IEE: 157 Rack Erclosurs

= A-HEE0; Batlzry Thanger and H older | = b O04E; Extlery, NIEH DR3S UL-014%€ and Type 35230 « EA-ISED: Alr Gulde

= 2=} GE-D045: Satiers, MIH DR35S | = UA-155EC MNolebooc® Mounting KR * AG-0E43: Pomer Cable briwess * WH-1037: 157 Fan WUnk (Hedght: 1

AG-DE4Z: Fower Cable between
UL-015€ and Type ISEC-E
AQ-OE43: Fower Cable betwee=n
UL-01SC and Type ISEC-BE

Typaes J520.8.040, .03, 410, 480
* AD-O0S0: 7-pdn LEMD to ENC malz
mi) for fizating grouna
A0-0051: T-pin LEME bo BNC fie-
mals {1

Zm) for foabing ground
= JJ-D0E1: BRT Adaphor, female bo
i=male

UA-1572= 157 Rack Mourtimg Kt for
Tyoe 2827

AZ-0E42: Power Cable befaean
UL-015€ and Type 35£0-C
AC-DE43: Power Cables bafaman
UL-0150 and Type 3S£0-C
KE-0433: Sulcaze for Type 3520-C
and PC

UL-0120 and Type 35200
AG-0ESE: Poweer Bupphy Cable win
car sersice plug for 35 E0-0

UA-1 EEE- Mobebaok Mountng K

standard rack-mouning wnit)

\F: Pertable PULZE
Callzraten

Poriable FULSE

A In Hial Calzratisn

3560-8-CTF: Contormance =51 of

3560-8 wihh ceffcaie and meas-

uredl values

* 35E0-S-EWA1
dor 2550

Exterded Waranty
8, cne year extension

35el-C-CAF: Partable FULEE
Agoredied Calboration
35E0-C-CAl: Forlable PU
Accredited Initlal Calkbeabon
35e0-C-CTF: Conformance test of
35E0-C with ceriiicate and meas-
urad walues

35e0-C-EW1: Exi=nded Wasranly
for 3560-C, one year exizmsion

* ISEC-D-CAF: Porabnie FULSE

Accredisd Caloratken

3ISE0-D-CAL Foriable PULEE

Accredied Inital Calkbmation

* ISEC-D-CTF: ‘Conformance fest of
ISE0-0 wkn certificate and meas-
ured wvalses

* ISEC-D-EW1: Exlznded Warmamly
for 3560-0, ome year extension

« 1Ec0-E-CAF: Forable FULEE
dAscoredied Calrabon

 IE520-E-CAL Porlable PULZE
Acoredited intial Calloration

 I5E-E-CTF: Conformance test of
3E520E with cenflicate and 'meas-
ursd valuss

* 1E20-E-EWW1: Exterded warranty Tor
3E523E, ome year extension

F5EO-HLA
Aasresdhed calbratkhn [

npEnsing See lafizrs b She dyoe number, for avample, 39108-C

35E0-EM: Installation and Configurasion (at Brie| & K)jme
3560 Softwars and Hardwane Supoori Ore year of He lpline Suppork

Fl, Accrediied Inital Galkmban (SAD and Cenfarmance Tee {STF ars alss avalatle for
TF. For furiter Informafion, please corSsct your koo

ralvldual Ingubiawteut medules by
Eirlel & Kl rapresentatye
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ACCESSORIES FOR MODULES

TERE, TEAT, TERE, TEED, TE40, TEAT-A, TElE-A, TERR-A, TELD-A

2036, 028, TOER, 3040, 3041, FORE-EC, 303887,
a3040-8+, I0&1-E°, 3108, 311D

ACCERRORIER INCLUDED

AC-144°9; LAN Infzrace Cable crossover with RS (1m)
AD-1451: RE-Z32 Caple for PULEE Confrolier Module
J-0152- BMNGC T-connechor

UA-1617: LAN Cable Selet

Type J0EE:
= £ = JP-0162: THC %o 10-32 UNF Flug

OPTIOMAL ACCERIORIER

Typac TEST, 7638, TEI, TELD only

= AD-00S0: 7-pin LEMD %o BNC (1.2m) for Floating GMND

= AD-00S1: 7-pin LEMD %0 ENC female [1.2m) for foaling grd.
= JJ-0081 - BNC Adagpior, female to f=male

For AuxWlary Parameter Logging

= AD-1472: IT-pin D-sub t2 Aux D

= AD-0S554: 16 BNC Female fo 37-pin D-suk

= AD-0S25: I7-pin D-sub converier cable for DATAG DI-TEB

Type I547: Charge to SCLD Am plifier
JP-T45: BENC S0 10-32UNF Flug Adaxiar
AD-0526: 4-pin Mkcrotech br 3 = BNC Cablke
1 = BNC to muliplug for iiaxisl Bansducers
WE-14587: 20dB Alteraator

Types F033-B, 33398, 30480-B, 33412 only

= AD-0S535: 37-pole D-sud 1o € Microcot for acceleromebers

AD-0536: 37-pole D-sud 1o 2 plugs for triaxial accelerometers

AD-0502: I7-pole C-sub to & = T-pin LEMO {alkws CIC and polarizaton
volisge with Type 3038-8)

AD-0503: 37-poile D-sud 1o & » BNC Sockel

WE-1482- V20 1B Abermuator Adaptor for D-3ud coonecior

AT-0437: 3T-pole O-sub b & = 3-pin LEMO
WL-1251: 37-pole D-sub B0 6 * 7-pin LEMIO
WL-1251: 37-pole D-sub B0 & * BENC Plup

*Mote: The following acaptors should not be used with polartzafion voilage ensbled on the S-versions:

AQ-0SEZ 37-pofe D-sub bo ETSF/Beamiorming Anmay
WL : 37-pole D-sud 1o € = BINC Sockst

ACFTWARE
Please refer bo the Eysters Ceata for PULZE software (EU 0225

HOTEBOOH PCE®

7200-D-xry  Del’™ Shrdars Nokebook
7201-0-cxy  Dei® High-=nd Nos=oook
T204-A-0n Crete ROCKY |l Flus EX Ruggedized Mobebook

kx spechies couniry: DE, O¥, EE, FR, 38, IT, RU, 3E, U2

¥ specifies inclusion of Microsoft™ Office Prec 4 — not Inciuded; 2 - Incheded
TOWER PC-3®

T20Z-D—xxy el Spiplex GX280 Standard Desktop

TA03-E-awy oel™ Frecizion £33 High-=nd Tower FC

¥x speciies courtry: DE, DK, EE FR, GE, [T, AU, 3E, UE

¥ specifies inclusion of Microsoft™ Office Proc 4 — not Inciuded; 2 - Incheded

a. PCs are corstantly updabec. Conmtact your lozal dealer for latest Infarmatian.

TRADEMARKZ

PC ACCERERORIER

LL-0200 elricle Adapbor (12 — 32V for Rocky 0=
LUL-0213 Del™ 177 Fiat Panel Disolay TFT

L0217 Del® 137 Flat Panel Disalay TFT

PG HARDWARE

AC-1450 LAMN Imterface Cabl= wihh RJ4S

LUL-01E7 Metgear® 3-port, 100 MBI Swlich (220 % only)
L0130 Metgear™ S-port, 100MER Swich {220V oniy)
ar

L0239 Metgear™ S-port, 1 GER Swhich {220V only]

A wide range of Brlel & Kjmr Acceleromedzrs, Microphones, Freamplifie=rs and

Scurd Intenshy Frobes |5 avalable for use wiih a Type 3550 systkem. The
syshem supporis IEEE 1451.4 capamie transducers wih standardisec TED3

Siee alzo the PULEE Cataiogue (EF 020%) for Infcemadion on standard system
confgurations

Microsolt amd Wincows are regisizred trademarks ard Wirdows Visla™ s eliher a registersd trademark or trademask of Micrescft Comporation In the Wnkzd

States ancior ofher countries -
trademark of Sory Corporation -
or oiter countries - HP and
Corpeoration

ICP Is & registered trademark of FCE Group - MATILAE I a registzresd trademark of Thee MathiVarks, Inc

ZONY Is a register=d

Inted, Intei InBlusiness ard Fenthsm are reglsteres rademarks of bntzl Comporafion or &5 subsidlaries In the Uriked Stabes and/!
Cmnbook ane registered frademarks of Hewlsli-Fackard Company
- Heuwtrlk s a reqistered rademarkc of the Meutrie & roup worldwide -

D=l and Latilude ane registened trademarks of D=l Cormputer
Nelgear ks a registered trademars of NelGear, inc

Enlel & Kjaar reserves the right bo change specifications and accessories winout notice

I-EmJMT!ﬁE.DMHﬁHmum Desesark Tthphmt'-od!nimb'![d
Fi: +45 4550 1405 - ware bl wonim - infoalibls

=617 2GE20-E363 - Ausbvia (+43) 1 BEG TA00 - Beagl (#5511 51 62-B181

S L EDE-A235 - China (=28) 10830 20508 - Czech mbh-’--l;‘!:ﬁlﬁ?:lﬂ o

£26-755 960 - France (*33] 16990 71 00 - Camary (=450 421 1 1]
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PRODUCT DATA

15" Prepolarized Free-field Microphone — Type 4189

Type 4189 js designed for high-precision, free-field
measuremeants whare a microphons with high sensitivity
is required. Being prepolanzed, Type 4783 can be used

with both DeftaTron™ and classical preamplifiers.

USES

* Precision sound measurement

* Premium class sound level meters

* Equipment complying with IECE1672 clazs 1

Usze of Free-field Microphones

At higher fraquencias, reflections and diffractions canses a
pressure increase in front of the diaphrazm of a
microphons. If not comected, for this would result m an
mereased output voltage. A free-field cptimization means
that the frequency response of the microphons has been
designed in such a2 way that the free-field response at
0 degrees meidence 15 flat. This microphone 15 opiimised
for use with the protection grid in place.

Free-fisld microphones are commonly used for sound
measirement in an anechoic chambar or far away from
reflacting buildings, etc. Ancther area for free-fisld
microphones 15 for general electroacoustic measursments
purposas like londspeaker and micrephone measuwrements.

Type 4155 15 suited for use in class 1 Sound Level Meters
and for 2l lngh-precision acoustic measwrements where a
robust and stable free-field microphone with an wpper
frequency of 20kHz 15 raquirad.

Manufacturing and Stability

A prass-fitted, stamless-steel diaphragm ensures superior
lonz-termn stabilify and mechanical robustness — Type
4189 w1ll withstand the 1 m drop test of IEC 60063-2-32.

All Brital & Kj@r Maasurng Mictophones are assambled
m a clean room. This ensures that the microphones
mamtain their inherent low noise floor and gh stabality,
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FEATURES
* Sensifivity: S0mviPa
* Freguency: 6.3Hz — 20kHz
* Dynamic Range: 14.6 — 148dB
+ Temperaturz:  —30 fo +1580°C (=22 fo +302°F)
* Polarization: Prepolarized

even when used in environments with 2 combination of
high humidity and hugh temperature.

Polarization Voltage

Bemng prepolanized, Type 4189 1= especially well suited for
battery operated equipment and operaticn in snvironments
with high hunudity,

TEDS Microphones

Type 4189 15 available in TEDS combinations with either
classical or DeltaTron tvpe preamplifier The TEDS
microphone is considered one untt and has been sealed in
a clean environment. The TEDS 15 programmed with the
loaded sensitivity of the actual cartridge and the data is
therefore readily available. The defzult TEDS template 1=
to IEEEP1451.4 bu: TEDS to IEEE 1451.4 15 availabla on
request.

Individual Calibration Data

Each Type 4189 comes with an individual calibration
chart including information zbout the open-circult
sensitivity, the frequency responsa in a free field as well as
the electrostatic actator response.

An enclosed mim-CD contans the mdividual calibration
data at 1/12-oetave frequencies plus a wealth of technical
information, such as the influence of different accacsonias,
respensa in differsnt sound fields and much meore. Using
the CD datz and the EEq-X featire of PULSE™, 3 real-

Brilel & Kjaor i



time correction for different measursment situations, can

merease measurenent ACCUT ALY,

Fig. 1 Typical free-field response of the microphone with profection grd. The low-frequency response is valid when the venf is exposed fo

the sound feld
o8
5
[ ——— ——
=
L
=
- 3
1 0 100 1000 10000 100000 Mz
Specifications — %" Free-field Microphone Type 4189 (valid from serial number 2435387)
IEC 610544 Type Designation: W32F Max. Sound Pressure Level: 158 dE (p=ak]  Magnetic Field Sensitivity:
Polarization Voltage: 0V (prepolarzed) ENVIRGNMENTAL 6dB SPL for B0 A‘m, 50Hz field
Open-circuit Sensitivity (250 Hz)™: 0 ina T Sture Range: Estimated Long-term Stability:
S0rm\iPa, —28d8 £1.5dE re 1WiPa 30 +1%£I°C |'I—2" bc:+:][l2=|;"e. #1000 years/dB in dry air at 20°C (GE°F)
= H - o =< | - N . . -
0 Incidence Free-field Response?®: 5 Temperature: =2 hours/dB in dry air a3t 150°C (302°F))

10Hz to 3kHz =148

G.3Hzto 20kHz +2dB

Lower Limiting Frequency (-3 dB)*:
2to4Hz

Pressure Equalization Vent: Rear vented
Diaphragm Resonance Frequency:

14 kHz (B0 phase shift)

Cartridge Capacitance® 14 pF at 250 Hz
Equivalent Air Volume: 26 mm™ (250 Hz)
Pistonphone Correction {Type 4228 with
CP-0776) 0.00dB

Carfridge Thermal Moise:

14.6dB{A), 15.3dB(Lin)

Upgper Limit of Dymamic Range

(2% Distortion): »14843 SPL°

a. Indivicualy calbraled

In Microphone Boe: =30 to +70°C

{-22 to +158°F)

With Mini-CD: 5 to 50°C (41 o 122°F)
Temperature Coefficient (230 Hz):
-0.006dBEK {-10 10 +50°C, 14 fo 122°F)
Pressure Coefficient -0.01 dB%Fa

ing Humidity Range:
Ot 100% RH {wiihout condensation)
Influence of Humidity:
=0.1d8 in the absence of condensation
Vibration Sensitivity (<1000 Hz): 62 5dB
equivalent SPL for Tmis? axial vibration

5. 137dE (peak) with DekaTron preamplfer and

24V suoply and 140dE (peak) with =15V supply

=40 years/d8 in air at 20-C (88=F). 0% RH)
»1 year!d8 in air at 50°C {122°F), B0% RH)

DIMENSIONS

Diameter with Grid: 13.2 mm (0.527)
Diameter without Grid: 12.7 rmm (0.507)
Height with Grid: 17.6 mm (0627
Height without Grid: 16.3mm (0.647)

Thread for Preamplifier Mounting:
N7 mm—-80 UNS

Note: Al values are typical at 23°C (T2.4°F),

101.2kPa and 0% RH unless otherwise
specified

CE GCanlimaewm EMC Dirzctive

Ordering Information

Type 4188 4" Prepolarized Free-fisld

Microphone

Inciudes the followng accessones:

» BC-0224: Calibration Chart®

+ BC-5002 Microphone Mini-CO°

TEDS COMBIMATIONS

4188-A-021 %" Free-field Microphone with
Preamplifier Type 2071

4128-4-031 ‘2" Free-flield Microphene with
Preamplifer Type 2080

4188-B-001 %%~ Free-field Microphone with
Preamplifer Type 2068-8

c. Siat= microphone seral number i re-orderng
calbration dats

4188-C-001 %% Free-field Microphone with
Preamplifer Type 2668-C

4188-L-001 %% Free-field Microphone with
Preamplifer Type 2668-L

4188-W-003 4" Free-field Microphone with
Preamplifer Type 267 1-W-001

CPTIONAL ACCESSORIES

Type 2808 4 Morophone Preampifer

Type 2871 % DeliaTron Preamplifier

2871-W-001 4 DeltaTron Preamplifier

(wersion with LLF < 1.2Hz)

& DeltaTron Preamplifier,

A-weighted

Type 4231 Sound Calibrator

Type 4228 Fistonphone

Type 2089

Type 4226 Multfunction Acousiic
Calibrator

DPO778  Calibration Adapior for &
Microphones

Ua-0033  Electrostate Actuator

Ua-1260 " Angle Adapior (appros. 80°)

L0386  Mose Cone for 22" Microphone

Ua0237  Windscreen for " microphaone,
40 mm diameter

L0458 Windscreen for " microphaone,
85 rorm diarmeter

BAS1DS The Microphone Handbook

CALIERATION SERVICES

4188-CAl  Accredited Inital Calibration
4188-CAF  Accredited Calibration
4188-CFF  Factory Standard Calbration

Enlel & Kjaar reserves the right to change specifications and accessories winout nofice
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PRODUCT DATA

DeltaTron” Microphone Preamplifier — Type 2671

DeltaTron™ Microphone Preamplifier Type 2671 enables

to make scoustica measuraments with a

DeltaTron™ input module. You can cofnact ¥ prapolarized microphones to the preamplifier. The

eamplifiers low output impedance allows
'gresag means that yﬁmﬁ'se Type 2671

LSES

2 Loww price, multichannel sound measurament ssiups
with ¥2" Broel & Kjeer Prepolarized Condenser
Wicrophonzs

2 Multichanrel signal analysis measuremzants

2 Nultichanre! sound power measurermants

2 Irdustrial machinery noise measurernents

FEATURES
o ICP* compatible

roblem-free wse of o
ver @ wide range of eliviranmental conaltions.

extersion cables. The robust, compact

B -
&,ﬁ
i PR

2 BMC connector for easy irstalation and use with inexparsive BMC cables
o Connects directly to DeltaTron™ sockets and to Broel & Kjsr microphone soccets with adaptor
2 Loww output impedance so that long extension cables can be used

o Faleon Ramge™ product

2 Supports "Smart transducer Interface™ IEEEP 14£1.4 containing TEDS (Transducer Eleccronic Data Sheet)

Introductivn

Freamplifier Tvpe 2671 s very compact and operates over
a wide range of temperature, humidity and other emviron-
mental candifions. Tt Fas a wery high inont impedance
presenting virtually no load to the microphone. The low
output Impedance mears that you can connect long cables
between the preamplifier and measuremert equipment.

The main application for the przamplifier s in vibration
setups with DaltaTron® or ICF® nput modules where it Is
also desired to make acoustical measurements. It presents
a wery price competitive solution comparzd to a systom
with both vibratlon anc acoustical inputs.

Description
DeltaTron® Is a generic name for accelerometers and signal
conditioning products fom Briel & Ejsr. Itidentifies prod-

ucts that operate on a constant-current power supp’y and
glve output signals In the form of voltage modulation on

the power supply line. One of the advantages of this system
Is that it allows you to use inexpensive BNC coaxial cables.,

The preampliler converts the DeltaTron® or ICP* con-
stant-current line drive (CCLD) sapply, whioh must 2e be-
tween 2 and 20mA (nocminal 4mA). into a constant 12V

DC kevel. The output signal from the microphone swings
around this DC level. Since no polarization voltage 1= avail-

able, only prepolarized condenser microshones can be

used, The Inpul lopeslance of Type 2671 0= Leeered
L3G0 wth the purpose of making a high-pass filter a
20Hz. This is done In order to compensate for fikers which
are often missing 'n the input modues (for example. 4
welghting) . Type 2E71 is alsoavallablein a version without
the high-pass filter.which has a flat response down to 2 Ha,
and In a version with built-in A-welghting. Type 2650,

TEDS

Support of TEDS means that the preamplifier can be used
with the newly developed Smart Tramsducer interface ac
cording to [EEEF 1451.4. The ability to store and recall
TEDS data drasticelly reduces test setup time and allows
cost savings In most measurement slations.

Electromagnetic Compatibility (EMC)

Susceptibility of the preamplifier to mdicfrequency elec
tromagnetic radiaton Is low. The preamplifier complies
with the requirements of EMC-directive B9/336/EEC. The
product 15 In conformity with the following standards:

EN 50081-1 (1992): EMC - Generlc emisslon standard.
Residential, commercial and light Industry.

EN 50062-1 (1992): EMC - Generlc immunity standard.
Residential, commercial and light industry.

The prodact has been tested and found to comply with:

2671
Briiel & Kjeer &~
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prEN 50082-2 (Aug. 1994): EMC - Generic

RF flelds from B0 to 1O0D0OMHz at a fleld strength of 3

o

Immunity standard for Industrial environments (final draft) . and 10V/m with an amplitude modulation of BOFG
3 Electrostatic discharge, 4 and 8kV
EN 50081-1 covers, e.g.: 2 Translent bursts at 1kV
o Radiated emission. 0.02 to | GHz 2 Magnetic flelds with a strength of 30 A/m at 50Hz
2 Conducted emission. 0.13 to 30 MHz 2 Pulse modulated radio frequency fields, D00MHz at a
prEN 50082 -2 covers, eg.. the effects of field strength of 3V/m and a duty cycle of 5006
Fig. 1 Sensiltty Prase
Tvpical frequency and phase responss cuUrves [ dE re 250 Hz] [Dmgress 2227001
for Freamplifier Type 2671 o0z 20
o Al Hude: -
oz 4 - o
-o4 -
Fhase
—oe 4 — =
-hE T T T -E
0 HE 100Mz 290 He 2kHz 0k
PalE73a

Specifications - DeltaTron Microphone Preamplifier Type 2671

Frn&m:{jfﬁ&w}azﬂﬂ HEJZdB
200Hz to S0kHz +0.2dE, -24dB
Lovwsar - 3dB limit at < 12Hz
Uppar -05dE limit at = 5 kHz
Attenuation: -0.3dE {typical)
Gain Matching: 200 Hz to 10kHz 01dB
Phase Linsarity:
1kHz to 10kHz, <£1°
1080 Hz to 20kHz, <-3°, +107
Phase Matchirg:
5% at B0Hz
2% at 100Hz
Input Impsdancos 1.5G3 ) <04
CISI:puI: Iﬁ:ndumn: <500 ¥
Mex. Dutput Current:
At 4 md supply. 3md (peak)
At 20ma supply, 19mA (psak)
Max. Output 'l?oﬁ‘t':lgn: Fea
TV peak for t «20kHz
ing to:
141dE SPL tor microphone sansitivity of 30miPa
1232dB 5PL for microphone sensitivity of S0mviPa
M. DC Output Lewal: 12V 22V owar the specified operating temperatura
ran
Distortion (THD:
«-T0dB at 10V, TkHz
«-60dE at 10%, 10kHz
Dutput Slew Rate: 2Wius (typical)
Noise:
<4uV Awaightad
<15uW Lin, 224 Hz to 22.4kHz
Start-up Time: Signal within 0.1 dB within <103
Powor Requirements DeltaTron™ supply, 2 to 20mA. Mominal 4mé
Connector Typa: BMNC socket
Dimensions 12T mm = 85mm (% = 3.37 (imhding connector)
Thread for Preamplifier Mounting: 11.7 mm - S0UNS

TRADEMARES
ICP Is a regigtered trademark of PCE Aazoironks

Temnpaerature Range:
Operating: -20°C to +60°C (-4° to +1407F)
Stor.:anc =264 o + 700 (137 6o+ 158°F)
ity: 0 to 902 RH, non-condersing at 40+C {(104°F)
Shock: Max. 100?1_“
Influerce of B0 Am, 50Hz Magnetic Fiald: Mas. 4

Note: the Tmm hok on the side of Type 2671 is tor acowstic wentilation
and must not be blocked

Tha data shows are walid tor 4mé supply, cable length <40m and
microphone capacitance = 12 pF, unless otherwize specitied

( € Compliance with EMC Directive

Ordering Information

ENC to BNC coaxial cables
2m

A004 2 1. Qrtﬂ
A00142 I0m 98t

A004 30 10m (322Fe)

ENC to BNC double screened cables
A004 29 1.2m (38Ft

A004 26 I0m 92
A000427 10m (322FL)

Other cable hngth: on request
L& Dosay rtablke Triped. Incdudes Mounting Adaptor UAQS09
and two Extension Rods

s cam ht-weight Tripod

UA He2 M%untlnq &daptor

Fn:mm' Supply Adaptors

Supplies ogf'liant CFI|JI'I'\O|'|I fram microphors sockets
32 Brikl & Kjeer 7-pin to BNC

WE 1421 LEMAC £o BNC

Bril=l & Kjzer resanves the right to change specifications and accessories without notlcs

HEADSUARTERS: DH-F50 Havuim - Danimark - Teba phome: +45 48580 0510 - Fax: +46 4580 M08 - wars bl wcom - isfeiblav.eom
Astraka (+81) T :EB’B-EEB .-'l.l.lnl"ﬂ tﬂ|1o&5?¢l2ﬂ Enazil [+55) 11 5188-5186 - Cansdia (#1514 8652235

China [+58) 10 BE0 29008
Ganmany (=451421 17
Iy [+385} 0357 E5061 Japan [+51) 33570

5!52 2E702 1100 - Finlsad {=35350-765 G560 Frlm
TETO I-mn Hizng [+ A2 T35 - Hungary |+:-é 17152305 - Inalaad

BET 1 - Fupibiic of Hona

;1-3:-'- HJ:'IHIII
#B3 T T3 0805 Nllhiﬂlr-m-'fh 318550000
377151?
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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 Power Amplifiers — Type 2734-A and 2734-B

For proper buiiding acoustics measurements, a sound
source which fulfille fhe relevant standards (for
exampis, 150 7140) is reguirsd. Briel & Kjaer offers &
compete range of sound sources for bullding acousfics

@
measuremeants, including Tapping Machine Type 3207, "
single-speaker omnidirectional OmmiSource™ Type
4235 and 12-spsaker omnidirechional OmniPower™ | . N

Jo

Type 4252, Power Amplifier Typs 2724 can dnve both
OmniPower and OmniSource. Oplional carrying cases
far the sound sources ars available, as well as wirsless
confrol sysfems for use with Hand-held Analyzer Type
2250 and the dual channel Type 2270

] ’L\t
€ 2
[ g ]
Uses and Features
Uszes Features
+ Architectural and building acoustice * Part of a complets building acoustice system
* Measurement of: featuring Briel & Kjaer's Hand-held Analyzer Type
— Airoome sound insulation 2250 or 2270
— Reverberation time * Two omnidirectional noise sources
— Impact sound level * Tapping machine for impact sound level

measuraments

* Remote operation via cable or wirsless remote
control

* Safisfies national and intemational standards

* Fobust

* Eagily porable

Briel & Kjzer =@
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Introduction

Architectura]l and buil ding acoustic measurements require a rangs of nolse sources for airrbome
noise and Impact nolse NansmIsslon Measilements.

For anbome noise transmissicn measurements, an omuidirectional sound source 13 needed.
Brizel & Kj=r offers two soluttons: OmmiPower Sound Sowce Type 4292 and OmmeSource
Sound Source Type 4205,

For impact sound measurements, Briel & Kj=r offers Tapping Machine Type 3207, 2 robust and
portable deviee that finlfils natienal and mtemational standards.

These sound sources form z part of 2 complete measmement system zlenz with a diiving
amplifier (for example Type 2734-A or 2734-B), a sound level analvzer (for example, Type
2250 or 2270}, and a PC with Building Acoustic analvsis and reporting software.

Bridel & Kj=r supplies all of these itemms and a range of camrymg ecases for storage and
transportation.

Product Line:

o OmmPowrar Type 4282, 12-speaker high-power ommidirectional sound source

+ OmmiSource Tvpe 4293, lightweizht single-spezker ommdirectional sound source

+ Tapping Machine Type 3207

+ Power Amplifisr Typs 2734-4 or 2734-B, amplifiers for driving sound sources

+ Flight Case KE-0449 and Canrymg Cases KE-0364 and KE-0392 for packing and transport-
ing squipment

* Cables and Wireless Remote Confrol accessories

+ Battery Eit TTA-1477 for Type 3207

Omnidirectional Sound Sources

Fig. 1
CmniPower Sound
Source Type 4292

For mest building zcoustics measwrements, the sound source must radiate sound evenly m all
directions to give reproducible and reliable results; therefore, the relevant building acoustics
measwements standards (IS0 140 and IS0 3382) require the use of an ommdirectional sound

SOICe.

OmniPower Sound Source Type 4292
COmmiPowsr Ommidiwectionzl Sound Source Type 4292

(see Fiz. 1) uses z cluster of 12 loudspeakers in a

, ‘_h dodecahedral confizuration that radiates zound evenly
with a sphereal distnbution. All 12 speakers are

. comnected mn a sertes-parallel network to ensure both in-
\ ‘ phase operation and an impedance that matches the

power amplifier. The entive assembly weighs less than
14kg and is fitted with a convenient lifting handle that
doas not measurably nterfara with the sound fisld.

L0188

Powerad by Power Amplifier Tvpe 2734-A or 2734-B, the Soumd Souwrce can deliver a
mayinmm sound power of 122dB re 1pW (100-3150Hz). The hizh power output of Typa

4292 makes it 1deal for sound msulation measursments.

Type 4252 satisfies the requrements of DI 52210, IS0 140 and 150 3332 standards (se= Fig. 2
thromgh Fiz. 5). Itz divectional response for the horizontal plane 15 shown m Fig. 6.
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Fig. 2

Frequency response
for "s-ocfave sound
power levels for
OmniPower Type 4232
wsing Power Amplificr
Type 2734 and s
indernal pink noise
generaior

Fig. 3

Frequency response
for -pctave sound
power levels for
OmniPower Type 4292
using Power Amplifier
Tepe 2734 and is
indernal pink noise
generaior

Fig. 4

Dirchvity for
CmniPower Type 4232
according fo S0 140
maximum devishion
fram mean for ‘gliding”
3 are. Lipper and
lower cunves ars the
IS0 140 tolerances

Fig. &

Dirchvity for
OmniPower Type 4292
sccording fe (S0 3382
maximum devishion
fram mean for ‘gliding”
A arc. Lipper and
lower cunves are fhe
[S0.3352 tolerances

120
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ocfaves. Below TkHz

fhare i5 no significant

dewiafion from
irectionaiity

Fig. 7
OminiSource Sound
Source Type 4235

Fig. 8

Maximum \-ocfave
sowd paver levels
for OmniSowce

Type 4295 using
Fower Ampiifier Typs
2734

Fig. 9

Mzximum 1 -ocfave
sound power levels
for OmniSource
Type 4295 using
Fower Ampifier Typs
2734

113 o,

Typa 4202 Dirsschional Respones

TkHz sua
2 kHE —

Tgsa 4200 Minaclonal Rasponsa
112 oct 4kHZ ...

OmniSource Sound Source Type 4295

OmmiSomce Sound Sowce Twvpe 4295 (see Fig 7)
presents a new solution to omnidirectional sound source
design. Type 4293 15 optinused for the measurement of
room acoustic quantittes such as reverbezation time,
sound distibution and spatial decay. The patented
principla of the OmmSource Seund Sowres uses a single
hogh-power loudspeaker, which directs the sound signal
through a conmical coupler to a cireular orifice, and
despite ifs compact dimensions and low weight
OmniSonce Type 4295 12 still capable of emitting a
sound powser of 105 dB ra 1 p"W (zee Fiz. § and Fiz. 9).

The size of the orifice and the shape have been carefully
engmesred to radiate sound evenly mn all divactions.
Thus, Type 4295 fulfils the national and international
standards for cmmdirectional sound sowwees (see Fig. 10
and Fig 11}, Type 4295°: directional rasponse for the
plane through the axis 15 shown m Fig. 12
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Fig. 10

Direchvity for
CminiSowrce Tiype
4285 acconding fo
50 140 maximwm
dewiation from mesan
for ‘ghding” 30F ars.
Lipper and lower
surves are the

50 folerances

Fig. 11

Dirschvity for
CminiSowrce Type
4285 according fo
503382 maximum
devistion from mesn
for ‘ghding” 30F arc.
Lipper and fower
sunves ars the

50 folerances

Fig. 12

Type 4295 direcional
response for the plans
frough the axis,
megsured in 13-
oofaves. Below TkHz
and in the plane
permpendicular fo the
auis, fhere is no
significant devizhon
from amnidirectionaliy
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Impact Scund Source

Tapping Machine Type 3207

Tapping Machine Type 3207 15 an impact sound gemerator (see Fig. 13). It can be used for
imipact sound mezsurements to national and mternational standards. The unit 13 available with
an cphonal battery kit and 3 remote contral.

Tope 3207 usas five hammers each weighmg 300 z and operating at 2 Hz dropping from a height
of 40mm, giving an cperating frequency of 10Hz, This fulfils natienzl and mternational
standards. The hammers are operated via tappets on a single shaft. The shaft 1z driven by a DC
moter via 2 toothed belt and gzarbox.

[&1]
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Fig. 13
Tapping Machine
Type 3207

Fig. 14

Accessonzs for
Tapping Adachines.
Baffary kit

LA-147T (right, and
Wirglezs Remoks
Control LIA-1476 1=,
which may alse be
ws=d fo confra’ the
internal genershor of
Power Amplficr Typo
2734

The umt iz based aromnd a welded
aluminmm chassis. Both size and wea ght
mimmized for  easy

have bean -
transportation. Three extendzble legs
suppert the unit dwime operation with
rubber f2at that are hetght adjustable with
suppliad gauges. Thiz gives stable and
! smgizee | 07 Wireless Femote Control Cpion

level mownting during operation in
accordance with the relevant standards.

The umit iz powsred wviz the supplied
mains adaptor o1 the optional battery kit
(see Fiz.14), md can be remotely
switched on and off via cable AQ-0533

TA-1476 (zee Fiz. 14).

1

e

i

DGHERT

PELP LT

Power Amplifier Types 2734-4 and 2734-B

Fig. 15
Top: Types 2734-4
and 2734-8 ars built
inde robust fight cases
Middie: Typs 2734-4
showdng front mounfed
sonirols and
comneciorns

Bomom: Tape 2734-8
includes warsiess audio
system VL0256

t[l
] 1

S0y
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Type 1734 is designed tc power sound sources
during  bulding and room  acoustic  fiald
measmements. Compact, Lzht weight and built mto
a robust flight case, it 15 2azy and safe to canry and
franspert toe the measvrement location.  All
counectors and contrels are on the frome for easy
access.

It 15 simople to get the ouput level mght and
reprodace previous seffings using the power
amphfier’s calibrator controls and level indicators.
For fleability, 1t has XLE, jack and BNC mput
socket: and BNC lne and speaker oniput sockets. A
sensittvity selector m 10dB  steps allows the
amplifier to adapt to a variey of source signal levels
and somd sowce ratings. Hand-held Analyzer Tepe
225002270 gensrator sigral can be connmected to
the amplifisr mput, to provide the pmk or white
noize wad m bulldmg acoustics.

In addiion, Type 2734-B includas a wireless audio
system (Fig. 237 w  accommodane cable-free
transnrssion of the building acoustics test signal
which eould be white, pmk or band-limited noise; or



mwept wins Wireless aperatiom al=n makes spures and meesiter poaiton changas more
convement. Tvpe 2734-A can be upgraded to Type 2734-B by imstalling optional Wieless
Andio Svstern UL-0256.

Type 2734 haz a buili-in zevevator providing pank ov white nolse m the 30-3000Hz rangs. It can be
contolled from the front pacel, or wath the optional Woelass Franote Control TA-1478 (the same
coniral wsed to control Tappng Machme Type 3207, Fig. 14). Transouter TTA-1476 has a puchkey
for mammzl cenfrol, and 2 eable comection for automatie control friom an analyzer

Casss
Caunrying Case KE-0352
Fig. 16 Ommni Souree Sound Source Type 4295 has an
%_'Tﬂﬂg';‘i,[ baze optionzl. custom-dasigned canying case with
showder strap, KE-0392 (see Fig. 16), for
easv storage and transportation. The case 13
foam hned and provides mmpact protection
for the Omu Soures inside.
Fligh: Case KE-0449
An optional transportation and storage case, KE-044% 1= available for OmniPywer Sound Semce
Tyvpe 4292 (s=a Fiz. 17, left). It 13 custom desipned, faatures a foam Ining to protect Type 4202
and has two handles for ease of cartage.
Carrying Case KE-0364
For the OmnPower tipod, Canvmg Caza KE-(364 (see Fiz. 17, night) 1z equipped with both 2
shoulder swap and handles.
17
aght Casze
KE-0443 (lefi)
and Camdng Case
KE-02E4 right]
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Complete Systems

Cire A0 el s oo
Fig. 18 Complelz sysiam
Fower fnpdier Type T34-A q:l
4Z5E Dl Foswr
BO-DETE
. Caila 10m) —== w
20T Tapging Madhing i D

The zound sources mentioned abowe belong to a 1ange of complete measurement systems from
Brusl & Kjzr, including power amplifiers, seund-level analyzers, and PC-seftware for analyzms
decumentmg results.

Fig. 19 Sound sowrces walh wireless remofe conirof opfions

BEE PT 450 singlans
4282 Crnif ownar or 42558 OmniSoucas Ao TRra Tl

1
U476 Wirakas
! Remetk Contral Fowes mplfior Teoe 2734-8 FPENEETC
Racabesr Iradiocing AEG SR H50 R ver
|:2 far Tapping Maching

.ﬂ-- — ...n.

_____ e
@o « B o8 H
0T Ta Mating U 1476 'Wirslsss Ramots Contral UJ
FRra Recabear for Type 2724 L&-1476 Ramate Sontral Wirskss
B Trara i Ser Lbh)

Hand-held Analyzer Types 2250 and 2270

[ig. 20
Hana-held Analyzer
Types 2250 ang 2270

Type: 2250 and 2270 are robust, hand-held
instrument platfoms desizned to bost a
wide range of sound and vibiaton
measurament appheations. Ther uses range
from assessing envivonmentzl and workplace
noise o industial quality contrel and product
developrsnt.

Type 2250

Easy to wuse, their robust, lizht and
ergonomic design make them easy to zrip,
hold and operate with one hand Theirhigh-
resolution eolour touch sereens show the
instrument setup, status and datz at a glance,
and let vou selact what you want to see with
the fap of a stylus. The “waffie lght”
indicator, positioned centrally on the push buitor panel, shows you the cument mezsurement

status, even from a distance.
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The hand-held analyzers are built for the tough snvironment of flald measurements. They will
work reliably o raim, dust, heat, frost. day or mght and can be placed on a tripod.

For decumentation, vou can add spoken or wiitten comments to your measurements, and make
sound recordings during any of the measwrements. (Mote that sound recordmgz requires Sound
Eecording Option BZ-7226)

Tope 2250 15 a single-channel analvzer, while Type 2270 15 dual-channe! and has additional
features such as a buli-in camera allowmg vou to attach photos to your measurements and a

LAN mterface.

The lnsh precizion hand-held analvzers offer a wide range of optional software application
modules, mcluding prominent applications such as Beverberation Time Software and Building
Acousties Software.

Reverberation Time and Building Acoustics

Reverberation Time

Feverberation fime 15 an important featwe of spaces where sound lavel, the mntellizibality of
speech or percepiion of musie 15 impartant. It 15 the time that 1t takes for a sound to decay by
&0 dB. Usnallv, the timea taken for the sigmazl to drop 20 or 20 dB 15 measured and extrapolated to
find the time that it would take the s1gnal fo dizsipate by 60 dB.

Fig. 21 Feverberation time 13 measured, using an impulse or

FReverberabion Time an interrupted noise, at several posifions, which are

me‘fswen?en{ - then averaged together.

measwed using the

interupfed noiss

method To measwre reverberation time, smmply press the
Start/Pause push button on the hand-held analyzer
and, 1f vou are using mopulse exeitation, burst the
balloon.
A wellow “zmuley” icon indicates that you may be abla
to improve the measurement at one {or more) frequen-
ov bands, 2 red smiley indicates that the measwrement
should be retaken. Tap the relsvant smuley icon to
read the explanation.

Fig. 22 AILDIKIG AGOLIS ] 3

Revarberafion fime 50 Card NTWFroject 050 o

spechum (ief);

FReverberafion decsy
curve {cenfra); and
Cwerview of results

fright)
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Fig. 23

Reamd srirns and
microphione posifins
for mezsuning aibams
sownd insulzfion

L4 = Source roomlevel
L2 = Receiving room
lzpal

B2 = Background fevel
T2 = Reverharstion
Time

Fig. 24

Exzrypies of bulang
Anmedin
messurements wsng
Type 22500227 0:

L2 average and L2 at
e position (Leff
Onveoricw of
measurements
(Certer]

Finai resut {Right

Building Acoustics

Bulding acouwsfics 1s the zsseszment of airtbome, fagade or impact sound mnsulation m buldmes.
The azsessment 15 based on measured 1'l-octave or 1/3-ootave specta within the 303000 Hz
rangs. Deasurements m:y be serial (one frequency band at a tume) or parallsl {all bands
simmltaneonsly)

Airborne Zound Insuwlafion

Fig. 22 zhows a tvpical auborme task setup using 2 lowdspeaker (emitting pink noize) and a
number of meerophone positions to measure the average sowree room spectrume L1, and the
averags recaiving room spectrum L2 The averzze backzromnd noise spectiuam BZ 15 measursd
to verify the frus L2 spectrum. The average reverberation time spectrum T2 is measured, fo
corect for the amount of absorption m the recerving room. Finally the single nomber result (for
encaple Dpral 1 calowlsted Do e L1, L2, B2 amd T2 specica, aml e resull can ben be
compared with the mimimum requirements stated in the building regulahons.

o

‘, _— L1 | |L2 B2 T2

(]
]

‘uuumz

Saurce Room

i —

oo

Partficn Frosiving Sioom

The sound level depends on the posifion m the rooms, so several microphone posifions are usad
o memasiue Qo average of (e souce tovw Tevel, L1 the averape of (e reeeiy g vovan level L2

and the average of the bickground noise lavel B2 The average reverberation time T2 15 also
measured using several pesitions.

Examples of measurements and results are shown m Fig. 24
ILDEIC: A il 10 Fagad:

CF-CadkobiiFmjesiln & REBLLT

M= =
-
N s
Ll
X L] =
LAF 4.0 8
LCF 48,2

= % 7

Fagads Sound inswlation
Faeade sound insulation i a variant of airthome sound insulation, with its cwn standards. The
“omares ranm” 15 the spare nnfsida the facada, and the smimd smmes may he road traffie or a

loudspeaker representing sutdeor nose. When uang traffic noise, the indoor and cutdoor sound
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levels mmst be measured simultanecusly, raquiing dual-channe] measurements (Type 22700
The outdoor microphons posttions are flush with the fagads, or 2m in fromt of 1t. Caleulations
are similar to those of abbome sowmd imsulation, but take the presswre mereass at the
microphone peositions nfo account.

Impact Sound Insulation

Impact sound 15 typleally caused by footsteps., and to measurs impact sound msulation a
standardised mopact sound source (tapping machine) 15 placed in the sowree room. The eceiving
1oom levels are measurad as for aithorme sound insulation, with severzl pesitions of the tapping
machme. Caleulations are like those for anbome sound msulation, except the results represant
abzolute (not ralatrve) levels.

PULSE Reflex™ Building Acoustics Type &780

Fig. 25

Typical buiding
acoushcs project using
Tepe BTED. Dais are
pressnfed grephicaly
smd numenzaly with
deiailed dats gualty
inalications, wsing Typs
2250722705 smilsy
system

PULSE Beflex Buldmg Acoustics Type 3780 1= the software package for post-processing and
reporting of building aceustics measuwrsments made with Type 2230/2270. Tt is the first module
m the PULSE Arclutectural Acoustics Sutte, which will, m the future, provide a mumber of
applications for all vour needs. Measzured data can be dwectly mported from Type 2250/2270
into Type 8780 for viewing, further analysis/re-analysis and reporting of data. In addition to
being a post-processing tool, Type E780 allows vou to confrel Type 22502270 software
upgrades and licensing of the Type 2250/2270 zpplications.

@ LT T et PULSE 1"
B e e b W L YT
~£92 | o N § M age el 0 S
il L TR T N WORSeC- s
Uisie v i s P

.-

Fig. 26

30 multispects,
showany reverberation
dEcaEy Curnves
displayed with Type
TEI0 Guaiifer sofwars

Qualifier Type 7830 13 2 1.-‘;.-"u.vzll:l1.:.'":;'%--:|:|1:|:1p~.11:ﬂ:-]e PC
program that takes datz from the building acoustics
software and lets you store, view, medify, expert and
report  your measurements. When mspecting  the
reverberation decay curves, vou can graplucally adjust
the slope lme or manually key mn data. Reverberzhon
decays can be displaved as 3D multispectra, prownding a
complete  overview of the frequency depandent
reverberation curves.
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Feverberation time mezsurements can be averaged in two ways by:
+  averaging of reverberation trmes (T20 and T30}
. averaging of decay cwrves (ensemble averaging)

Quizlifier Light Type 7831 15 like Type 7830, but for reverberation toms only (matches BZ-7207).

Sound Intensity Software BZ-T205

Fig. 28

Type 2260 Invesfigator
display screen
showing the Ry in
surface display

Buwlding acoustic applications such as reduction indices and
leakage detection benefit enormously from the sound mtensity
measurement technique, usmg Type 2260 Imvestizator with
sound mfensitv kit and Intensity Software BZ-7203, as an
altamative to a sound presoure-based measurament of the
apparent sound msulaton index R for a siven partition.

This measurement method allows the comected 1ntensity sound
reduction index, fi; to be measwed This gives exta
information regarding the contnbution of various flanking and
leakage fransmauissions. In a taditional sound pressure-based
mszsuremient you get an apparant sound meulatton mdex K
which takes every type of transmission into account. Howaver,

tradiional measurements camnot identify ndividual transmission paths. But with thas
application, vou can choose specific details of any particular segment of any given partition or
surface. If a compound partition 15 to be studied (for example, a wall contaiming a window) the
respective corrected intensity sound reduction indew, Ay for both the wall materizl and the
wmdew can be found.

The single-mumber weighted and corrected imtensity
sound reduction mdex, Rj o, 15 automatically calenlated
for each segment and for the surface as a whele.

To crzate a sound field on one side of the wall (i the
source room), vou can use the internal white neise
zenatator m Type 2260, or the gensrator built into
Power Amplifier Tvpe 2734, together with Tyvpe 2734
and OmmPower Sound Source Type 4252

= [aromlox
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Specifications — OmniPower Sound Source Type 4292

STANDARDS

Conforms o the following:
150140-2

1503382

DM 52210

NOMINAL IMPEDANCE
4]

POAWER HAMDLING

SOUND POWER LEVEL

{with Power Armplifier Type 2724, brdge configuration, duty cycle
173, 1003150 Hz pink-noize signal)

Broadband: 122dE re 1pW

Spectral: Min. 100dBA1 pW in each 1/3-ociave band

TRIFCD

Adjustable 1o give a speaker height of between 131 and 207 cm

FLOOR MOUNTING

300W continuous broadband Fubber feet provided for flioor mounting

i, . e g A
1000'W short duration (duty cycle 1110, on tme 10s) DIAMETER
COPERATING FREGQUENCY RANGE Speaker Enclosure: 33cm (15.357)
50-5000Hz (1/3-octave band centre freguencies)

WEIGHT

COMNECTION Speaker Enclosure: 13.7kg (30210
Four-gin Meutrik® Speakon™ socket. pins 1+ anc 1- Tripod: 2.3kg (3.1

Specifications — OmniSource Sound Source Type 4295

STANDARDS
Conforms o the following:
150140-2

Broadband: 105dB re 1pW%
Spectral: Min. B5dB in sach 1/2-octave band

CONMECTION

EEE%D Four-pn Meutrk® Speaker® sockst, pins 1+ and 1-
15014257 {Draft) TRIPCD THREADS (LARGE TYPE)

OPERATING FREQUENCY RANGE Cine &t rear end, one below centre of grawvity
80-G300Hz CARRYING CASE

NOMINAL IMFEDANCE
G

POWWER HANDLING
50W confnuous
SOUND POWER LEVEL

Mylon with padded infsy, adjustable camying sirap
MECHAMICAL SPECIFICATIONS

Material: Dense poyurethane plastic painted black
Dimensions: @145 <580 mm (25.7 »22v)

Weight: 3.5kg (7.71b)

{with Poweer Ampifier Type 2734-4 or 27348, B0-6300Hz

pink-noize signal)

Compliance with Environmental Stardards for Types 4292 and 4295

Temperature |EC G006E—2-1 & IECE0068-2-2 Emvironmental Testing. Cold and Dry Heat

Ciperating Termperature: +5 to +20°C (41 1o 14-F)

Storage Temperature: =25 fo #7070 [-13 to 158°F)

|ECA0DEE-2-14: Change of Temperature: —10 o +40°C (2 cycles, 1°Cimin.)
Humidity |EC BI0GE—2-78: Damp Heat B3% RH (non-condensing at 40°C (104°F))
Mechanical Man-operating

|ECG006E—2-8: Vivration: 0L3mm, 20mis®, 10-500Hz
|EC 6006E—2-27: Shock: 1000mis® .
|EC B6006E—2—29: Burmgpc 1000 bumps at 250mis*
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Specifications — Tapping Machine Type 3207

STANDARDS

150140

150717

DM 52210

BS 5221

ASTHME4E2

HAMMERS

Five in ling, 100mm betwesn each hammer, sngle hammer weight
B00£12g

IMPACT FREQUEMNCY
Each harmmer operaies at 2 Hz tapping freguency for unit is
1040.5Hz

IMPACT DYMAMICS
Eguivalent free-fall height of hammers 20 mm, exira drop below
impact plane &t keast 4 mm

REMOTE OPERATION
Socket LEMOD 4-pole

Pin 1: OWDC. GMD

Fin 2: Power supply for extemal unit, mae 24VD0C, 14
Pin 3: For "0m™ £5WDC [TTL-Lewsl)

Pin 4: For "0m™: conmect @ Fin 1

Housing: Shigid

REMOTE OPERATION WIRELESS CONTROL KIT UA-1476
[CPTICMAL)

Operating Frequency: 43382 MHz

Transmitter Wnit:

~ Connector: LEMO-coaxial socket

- Cenfre pin: +5YDC for "om”; Cuter ring 0WDC

— Batteries: 2« AAALRINMicr 1.5W

— Dimensions: 105 <58 < 12 5mm {413« 2. 280727
— Waight: BDg

Receiver Unit

Canmastne: LEMO d-pole plug with cable

For cetails of pin conneclions s2e “Remote Operation”

— Power supply: From the remobe condrol socket

— Dimensions: 35 « 48« 18mm (3.35 < 1.81 2 0.837)

— WVeight: 30g

BATTERY KIT UA-1477 (OPTICNAL)

Mounting Position: intemally in unit housing

Badtery Life: 1.5 hours

Battery Type: Mamenance free 12W2 A0 Leas Acd battery
Charger Type: Same as Mains Adaptor (see below)
Charging Time: 24 howrs for 3 completely dischanged batteny

QMIOFF SWITCH
3 Positions: Remnotz, COff, On

MAINS ADAPTOR

10.5-35VDC, min. 25W

Socket: LEMO coamal (can also be used as charging socket)
Middle Pin: +10.5-35VDC, Cuter rng: OV

Mains Adaptor: Nains Adsptor ZG-0400

100-240V AC imput, 22% DG output, max. 43W

Cperating temperature max. +40°C

C3n also be wsed to charge optiona’ battery pack

SUPPORTS
3 exiendable and height adjusiable fest

DIMENSICONS

WoHxD: 480 <273 = 135mm (188 10,7 «6.17)

(et retracted)

W ooHxD: 580« 273« 285 mm (232« 107« 11.27)

(fzat extendad)

Waight: 11.5kg (25 with Mains Adapior

MAINTENANCE REGUIREMENTS

After 24 br operafion or once & year [whichewer comes first), lubricate
with the suppled sewing machine oil according 1o instructions

Compliance with Regulations and Envircnmental Standards for Type 3207

CE-mark indicates compliance with: EMC Dimective, Low Vitage Directve and Machineny Directive

(: E 0 Remate Contred UA-1478; CE-mark means compliance with RATTE Cirectve
C-Tick mark indicates compliance with the EMC requremenis of Australa and Mew Zealand

Safety EMABECH1010-1 and ULE10102-1: Safety requirements for electrical equipment for messurement, control and
laboratory use
EMAEC G1000—5-3: Genenc emission siandard for residential, commercial and ighi-industrial environments

EMC Emission CISPR 22: Radio disturbance characterisbcs of information fechnology equiprment. Class B limits
FCC Rules, Part 15 Complies with the limits for a Class B digtal devics
This ISM devica complies wih Canadian 1CES-001
EMNEC 61000—8-2 Genenic standards — Immuniy for industrial envireoments

EMC Immunity ENTEC612326: Electrical equipment for measurement, contnel and laboratony vse — EMC requirements
Mote: The asbowe is only guaraniesd using accessones lisked in this Product Data Sheet.
|EC 600GE—2-1 & IEC C0DGE—2-2: Enwircnrmental testing. ‘Cold and dry heat.

Temperature Ciperating Temperature: D b +200C (32 o 14=F)
Srovage Terperatrer —28 w8 £70°C (-13 1 1829F)

Hurmidity | EC B0068-2-73: Damp heat: 20% RH (non-condensing at 40°C [104°F))
Mon-cperating i

. |EC BD06E—2—8: Vibraticn: 0.3mm, 20ms*. 10-500Hz

Hechanical IEC B00RE-2-27: Shock: 500 mis?, & drecione
| EC 60065-2~2%: Bumg: 1000 bumps at 250 mis?

Enclosure |EC 605208 Protecton provided by enciosures: P20

14
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Specifications — Power Amplifier Types 2734-A and 2734-B

MAXIMUM QUTPUT POWER

(TA = 25°C, 1kHz, 0L1% THD)

4 0 500W

B X 230W

0 £x: 250%

CONTINUCUS CUTPUT POWER (1kHz. 6 02
With Air Filter: TA = 2575 250W
Without Air Filter:

—-TA = 25°C: 230W

—TA = 35°C: 175W

INPUT VOLTAGE

Mominal voltage @ Sensitivity =
0dB: 03V

—10dE: 1V

-20dB: 3V

Headroom at nominal input voltage
Balanced: 184dB

Unbalanced @@ Sensitivity =
0dB: 17dB

—10dE: 1528

-20dB: 12cB

Common Mode Rejection (1kHz): = 5043
Maximum DC Voltage: £23V
INPUT IMPEDAMNCE

1kHz:

— Balancad: 20k $17%:

— Unbalanced: 10k0 1%

OC:

— Balanced: 220K 21%

— Unbalanced: 110kD £1%

QUTPUT VOLTAGE

Line Output Peak Voltage: 8%
Power Output Peak Voltage: 80V
Fower Output DC Voltage: 40V

CUTPUT IMPEDANCE {1kHz)

Line Output 10002

Line Output Load: =00

Power Cutput 10m:

Power Output Loas: 220

FREGUENCY RESPONSE (20 Hz—- 20 kHz)
Line Output 20, —142

Power Output- £1d3

See also figure 1 bddow

SNR [MAX POWER 1kHz)(SILEMCE 0.__20 kHz)
Line Output: 10148
Fower Output- 8043

THDHHN (20 Hz - 20 kHz)

Line Output 1kHz < -78d8

Power QOutput: 1-510W, 401 < —a0dE
SENSITIVITY, ATTEMUATION AMD GAIN
Sensitivity: 20, —10, 048

Sensitivity Error (no error @@ 0dBj: £0.143
Attenuation: -30, -24, -18, -12, -8B, £ -5, -4, -3 -2 -1, 0dB
Attenuation Emror (no emor @ 04EB): +0.7d8
Total Gain (Sensitivity = Attenuation = 0dEB)
— Any Input to Line Owiput: 18 £0.248

— Any Input to Power Cutput: 43,1 1448
LEVEL INDICATCR

Trigger levels re power ouipw cop level

Red LED: +3dBE

Yellow LED: 048 (Power Cutput clip indicator]
Green LED: -GdBE

Bluz LED: —30dE [Signal Present indicator)

FAH

Swiich On Heatsink Temperziure: 40°C
Lo at Min Speed: 2546 re1 W

Ly 3t Max Speed: 324dE re1pWV

NOISE GENERATOR

Moise Types: whits. pink

Frequency Range: 50-5000Hz 173 octave bands

Crest Factor: 12dE

Perod Time: 2255

Third Octave Spectral Error: 203 dE

Line Qutput Voltage [Sensitivity = Attenuation = 0 dB): 218 Vimg
Switch Off: Equivalent BT in 173 octaves: <S0mes @ S0Hz, <4ms
W@ SkHz

CONMECTORS

Balanced Input Socket Meutik® Combo ¥LR-ype: 3-pn and '4°

jack

]l.lnhalanced Imput Socket: BNC

Unbalanced Line Quiput Socket: BNC

Power (Speaker) Cutput Socket Meutik® 4-pole Speaton® type

Mains Power Inlet: 12C ype

CONTROLS

Generator Button: Toggling babween On and CFf

Generator Shide Switch: 2-stzte, WhitePink noise Sensiivity slide
switch: 3-state, —20, —10, 0dE

Attenuation Rofary Knob: 12-state -30, =24, 18, 12, -8, -4, -
5, -4, -3, -2, -1, 0d8

Mains Power Riocker Switch: 2-pole

STATUS INDICATORS

Protect Indicator: Red LED, power cutput over-current, overheat,
owedoad or long-term high fresuency

Power On Indicator: Green LED

MAMNS POWER

Violtage Selector (Rear Panel): 2300115V
Mains Voltage Range:

— i@ 230 200 - 240V

— @ 15V 100 - 125V

Mains Frequency Range: 45-85Hz

Fuse: Wiekmann/Litlefuse seres 215 (or 181)
— @ 230V T 3.1548H 250V

—i@ MEWV: T 8284 128Y

Mazimurm Power Consumption: 850W

MECHANICAL

Weight (including mains cord in lid):

— Tvpe Z734-A: 8.0kg

- Twpe 27T34-B: T0kg

Dirmensions W o« H = Do 330 < 130 « 310mm {13 -

TRANSMITTER AKG PT 450 (OFTIONAL)

Specfications from manufactiumer's technical data

Rf Carrier Mrequency Rangss: 7 chamnels over §50-0E3MI 2
Modulation: 74

Audic Bandwidth: 35 1o 20000Hz

THD {fypical at rated deviation! kHz): <0.7%

SIM Ratio: 120dB(2)

RF Qutput: S0miW max. [ERF)

Batiery Life:

1.5 A& Dry Battery- 6 houwrs; 1.2V NiMH. 2100 m&h &4 size
Rechargeable Battery: Bhrs

—Sze: 80 « 735 « 30mm {24 = 29 « 127)

— Mzt weigh 909 (3.202)

RECEIVER AKG 5R 450 [(OPTIOMNAL)

Specfications from manufacier's technical data

Bl w127
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RF Carmier Frequency Ranges: 7 channsls over 650-BE5MHz BAudio Outputs: Balanced ¥LR and unbalanced TS 147 jack,

Modulation: Fi

Audic Bandwidth: 35 to 20000 Hz
THD at 1kHz: <0.3%
S/M Ratio: 120dB{A)

balanced level switchable to —30 or DdBm
MECHAMICAL

Dimensions: 200 « 44 « 180mm (T8 « 1.7 = 747
Weight: 872g {2 21bs)

Fig. 1 Frequency Responsss messwed &t a 0 oufpet power of 300W indo 802 up fo 20kHz snd of 200 up from 20kHz
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Compliance with Regulations and Envircnmental Standards for Type 2734

(€ &

CE-mark indieates compliance with: EMC Directive and Low Voltape Dirsctive.
C-Tick mark indicates compliance with the EMC requrements of Australia and Mew Zealand

Safety EMTECE1010-1 and ANSILLET010-1: Safely requirements for electrical equiprment for measurement, control
and laboratony use.
EMC Emission EMABEZE1000-6—4: Gensric emvssion standard for industral envircnments.
CIEPRZ2: Fado disturbance charactersbics of information technology equipment. Class A Lmits.
FCC Rules, Part 15 Complies with the limits for a Class A digta deves
EMC Immunity EMTEC 61000-6-1: Generic standards - Immunity for residential, commercial and light-ndustrial envircnments.
EMAECE1000-6—-2: Genanic standards - Imrmunity for industia envrcniments.
EMABEZ61226-1: Electrical equipment for measurement, control and laboratory wse — EMC reguirements
Motz 1: The above is only guaranieed using accessones incuded in this Product Data
Temperature |EC B006E—2-1 & |IECH0068—-2-2- Envircnmental Testing. Cokd and Dry Heat
Cipzrating Termperature: D fo +50°C (32 to 122°F)
Siorage Temperatune: O to +70°C (32 o 198°F)
Hurmidity |EC B006E—2-78: Damp Heat 80°% RH (non-condensng at 40°C (104°F])
Mechanical Mon-cperating
|EC B006E—2—8 Vioraticn: 23, 3 = 20 minues
|EC B006E—2-27: Burnp: 1000 bumps at 10, 8 directions
|ECE0088-2-27: Shock: T0q, © directions
Enclosure |EC B0E28 {1289 Protection provided by enciosures: |P20
16
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Ordering Information

Type 4292 ConiPower Sound Source
Type 4295 ComiSource Sound Source
Type 3207 Tapoing Machine

ACCESSORIES INCLUDED WITH TYPE 4292
LA-18490 Tripod

ACCESSORIES INCLUDED WITH TYPE 3207

2G-0420 Ilains adaptor {mains cable country dependent)
2 Gauges for dop height adjustment
Ol canester for maintenance

OrTIONAL ACCCSSORICS

Type 2724-4 Powar Arrplifier

Type ZT34-B Power Ampifier with bul=n UL-0Z356 Wireless
Audio Sysiem

UL-0256 Wirgless Audic Sysiem

KE-D3E2 Camying Case for Type £2B5

KE-0443 Flight Case for Typs 4292

KE-0364 Camying Case for Type 4222 Tripod [UA-168D)

Ua-DE0 Lightwelght Tripad

AD-05Z3 Signal cable from Hand-held analyzer io Power
Amplifier, 10rm {328 )

ACDE24 Zignal eable from Hand-held Analyzer o BNC,
10m (32.8)

AQ-DETI Speaker cable fom Type 2734 1o Types 4282,
4285 or equivalent. 10m (32.831)

Type IZ50-F Hand-hild ﬁnah‘aer T5r|:|e 2260 with Sound
LewaEl MisE DI.I WWare El.l'_'l.(_r.'-'. ands
Reverseration Tme Software BZ-7227

Type 2270-F Hand-held Analyzer Type 2270 with Sound
Lewsl Meter Sofware BZ-T222 and
Reverseration Tme Software BZ-7227

Type T250-J Hand-held Anahzer Type 2250 with Sound
Lewel Meter Sofware BZ-TZ22 and Building
Acoustics Software BZ-T228

Type Z270-J Hand-held Anahzer Type 2270 with Sound
Lewel Meter Sofware BZ-T222 and Building
Acoustics Software BZ-T228

Type Z270-K Hand-held Anahlzer Type 2270 with Sound

Level Meter Sofware BZ-T222 and Cual-
channel Bulding Acoustics Software BZ-7228

Type 2280-J-001 Buiding Acoustics System
including “ype 2250-J, OmniFower Sound
Source Typs 4202 and Power Amplifier Type
23R
Buiding Acoustics System
incuding “ype 2270-J. OmniFower Sound
Source Type 4282 and Fower Amplifier Type
2744
Cualchanng! Building Acoustics System
including “ype 2270-K, DrmniPower Sound
Sowurce Type 4202 and Power Amplifier Type
2744
Buiding Azoustics Kit as per Type 2250-J-001,
or Type 2270-J-001, excuding Hand-hed
Analyzer (for Types 2250 and 2270 users
intending o upgrade to a full Buiding Acoustics
rmeasuremsnt system)
Cual-chamnel Buildng AcousticsKit as per Type
AT | ewchiding Type 22700 (e Tyupe

270 users intend ng to upgrade to 3 full Dual-
channel Buildng Acoustics messurement
sysberm)
PULSE Reflex Buiding Acoustics Software
Clualifier FC Software for Bulding Acoustics
reporiing
Clualifier Light PC Scfware for reverberation
tma reporting

Type 2270-J-001

Type 2270-K-D01

BZ-7.243-200

BZ-7.220-200

Type 37ED
Type 7830

Type 7RI

For further informaton, see separate Product Data for the types
menticned sbove

QOFTIONEL ACCESSORIES FOR TYPE 3207

AD-0833 Remote Cable connecting Type 2280
mwestigator to Type 3207, 10m (32.31)
1478 Wireless Remote Control (ncudes &0-1430
Cable for Hand-held Ana'zyer Types 2230 and
270)
21477 Battery K
QB-0052 Feplacement battery
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TRADEMARKZ

Fkkrosaft and Windows are reglatemd Smdemanss of Micrcses Cargaraton Im ine Wniksd S5aiss andier ether counfries - Investigaian, GmniFawsT and Sminisource
are tracemnarks of Briel & Kl=er Sound and Wibrabon Meassrement A'S - Newtrdk and Soeakon are neglstered rademacks of Meutrle AG - [BIM |5 a negister=d

trademark of IEM Corporation In the Uried Btates and other couniries

Enlel & Kmar resepyes the rght to change specifications and accs ssoriss without nodce

HEADGUARTERS: Bruul & Kjer Sound & Vibritios Meirsuremes? &15 - D350 Harus - Denmark
Telephone: =45 TT41 2000 - Fax: +45 450 105 - wene biaveoim - infofblkawoss

Lozl rprasas iz @nd sarios oganisaions sordweds
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Audio Power Amplifier Type 2716-C s a high-perform-
ance powsr amplifier optimized for sound and vibrafion
applications. If can be used as a general-purpose power
amplifier for electroacoustic applications.

USES

* Diriver for loudspeakers, artificial mouths, efc.
* General-purpoze audio powsr amplifier

+ Power amplifier for audic analyzers

FEATURES

* Cutpui-level meter

+ Selectable gain

* Two balanced inputs

* Easzy to install in a 19" rack

PRODUCT DATA

Audio Power Amplifier 100W Stereo — Type 2716-C

G E

Description

Aundic Power Amplifier Tvpe 2716-C has fwo channels
that can be used independently or jointly. Siznals enter
electronically balanced mputs, Input CH.LA and Input
CH.B, w1z XLFE connectors. Oufput 1s approx. 300W and
13 relatively mndependent of load.

Aundio Power Amplifier Type 2716-C iz compact and fits
m a 19" rack. It has the same features and protection
cirenits normally found only in ligher powered amplifiers.
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Quiet Operation

Type 2716-C uses passive cooling during operation which
removes the need for a cooling fan. The lack of a cooling
fan, in tm, makes Type 2716-C very quiet durmg cperation.

Extensive Protection

Power Amplifisr Type 2716-C has coreuits that profect it
aganst short-civeusts, DO, overheating, VHF and clhipping
(clip Emiter mav be switched off).

Briel & Kjaer @



Compliance with Standards

c € o CE-mark indcates compliance with: EMC Cirectve and Low \Votage Direclive.
. C-Tick mark indicates compliance with the EMC requirements of Ausiralia and Mew Zealand

Safety EMIEC 600685, Audw, video and similar elecironic apparatus — Safety Reguirements

EMIC Emdssion | EM &5103-1, E3: EMC - Product fam®y standard for awdic, videso, audiovisual and entertaining lightng control
apparatus for professional use — Part 12 Emission

EMC Imrrunity | EME85103-2, E2: EMC — Product faevily standard for audie, vides, ausiovizual and enteraining lightng saatal
apparatus for professional use — Part 2 Immmunity

Temperature |IECE0068-2-1 & IECA0DEA-2-2: Environmental Testing. Coid and Ory Heat.
Cperating Temperature: +3°C to +40°C [+41 1o +104°F)
Saorage Temperature: —25 to +70°C (13 to +158°F)

Hurnidity |IECE0058-2-3: Damp Heat 80% RH (non-condensing at 40°C { 104F))

Mechanical MNon-operating:
|EC B0068-2-8: VWoration: 0.3mm, 20me?, 10-500Hz
|IEC 20068 ; -27: Shock: 1000 m/s* R
|IECE00&E-2-20: Burmp: 1000 bumaps at 250mizs

Enclosure IEC 20528 Profection prowded by endosures: [P20

Specifications — Audio Power Amplifier Type 2716-C

MAXIMUM OUTPUT POWER®

Load BIA @ 1kHz and 1% THD
B0 steren 110w
40 stereo 180w
20 stereo 200W
80 bridged Z0W
401 bridged 400w

SPEAKER. PROTECTION

Short-crcuit, DC, VHF a thermal protsction
is provided

FREQUENCY RESPONSE (B0 1W)
20Hz - 20kHz- +0, -1dBE

a. Measured specfications for a 220V
uows power (1 kour) Is 172 of this

AC. Contin-

INPUTS AND OUTFUTS

Gain: 30dB £ 148

Input Attenuator: 0-30dB n GdB = 0248
cieps

Impedance: 20 k0

Common Mode Rejection: S0dB@1 ki-z
Slew Rate: 23Vius

Cutput Impedance: 0.030

Hum and Moise: More than 105dB bedow

M. povser
Channel Separation: TOdB@ 10kHz

FROMT PAMEL

Gain Controls: 2-chamnels. & and B

Clip Indicator: 2 red LEDs, fast peak and
slowi relessse or shored output

Protection Indicator: 2 yellow LEDs, 20=C
at heat sink or 12kHz at full power
Present Indicator: 2 green LEDs, —2548 at
input

Cn Indicator: 2 green LEDs, DC rai veoitaps
for channel & and B

REAR [FANEL

Input Connectors: Two ¥LR-ype, 3-pin
fernale (pn 24} and 174" jack

Qutput Connectors: Two Meutrik®. 4-pin,
Speakon® sockets

Link: Stereo — Link/Bridge & + 8

Clip Lirniter: On/Cif

POWER REQUIREMENTS

Voltage Selector: 2300VMEY

DIMENSIONS
WauH=D: 433 .44 .
[18 « 1.7 = 11 inches)
WEIGHT

7.5kg (18.50b.)

280 em

Ordering Information

Type 2718-C-001 Audio power amplifier {no
accessones)

TRADEMARKZ

Audio Power Amplifier with
the following accessaries.
BMC to ¥LR cable, =m

2 Banana io Speakor®
cabie, Sm

Type Z7T16-C

2« WL-1324
2 x WL-1325

Mewtrik and Soeakon are registered trademarks of Meutrit AG

CPTIONAL ACCESSORIES
AQ-DE21 Sridgng cakble

Enlel & Kjaar reserves the right bo change specifications and accessories winout notice

TERS: DH-1B50 Miiniiii - I:Inluluul\. Tih ﬂnfmi' +ALA5R0 (5
W R C DM

HEADGLAR
Fiux: +45 4560 1405 -

- Indoggibics

Austradia (+61)) 20820-B383 - Aoatvia (+42) 1 836 7400 - Braz | +45|11 51EE ﬂ1ﬁ1
-2

Canada |+1|5-1 lEJS—'!l:’
+3650 5 950

Finasa |

&
Hcr».uhn hoE"'u.d& -IBE Fusgary (=
+3§|E25—75-'!:E1 Jagsan (+81) 357 15
i 55 224

m.tl'l-.ﬁ Eg-]
Pn'1 n.'ll

10 5-'!3 ".'ISIZS- -_",a-:h

- Chi

7"-1’ 1 Sbwkﬂufnbk Mliuih’!l"l!li
wmad =4

Spain |+3. L‘q A Syeilz
Tiwsan (=2 1250"'"1“" I.hbi:‘l'Kmdcm +4-||1-I:E 30000 - LEk {+1 EIJQIM

Lozal repraseniathas and senice organsalons wordside
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Sound Calibrator Type 4231 iz a handy, porfable sound

source for calibration of sound level meters and other

sound measuremsnt equipment. The calibrator s very
robust and sfable, and conforms fo ENAEC 505942 Class
LS and Cilass 1, and ANS! 51.40-1984

PRODUCT DATA

Sound Calibrator — Type 4231

oEAZ3T

USES AND FEATURES

USES
* Calibration of sound |level meters and other sound
measuremant eguipment

FEATURES

* Conforms to ENIEC 605842 (2003) Class LS and
Class 1, and ANSI 51.40-1584

+ Robust, pocket-sized design with highly stable level
and frequency

+ Calibration accuracy £ 0.2dB6

+ 94dBSPL, or 114dB SPL for calilration in noisy
Envircnments
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Extremely amall influence of static pressure and
temperature

Sound pressure independent of microphons
eguivalent volume

1kHz calibration frequency for correct calieration
level independent of weighting networks

Fits Bruel & Kjgr 1" and 1/2" microphones (71/4" and
1/8™ microphones with adaptor)

Switches off automatically when removed from the
microphone

Briel & Kjeer =i



Sound Calibrator Type 4231

Fig. 1

Cross-sectional wiew of
Sound Cabbrator Type
4231, The fesd-bask
loop is based on &
high-quality condenser
microphons fo ensure
& very sfable sound
presswe level

Fig.2

Type 4231 fitted fo
Hand-held Analyzer
Type 2250 The
cabbrafor'’s cendre of
grawvily is posiioned
very oloss to the
microphons, giving 2
stable sef-up

Sound Cahbrater Type 4231 15 2 pocket-sized, battery operated sound source for quick and
direct calibration of sound level meters and other sound measuring svstems. It fits Briel & Kj=r
1" microphones and using the removable adaptor, 12" microphones. With optional adaptors,
it can be used for 1/4" and 1/8" mucrophonss as well.

The calibration frequency 15 1000 Hz (the reference frequency for the standardised infermational
welghting networks), so the same calibration value 15 chiained for all weightmg networks (A,
B, C, D and Lmear). The calibration pressure of 94 =0.2dB re20 uPz 15 equal to 1Pa or 1 W/
m”. The =200dB level step gives 114dB SPL, which 1= convement for calibration in noisy
environments, or for checking lmearity.

The design of Type 4231 15 based on a faed-back arranpement to ensure a highly stable sound
pressure level and sase of use. The feed-back leop uses a condenser microphons (z22 Fig. 1),
which 15 specially developed for this purpose.

This microphone is opti-
mized to have extremsaly
lngh stability and inde-

= pendence of vanations in
/ stafie pressure and tem-
perature around the 1 kHz
calibration fraquency. The
result of tus 15 2 user-
fiendly calibrator where

e
Mierhna bo b bt —— [

O

2* Adagiar

)
| ”l; | gxact fitting of the micre-
| J'f I L I phone 15 non eritical and
the effects of changes in
Loudegasioar | [P T— et Board temperature  and static
[ pressure are negligible.
a7 23T

The calibrator gives a contnuous sound pressurs lawel
when fitted on a micrepheone (see Fig. 2) and actrvatad.

The sensitivity of the sound measuring equipment can
then be adjusted until 1t indicates the correct sound pres-
sure level.

The calibrator 15 automatically switched off when remowved
from the microphons.

A leather protecting case, which does not need to be
removed to use the calibrator, 15 supplisd.

aswr
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Compliance with Standards

e C

CE-mark ndicates compiance with: EMC Dirsctive and Low Voltape Directive.
C-Tick mark indicates compiance with the EMC requirements of Australia and Mew Zealand.

Safety

EMIIEC 81010-1: Safety requirements for elecirical eguipment for measurement, control and |aboratory use.
AMSIULE1010-1: Safety requirements for eectrical equipment for measurement, control and laboratony use.

EMIIEC 81000-6-3: Generic emission standard for residential, cornmercial and Fght industral emvironmments.
EMIIEC 81000-6—4: Generic emission standard for indusirial envircnmenss,

EMAC Emission

CISPRIT Radio dsturbance characteristics of information technology equipment. Class B Limits:
FCOC Rules. Part 15: Complies wih the limits for a Class B digital device.
=MIEC G0B42: Instrurrentation Sandand - Blectrcacoustios — Scund Calbratons.

EMAC Imrmunity

EMIIECE1000-8-1: Generic standards — Immumity for residential, commencial and light indusirial environments.
/IEC 31000-6-2: Generc standards — Immunity for industria’ environments.

IEC 81328: Blecircal equipment for measurement, control and laborstory use — EMC requinernents.
EMN/IEC 80B42: Instrumentation Standard — Electroacoustcs — Sound Calbrators.

Mote: The above is only gusrantesd using accessories listed in this Product Data sheet

Temperature

EC 60008-2-1 & IEC 60066—2-2Z Emvironmeral Testing. Cold and Dry Heat
Operating Temperature: —10 to +30°C (14 to 122°F)
Siorage Termperature: —23 w0 #7070 (-13 1o +158°F)

Hurmidity

EC 60008-2-T8: Damp Heat 80% RH (non-condensing at 40°C (14°F)).

Mon-operating:
Mechanical

EC 600868—-2-27: Shock: 1000md's*

EC 60085-2—5: Vibration: 0.3mm (10 t0 55HzE. 20mis® (58-500Hz)

EC 60088—2-2% Bumgp: 3000 bumps at 400m's*

Emclosure

EC GD528: Protection provided by enclosures: |7 50 with leather protection case.

Specifications — Sound Calibrator Type 4231

STANDARDS SATISFIED
EMTEC 60842 (2003), Class LS and Class 1. Sound Calibratoes
AMSI] 51.40- 1884, Specification for Acoustic Calibrators
SOUND PRESSURE LEVELS
84.0dB 20.2d8 (Principal SPL) or
114.0dB £0.2d8 re20uPa at reference conditions
FREGUENCY
1hHz +0.1%
SPECIFIED MICROPHONE
Sze according o [ECH1084-2:
— 1" without adaptor
— 12" with adaptor UC-0210 (suppled)
— 1/4" with adapior OP-0775 (oplional)
— 1/8" with adapior OP-0774 (oplional)
EGUIVALENT FREE-FIELD LEVEL
(¢ incidence, re Mominal Sound Pressure Lewel)
~0.15dE for 1/2° Briel & Kzer Microphones. See Type 4231 User
WMarual for other microphones

EGUIVALENT RANDOM INCIDENCE LEVEL

{re Mominal Sound Pressure Lewvel)

+0.0d8 for 17, 127, 14~ and 1/8" Briel & Fjsar Microphones
NOMINAL EFFECTIVE COUPLER VOLUME

=»200cm? at reference conditions

DISTORTION

1%

LEWVEL STABILITY

Short-term: Beiter than 0.024dE (as specfied n [ECA0042)

One Year: Betier than 0.05d8 |z = 86%)
Stabilization Time: <55

REFERENCE COMDITIONS
Temperature: Z3°C £3°C (73= £5°F)
Pressure: 101 24kFa

Humidity: 0%, -10% +13% RH
Effective Load Volume: 0.25zm®

ENVIRONMENTAL CONDITIONS

Pressure: 85 to 108kPa

Humidity: 10 to 20% RH (non-condensing)

Effective Load Volume: 0 to 1.5cm®

INFLUFENCE OF ENVIRONMEMNTAL CONDITIONS (Typical)
Temperature Coefficient 200015 4B

Pressure Coefficient: +3 « 107" dBkFa

Humidity Coefficient: 0.001dB/%RH

POWER SUPPLY

Batteries: 2« 1.5V |EC Type LRE [TAA" size)

Lifetime: Typically 200 hours continuous operation with alkaline
batteries at 23°C (73°F)

Battery Check: When Type 4231 siops working continuously, and

cnly operates when the On'Ce bution is held in, the battenes should
be replaced

DIMEMSIONS AND WEIGHT
(Withaout case)

Width: 72 mm (287
Depth: T2mm (2.87)

Weight: 150g (0033 ), incuding batieries

Maote: All values are typical at 25°C (T7°F), unless messurement
uncertamty or tolerance figld is speched. All uncertanty values are
specified at 2o (e, expanded uncenainty using 3 coverage facior
of 2)
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Ordering Information

Type 4231 Sound Calibrator includes the following accessones: Cptional Accessories

KE-031T Leather Case -z e

QBE0012 2 Alksline Bateries Type LRS DROTTS  Adaptor for 114" mcrophones

UC0210  Adapior for 1127 micrephanes CP-0774 Adaptor for 18" microphones
CP-0B87  Agaptor for Head and Torso Simulator Type 4128
DF-DE23  Adaptor for Intensity Probe Sets Types 3345, 254,

3583, 3584

Eiriml & K reserves the right bo change specifications and scosssories whnout nofice

HEADGUARTERS: DH-2E50 Maziumi - Desssaik - Teleghone: +45 4680 (950
Fi: +45 4560 T405 - wrans Blawcom - isfoiblavesm

Ausstoalia {+£1] 20820-B35 - ostria (+43) 1 BE6TA00 - Bl (#5511 S1ER8981
Canada (+1) 514052205 _ China (+35) 10 520 29605 - Caeeh Rapubiie (+42003 67021900
Fiied [+365/0.521 230 Faancu (+391 1686071 00 Camatry (oABVAZ1 17 81 0
feg Fioingg {+567) 2548 T4E6 I-u‘n.'lr‘p'-"!]1!1‘ﬁ:-l]5 mla (va3) | 07 8083
rlfm BISTSS0ET Janan (7813357151512 Rapbec ol Kuvwa {1871 2 2073 0605
m TiE (+31131 555 0200 Taway ($67) G577 1165 - Fulied (=48] 20 616 76 5
..;'.-n-'-«r LE1 4150040 Sisgagors (455 BITTASTI . Sicuak Hepubks [1431) 25463 1701
Spain BE0 03 Swaden 1 45) 33 725527 - Swltzer wad (4
Tawsan -e u}suﬂz.- Uik Koo f44) 14 38 732000 - + 1800 330 ;08D

Lozal reproseniathess o0d semvica organsaloss woildeade
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Reference C
C. Time Domain Test Signal Inputs
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[Fa] Time signal
Project Data
80m |

Tim

Elm

Slm

VY

40m
oy Xy »

ik i

10m }U

VA Y [ [

2 a1 ¥ Nl

- i i

-40m ‘Jﬁ

HOm \ /\ /‘U

£0m L

“F0m

-80m

1 1.004 1.008 1012 1.016 1.02 1.024 1.026 1032 [}.uas 1.056 1.06

3|

Exhibit C1 - 60 dB Steady Sinusoidal Test Signal with no Gaps

[Pa] Time signal
_ Project Data
80m

70m

Elm

S0m

32 (VAL
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L awami

|
o WYL

AL LITY \ I
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-40m i \
-S0m i \
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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
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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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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 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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