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Abstract

Audible sound waves travel farther in dry air than in moist air; as
attenuation occurs due 1o the presence of atmospheric water vapour. To
study Lthe rate of attenuation, an audio equipment was developed which is
made up of: a variable audio oscillator with less than 0.2% distortion in
the frequency range 20Hz 1o 50kHz, a 50Watt audio power amplifier with
total harmeonic distortion (THD) less than 0.1% to drive the ransmitting
device and a linear sound pressure meter as the recciver. The sound
pressure meter was found to be accurate to within £3dB in the range
50dB to 120dB.The andio equipment was set up for some months and
from the data collected, the attenuation coellicienl of sonic waves
aveling in the atmosphere was found to be between —0.0063dB and

L0311 1dB per meter.
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CHAPTER ONE

i.1 Introduction

Sound is a physical phenomenon, which may he defined as a time varying disturbance
of the density of a lluid {or solid) medium. It is usually nssociated with very small vibrational
movements of particles ol the medium. The frequency range of intcrest is the audio frequency
range, which extends lrom about 20Hz (o 20kHz,

Audio- frequency vibrations can also occur in solid materials such as steel or wood.
These are nlw:a:}'s accompanied by sound in any fluid with which the solids are in contact,
Sound is a longitedinal wave motion in malerial media — solids, liquids and gases. Sound in a
fMuid [or air] depends for its existence or transmission upon two properties of the medium
{Subrahmanyam and Lal, 1974):

I the generation ol pressure in response to a change in the volume available to a fixed
mass of Muid, i.e, change of densily;

2 the possession of ineria, that is, thal property ol malter which resists attempls to
change 115 momenlunm.

Both the I'ur:.'i:-:-' pencraled by volumetric strain of fluid elements, and the acceleration of

those elements, are related 1o their displacements from positions of equilibrivm. The resulting

interplay produces the phenomenon of wave motion, whereby disturbances are propagated

throughout the fuid, often to very large distances.

1.2 SOUND ANMD SOUND FIELDS.
The physical phenomenon known as “sound” in a fluid essentially mvolves  time
varying disturbances of the density of the medium from its equilibrium value. These changes

ol density are in most cases extremely small compared wilh the cquilibnum density. typically
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of the order of 107 10 107 (Fahy, 1989). They may be aliributed 1o changes in the volume of
space oceupicd-by a given mass ol Muid, changes of shupe not being of consequence in the
case of sound waves, U is the volumelric strain, or dilotation, undergone by an elemental
mass of MMuid which matters. The static elastic nature of air in its response to volumetric strain
i5 ensily demonstrated by closing the outlet hole in o bievele pump with o linger and
depressing, and then releasing. The plunger returns almost o its original position on release,
It is not so easy to lind evervday phenomenon to demonsirate that liquids, such as water, are
also elastic; this is because, in response to a given volumetric strain, they generate much
larger internal stresses, and lwnee, reaclion forces.

Sound waves in air are produced by contact with & vibeating surface. The resulling
displacement of air particles causes the pressure o increase and decrease alternately above
and below the steady almospheric value in sympathy with the vibration, Due to the elasticity
and inertia of the medium, these pressure variation form waves which travel outward from
the point of origin in ever increasing circles. The wave motion is longiludinal, the air
particles moving backwards and forwards away Trom wud wowards the source of sound iLe.
along the direction of propagation of the sound wave, The waves of allemate compression
and rarefaction of the air can be illustrated by a graph shown in figurel.l (Microsolt®
Frcarla® Reference Library, 2002} which 15 a simple’ sine curve representing a pure and
sustained note. In this disgram, the direction of propagation is lrom lell o dght, forward
displacements of air particles being represented by upward ordinales and  backward
displacements by downward ordinates, During the time [rom O o A the air parlicles are
displaced forward and, from A to B backwards. Point A represents a compression, maximum
pressure coinciding with maximum change in displacement. Point C where displacement is in
the opposite direction represents a state of rarclaction. The dashed curve shows that the air

pressure varies above and below the steady stute atmospheric value (represented as O) in



proporiion to the displocement caused by the vibrating surfice thal originates the sound. The
change in air pressure 15 vory small relative Lo the normal almospheric pressure bul the ear or
the microphone acts as o baromeler and converls these minute changes inte the sensation ol
hearing or electrical signals.

1.3 PHYSICAL CHARACTERISTICS

1.3.1 Characteristics of Sound Waves

Each musical instrument we play produces a characteristic vibration. The vibrations travel
through the air in sound waves that reach our ears, allowing us 1o idenlily the instrument
being played even when we cannot see it. The four sound waves shown in lgure 1.2 here
demonstrate signature wavelorms of some common instruments. A tuning fork makes a pure
sounel, its vibration is nearly sinusoidal., A vielin generates a bright sound and a jagged
wavelorm, The Mute produces a mellow, true sound and a relatively curved waveform, The
tuming fork, violin, and Muile were all playing the same note, so the distance between the
peaks (the high points of the wave) is the same lor each wavelonm, A gong does not vibrate
in a regular pattern, as do the first three instruments. s wavelorm is jagged and random, and
s piteh is pencrally wnrecognizable{MicrosoMEBEncaria® Relerence Library, 2002).

Any simple sound, such as o musical note, may be completely described by specifving
three perceplual characteristics: pitch, loudness {or inlensity), and guality (or timbre). These
characteristics correspond exactly to three physicsl quantities: frequency, amplitude, and
harmenic constitution, or waveform, respectively, Noide is a complex sound, a mixture of
many different frequencies or notes nol hamomcaliy  clated (Microsoft®Encarta™

Reference Library, 2002)
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1.2 Fregquency

Frequency is perceived as “higher” or “lower™ sounds. The frequency of a sound is the
number of complete oscillations a sound wave completes per second. Frequency 15 measured
in hertz (Hz), or cycles per second. Because the amplitude (maximum height) of the waves
above remains constant, we are able to hear the same note ol different frequencies, from
10,00 Hz to 880.00 Hz. Waves propagate at both higher and lower frequencies, but humans
are table o hear them oulside a relatively narow range (Microsolt®Encaria®l Reference
Library, 2002), ‘

Sounds can be produced at a desired Trequency by different methods. For example, a
sound of 440 1z can be created by acltumting a louwdspeaker with un escillator luned 1o Uus
frequency. An air blast can be intermupted by a toothed wheel with 44 teeth, rotating at 10
revolutions per second; this method is used in operating an ordinary siren, The sound of the
speaker and that of the siren al the same frequency are very dillerent in quality, but will

correspond closely in pitch, eguivalent to the A above middle C on o piano.

L33 Amplitude
Amplitude and Volume

Amplitude is the cluracteristic of sound waves that we perceive as volume. The
maximum distance a wave avels from the zero position is the anplitude (lgure 1.3} This
distance corresponds to the degree of motion in the air molecules of a wave. As the degree of
motion in the molecules is increased, they strike the eardrum with progressively greater force.
This causes the ear lo perceive a louder sound. A comparison of samples at low, medium, and
high amplitedes demonstrates the change in sound causeyd by allering amplitude,

These three waves have the same frequency, and so should sound the same except for

a perceptible volume dilTerence.



The amplitude of a sound wave is the degree of motion of air molecules within the wave,
which corresponds to the extent of rarefaction and compression that accompanies the wave.
The greater the amplilude ol the wave, the harder the molecules strike the cardrum and the
louder the sound that is perecived. The amplitude of a sound wave can be expressed in terms
of absolute units by measuring the actual distonce of displacement of the air molecules, or the
pressure differential in the compression and rarefaction. or the energy involved. Ordinary
speech, [or example, produces sound encrgy at the mate of about one hundred-thousandth of a
will. |:MEr_'|'4.:.-i|:1-l'l'ﬁl|".n|_'ur1||l'ﬂ.l Reference  Library, 21}1!2‘]. Al ol ithese measurcmentls  jre
extremely difficult to make, however, and the intensity of sounds is generally expressed by

comparing them to a standard sound, measured in decibels d13.

1.4 Sound Intensities

Sound intensitics are measured in decibels (dB). For example, the intensity at the
threshold of hearing is 0 JB, the intensity of whispering is typically about 10 dB, and the
intensity of rustling leaves reaches almost 20 dB. Sound intensities are arranged on a
legarithmic scnic, which means thal an increase of 10 Ell!- corresponds o an increase in
intensity by a factor of 10, Thus, rustling leaves are about 10 times louder than
whispering. Graphs of sound pressures of some common sources of sound are showii i
figare 1.4 (Microsolio pcaress Beteenee Libraey, 20000

The distance at which a sound can be heard depends on its intensity, which is the
average rale of flow of encrey per unil area perpendicular 1o the direction of propagation.

In the case of spherical waves spreading from a point source, the intensity varies
inversely as the sguare ol the distance, provided thal no loss of energy is due to viscosily,

heat conduction, or other absorption elfects. Thus, in a perfectly homogeneous medium, a

sound will be nine times us intense at a distance of | unit from ils origin as at a distance of 3



umits; that is, intensity varies inversely as the square of the distance (Condon and Odishaw,
1967). In the actual propagation of sound through the almosphere, changes in the physical
properties of the air, such ns temperature, pressure, and humidity, produce altenuation and
seattering of the directed sound waves, so that the inverse-square law generally is not

applicable in direct measurements ol the intensity of sound,

L5 Velocity of Sound

Sound waves travel more swifily and efficiently in water than in air, allowing
animals such as whales to communicate with one another over great distances.
{(MicrosoMEEncarta® Reference Library, 2002). Whales and torloises also use sound
waves 1o help them navigate in dark water, directing and receiving sound waves in much
the same way as the sonar on a ship or submarine. The distance between two successive
crests of the wave is called the wavelength, The product of the wavelength and the
frequency must equal the speed of propagation of the wave, and is the same for sounds of
all frequencies (if the sound is propagated through the same medium at the same
tlemperature). The speed ol propagation of sound in dry air is dircetly proportional to the
shsolute temperature. Al a lemperature of 0° C the speed is 331.6 mv/s and at 20° C, it is
344 m/s. Changes in pressure ol constant density have virtually no effect on the speed of
sound. [n general, the velocily of sound in pases depends only on their density. If the
molecules are heavy, the speed decreases. Thus, sound travels slightly faster in moist air
than in dry air, because moist air contains a grealer number of lighter molecules. The
velocity of sound in most pases depends aiso v onc other factor, such as the specific

heat, which alTects the propagation of sound waves { Khanno and Bedi. 1989).
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Sound generally moves much laster in lguids and solids than i gases. In both liquids
aril solids, densily has the same effect as in gases. That is, velocily varies inversely as the
square rool of the density, The velocily also varies directly as the square root of the elasticily.
The speed of sound in water, for example, is about 1,525 m/s al ordinary temperatures bul
mereases greatly with an increase in lemperature. 'I'h::_ specd of sound in copper is about
3,353 m/s at ordinary temperatures and decreases as the lemperture is mgéreased (owing (o
decreasing elasticity ). o steel. wheeh s more elastic than copper. sound moves ul a speed of

ahout 4,877 m's, { Khanno and Beds, 198%).

1.6  Refraction, Reflection, and Interference

Fecho. An echo is o reflected sound wave, The perceptible gap between the emission
and repeat of the sound represents the time it takes waves (o travel to an obstacle and back.
The echoed sownd is often fainter because not all of the priginal wave is reflected. Generally,
echoes such as those heard in the mountain ranges are caused by sound waves striking large
surlace 30 m or more away [rom their source (Microsoli®iincaria® Reference Library,
2002}, An echo in a dilferen mediom, such as a steel pipe, may be created and observed by
rapping the metal when the ear is against il

Sound moves forwards in a straight line when travelling through a medium having
uniform density. Like light, however, sound is subject to refraction. In Polar regions, lor
example, where air close to the ground is colder than air that is above, a rising sound wave
entering the waimer region, in which sound moves with-greater speed, is bent downwards by
refraction, (MicrosoR®@Encarta® Reference Library, 2002). The excellent reception of sound
downwind and the poor reception upwind are also due (o refraction, The velocity of the wind

i generally greater al an allitude of many meters than near the ground; a nsing sound wave
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moving downwind is bent back towards the ground, whereas a similar sound wave moving
upwind is bent upwards over the head of the listener.

Sound is also governed by reflection, obeying the fundamental law that the angle of
incidence equals the angle of reflection. An echo is the result of reflection of sound. Sonar
depends on the reflection of sounds propagated in water. A megaphone is a funnel-like tube
that forms a beam of sound waves by reflecting some of the diverging rays from the sides of
the tube. A similar tube can gather sound waves if the lurge end is pointed at the souree of the
sound; an ear trumpet is such a deviee. (MicrosoltBEncaria® Relerence Library, 2002),

sound 15 also subject o diffraction and interference, I sound from a single source
reaches a listener by two different paths—one direct and the other reflected—the two sounds
may reinforce one another: bul il they are out of phase they may interfere, so that the
resultant sound is actually less intense than the direct sound without reflection. Interference
paths are different for sounds of different frequencies, so that interference produces distortion
in eomplex sounds, Two sounds of different frequencics may combine (o produce a third
sound, the Trequency o which is equal to the sum or dilference of the original two
frequencies.

L7 FACTORS AFFECTING THE VELOCITY OF SOUND

Soumd waves i fuids mvolve local changes [gencrally small] in the pressure, density
and temperature of the media, together with motion of the Huid clements. Fluid elements in
motion have speed, and therelore possess kinetic encrpy. In regions where the density
mereases above its equilibrium value, the pressure also increases; consequently, energy is
stored i these regions, just as it is in a compressed spring. This form of energy is termed
polential encrgy. .

In simple harmonic motion, such motion is natural to Nuid particles disturbed from

equilibrium. Fluid particles will oscillate continuously only il waves are continuously
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generated by a source, or if, once generated, they repeatedly retraverse a fluid region via
reflections from surrounding boundaries, It is not infuitively obvious that in either case
energy will be transporicd from one location to another: it sceims much more likely that it will
just be transferred to-aml-lro between adjacent Tuid elements.

Therefore, considering a transient sound created in the open air, for example by a
handclap, a thin shell ol disturbance will spread out all sround the source, travelling at the
speed of the sound. Within this disturbed region the (luid particles will be lemporanly
displaced from thesie equilibrivin posilions, and the préssure, densily and temperature will
lemporarily vary from their equilibrium values, Onee the disturbance has passed, everything
is just as it was belore- the fuid particles are once more at rest in their original positions and
do not continue to oscillate, It is quite clear fom this gqualilative description of wave
propagation that the potential and kinetic energics created by the action of the source on the
air immediately surrounding it are transported with the disturbance. They cannot disappear,
except through the action of fluid friction (viscosity), and other dissipative processes, which
are known o have rather small effect al audio frequencies. The actual wave motion depends

therefore on the kind of initial impulse given from outside, the clasticity and the mass

contents of the medium,

Mewton first showed that in a homogeneous medium the velocity of a longitudinal

wave s given by

where E is the modulus of elasticity for the particular type of strain set up and p, the
density of the medium.
1.8 VELOCITY OF PLANE WAVES IN AIR BY ADVERSE - WIND METHOD
Considering a wave traveling towards the right in the air contained in a long tube of uni

cross section as shown in figure 1.5, 1f the medium is caused 1o move towards the left with a
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velocity equal Lo that of the wave, lhen the wave, though moving with respect to the air, will
be at rest relatively to the ground.

In the small region surrounding any point, the pressurc, velocity and density ol the
medivm will be constant. These gquantities will, of course, bave diflerent values ol diflerent
points along the tube, Assuming two parlitions A and B are placed across the tube, since there
15 no change in the average density of ithe mediun awd no accumulation of the medium
between A and B, the mass of the air enlering the space belween the two pariitions in a time |
must be equal o the mies leaving i in e same time. Sioce the particle velocities at A and B
ire, in general, not identical, there may be a gain or loss of momentum accompanying the
tansfer of mass. For simplicily, suppose that A is a region of normal density and B a region
of condensation, then since the same mass of medivm must {Tow out of the partition B per
seconud as it enters the partilion A in the same time, the veloeily of outflow at B will be less
than the veloeity ol inflow al A as the same volume of a given mass of thud depends upon ils
pressure,

Let v, P and p denote the veloeily, pressure and density respectively at B and vy, Py and py
the corresponding quantities at A relative to the ground.

(1} singe the mass ol air flowing in at A 5 equal to that llowing oul at B, we have,

== 2

(i1} - imone second a mass of pas m equal to that lowing through either partition has its
velocity decrensed from v to vy and therefore 1l sullers a loss of

momentumsec= m (v-v;) and this is also equal 1o the gain of momentum/sec of

the second medium contained in the eylinder AR,
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Applying Mewton's sceond law of motion it is due 1o some external force. Since the only
force available is the slight difference of pressure Pi-P, acting on the medium between the
partitions A snd B, we have therelore

*y-1" = m (v -}

E—F=E[I—ﬂ]............._.___._.____.._..-_.-.._-.---.,,.-_,.-..J
¥ ¥

From equation (1)

m=vp,and it SR B
LAB 4

Substituting these values in equation (3) above, we have

P-P=vip(l-Ly=ypfi"E
A 2

B-P
AP
2

or Vige

Now the volume elasticity of the medium is given by

i Elasticity pressure

Vool e tric: stecein

Therefore,

Selting this value in (iv) above
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Also, Schuliz (1956) made a major contribution to the development of practical sound
intensity measurement system. He implemented the principle by which a paricle velocity
signal can be oblained by integrating the difTerence between the signals produced by v
small pressure —sensitive transducers spaced a small distance apait in terms of the wavelength
of sound at the highest lrequency of interest. Unfortunately for the development of practical
measurement systems, Schultz's dise-like trmnsducers were placed back to back, with their
surfaces a very small distance aparl. This confliguration placed extreme demands on the
electronie circuilry of the day, and, alihough he demonsirated satisfactory performance under
laboratory conditions in relatively simple sound fields, atlempls 1o survey the sound fields
generated by a sound source in a rigid-walled enclosure were disappointing. As Schultz et al.
(1975} explained later, it was not only the inadequate performance of the measurement
system under highly reactive conditions which produced the problems. The lack of a
comprehensive theoretical analysis, and therefore of physical understanding, of the enclosed
sound field, also contributed Lo the resulting lack of confidence in the measured resulls.

In the late1960°s, Mechel (1968), Odin (1967) and Kurze (1968) demonstrated the
refationships between the active and reactive components of sound intensity, and at the same
time, the spatial gradients of phase and squared pressure. These relationships are loday
effectively implemented i the indirect spectral technigue of intensily mensurement.

More pioneering contnbutions in the area of sound intensity measurement lo the
determination of sound power radiated by complex sources, were made in the early 1970"s by
research workers in South Alrica such as Van Zyl and Andersen (1975) and Burger, el al
{(1973) among others, Although they used a combination of pressure-and-velocily
microphones in their early work, they later realized the superiority of the combination of wo
nominally identical pressure microplones, and developed the first analogue intensity meter to

have a wide frequency range and large dynamic range, This insirument was developed from a
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prototype constructed by Van Zyl in 1979, Subsequently this group developed a range of
intensity meters of increasingly high performance as a small commercial venture.

Currenl research and development in the held concerned, among other things,
improved survey procedurcs Tor the determination of the sound power of one source
operating in the presence of otiers (this is of parficulir fmpoiiance Tor the development of
pood measurement standurds); applications in duct acoustics and building acoustics; power
flux line mapping: and imaging of acoustic sowces by near field microphone array
lechnigues, which generate intensily distributions as a by-prisduct
.10 SCOPE OF THIS PRESENT WORK

Sound waves travel larther in dry air than in moist-air. Thus much attenuation is
experienced in dry air than in moist air. The scope of this recent research is to study this
coellTicient of altenuation by constructing audio equipment (both the transmitter and the linear

sound pressure meler as receiver) using single probe method at the receiver end.
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CHAPTER TWO

L1 ATTENUATION OF SOUND WAVES
Sound propagating away from a source diminishes in strength at a rate depending
on A variely of circumstances. I also encounters siluations thal can cause changes in
amplitude and direction. At increasing distances from a source of sound, the intensity is
expected to decrease. The rate at which il decreases is dictated by the directional properties
of the source and the environment mto which it radiates. A source of sound thal 15 small
compared with the wavelength of the sound being radiated, (o condition that includes many
common situations), the sound spreads oulward vs o splcie of evor mcreasing radius, The
sound energy from the source is distributed uniformly over the surface of the sphere,
meaning that the intensity is the sound power output divided by ihe surface area at any
radial distance from the source.
;!1

Since the surface aren of a sphere is 4ar”, the clstionship between the sound

inlensities al two different distinces is:
3

fy _r

{5 .rlz

where [} 15 the intensity at radius ry, Iy is the intensity al radius ry
The level difference = log :iz =20 Iug?— dB
I _|
Sound propagating ouldoors through the atmosphere generally decreases in level
wilh increasing distance between the source and the receiver. Thal is, altenualion ocours.
This altenuation (units in dB} 15 the result of several mechanisms (Cynl, 1979) which
inelude:

. Attenuation {Ag). which is caused by geometrical diverpence from the source and

receiver.
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3 Attenuation {(Apge). which resulis if a barrier, is placed between the source and
receiver.

v Allenuation {Agm) due o the absorption of acoustic energy by the air in which the
sound waves are propagated. As sound propagsies through the almosphere, its
energy 15 pradually converted imto heat (e, somd 15 aboorbed) by o number of
molecular processes in the air called atmospheric absorption.

The attenuation due (o zimospheric absorption during propagation, {Aam), through a

distance d meters, 15 given by

cxel

Agm 1 =— dB
T

Where a is the almospheric atlenuation coefficient in di¥ per 1 00m,

This attenuation coellicient strongly depends on frequency and relative humidity and
less strongly on lemperature,

4. Atlenualion { Ascess) in exeess of that from the above mechanisms, caused mainly by

propagation over ground (usually called “ground elTeet™).

21  EFFECT OF ATMOSFHERIC PARAMETERS ON SOUND ENERGY
221 Effect of Amplitude and Wavelength,

The expression for velocity is independent of the amplitude and the wavelength of
the note and therefore we can safely conclude that velocity does nol depend upon the
amplitude and the wavelength, This holds so long as the amplitude 15 small as is generally
the case, For waves of large amplitude the relationship is nol true and it has been found
that loud sounds such as those of a cannon travel fasier than ordinmary sounds in the
mmediate meighborhood ol e source, In such a wave, pressure is nol proportional lo

density and the volume elasticily increases as the densily is incrensed by compression ancd
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diminishes as the density is reduced by rarefaction. Consequently, a compression wave
travels faster and a rarefaction wave slower, resulling in a change of waveform. Moreover,
due 1o the rapid compression in the early stages, there will probably be a rise in
temperature, which will couse an increase of velocity. Al distance from the source the
sound velocity settles down o normal value corresponding to that for small amplitudes.
212 Effect of Pressure

The change in the pressure of a given mass ol gas would produce a corresponding
change in volume, From Boyle's law,

1"=n constom
Since V== 2.1

[herefore,

Pmdp= n constant.

or  Ppremains unaltered .
The veloeity is thus independent of any change in the almospheric pressure so long as that
change is sulliciently slow and Bovle's law holds good.
This has been verified experimentafly and it has been found that the velocity of sound at
lhigh alliludes is the same as al sea level, although the atmospherie pressure at the two

places is different {Subrahmanyam and Lal. 1974),

1.3  Effect of Density
The pressure remaining the same, the velocity of sound in two gases are inversely
proportional to the square root of their densities, provided y (the ratio between the specific

heat al constant pressure and the specific heat at constant volume) has the same value for



22

both of them e.g. oxygen and hydrogen. Oxygen is sixteen times denser than hydrogen;

therefore the velocity of sound in hydrogen is four times that in oxygen,

_'I-

velocity in hydrogen Jrj’ w
Jf:‘ﬁ ’-‘rul

velocity in oxypen
Where P is the total pressure, py, and p, are hydrogen and oxygen densities respectively and
1 s the ratio between the specific heat at constant pressure and the specific heat at constant
volume, {Subrmhmanvam and Lal, 1974),
124  Effect of Temperaiure
When the lemperalue increases, (he densily of the pas decreases without alTecting

the pressure. As the numerator in the expression o3/ 2 would remain unchanged, a rise

v, =J'ﬂ amd v, = i
IF'.II pr

of temperature would increase the veloeity, and vise veiss, 1+, it the velocity of sonnd in
air at 0°C and v, the velocity a1 (°C; and pgand p, are the corresponding densities at these
temperatures, then if the pressure remains unchanged,

Therefore, (by Charle's law )

2 2 ()

where ais the coelMicient of volume expansion.

b - ||[ .|.; where a = L

ar v, ¥ 2n 273

whence

L_Jm“_ T
v Vo213 T

where T and Ty are Kelvin temperatures that is, velocities are directly proportional to the

square rool of Kelvin lemperatures.
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If, however, the variation of 115 nol oo large, we have
¥, il
L =(l+ar)" = [I +—at
¥a .2

expanding by binomial theorem and neglecting the higher powers.

Or i=[I+1_L]=E[I+L]
Yy 2273 546

Taking the value ol v, =332 ms we have

v, = .132[1 |-L]
546

or vi = (33240.61t)ms™

Thus the velocity of sound at 0°C increases by 0.61 ms'. This is called temperature
coefTicient of wvelocity of sound and agrees very well with the experimental value
{Subrahmanyam and Lal, 1974). This approximation holds good for air, and at ordinary
temperatures. Sound waves produced in the air by sources that have a speed greater than
that of sound isell’ in no way resemble ordinary sound waves.  They are called
supersonics. Besides them there are ultrasonics-sound waves of frequencies much higher
than the audible limit.

2.3 Physical Aspects of Sound

Sound 15 the mechanical vibration of an elastic mediom. Influenced by an outer
force, the particles ol the clastic material are displaced and because of the elastic force and
the ineriness they begin o vibrate, Vibralion propagates in solids, liquids and gaseous
materinls, as well. As the human ear perceives generally atihbome sounds, the generation,
propagation and perceplion of airbome sound is of essential importance. Airbome sound

appears as the Muctuation of air pressure, Sound pr{:ﬂsuw.: can therefore be regarded as an

allernaling componen! superposed to constant (or very slowly varying) atmospheric
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pressure (Figure2.1.). Air pressure P (1) in-a given point of space can be expressed

a5 the sum of the atinospheric pressure Py and of the sound pressure i),

To characterize the magnilude of sound, the effective value of sound pressure is
wsed. The standardized unil of sound pressure is the Paseal (1 Pa = | N/m®). {Almospheric
pressure is about 100,000 Pa). Sound pressure is measured by microphones. Instead of its
actual value, sound pressure is usually given in dB being compared to certain reference
pressure, 20 miPa is used as reference, since this is the level of the 1 kHz sinusoidal sound
just vet audible by the average human ear. The sound pressure level (3PL) can thereloe e

given as:

SPL = 20 log p/po.

Pressure difference penerated in one point of the space leds o equalize towards the
adjacent parts. During this process, particles of the air are displaced generating thus a new
pressure difference in the neighboring space. So the sound pressure varalion propagates in
the Torm of sound waves., The distance between two points having the same phase of the
sound wave is called the waveicugeh. The product of the frequency and the wavelength is

eiqual lo the propagation velocity of the sound wave:

C=f
The propagation velocily of the sound is 340 m/s. If the sound source is concentrated in a
single point and il there is no obstacle in the surrounding lield then the sound waves are
spherical, Far enough from the source, the curvature of the sphere can be neglected and the

wave 15 supposed o be plam (Fig. 2.2.). For plain waves the ratio of sound pressure and

particle velocily is constant.
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Figure 2.2 Spherical and Plane Waves
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':_:= e =410 ._ﬁ;ﬁ. where py is the air density.
: e e

soumd can also be characterized by the acoustic power, which comes through a uml of area.
[his quantity is called somnd infensity and its value can be expressed as the product of

sound pressure and particle velocity:

-
¥

I=pu=‘ﬂ—

Poc
Intensily is usually given in related form in dB, oo, The reference is the same as for sound
pressure. It can be seen easily that the reference value is ke | pW/n' which is the intensily

of a just yet audible 1 kHz tone. Intensity level can, therelore, be expressed as

.’_.,=II.'ZII|.:|,-_aIri

24 Physiological Characteristic of the Human Hearing

Human hearing s limiled both in frequency and amplitude. According to the test
messurements carried out on o very large amount of people, levels of just audible sound
pressures were determined. The average of the measured values is called the threshold of
andthility. The threshold ol audibility is strongly frequency dependent. The ear 1s most
aensitive in the range of soine few kHz, Below Ell'lt.l beyond this range the sensilivily is
smaller (Figure. 2.3.) It can be seen that the range of the audible signals is between 20 Hz
and 20 kHz. (Cyel, 1979). Too loud sounds cause pain, the lowest of such a sound pressure
i5 called the threshold of pain. Musical sounds and the speech are within these limits. It can
also be seen that the frequency range and the amplitude range of music are remarkably

greater than that of speech.
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For the subjective judgement of the sound level, the term ol lewdness feved was introduced.
Loudness level of an arbitrary sound is as many phon-s as many dB-5 is the sound pressure
level of the 1 kHz 1one ol the same loudness. (In the loudiness evaluation test, the listener
alternalely listens o and compares the measured sound with the Connecting the points with
the same loudness along the frequency axis, we oblain the so-called Fletcher-Munson
curves (Figure,2.3). Loudness level of a sound al a given frequency and pressure level can
be read as the value of Ly belonging to a certain curve on the diagram. Loudness is thus
suitable for the comparison ol sounds with dilTerent frequencics.  To evaluale the
restulling level of simultancous sounds, the term foudrmess has been introduced. Loudness is
denoted as Noand its umt 15 called phon. If the loudness level is preater than 40 phon then
the loudness can be compuled as masking which is anothep term related to the simultaneous
presence of two dilferent sounds, Masking means covering the weaker sound with a
stronger sound when each has a different frequency, Masking has been examined for
sinusoidal sounds and for narmow- and broadband noises, respectively, Figure 2.4, (Cyril,
197%) shows the increase of the acdibility threshold caused by 1 k2 narrow-band masking

niises, As it can be seen in the fipure, high frequency sounds are casier to mask.

Spatial parameters of sound are also very important. First of all, direction of the
sirnd has o be mmlinnud In the horizontal plane. the seund is localized by the difference
of the sound pressures al our ears. Al low Irequencies, the phase difference is detecled
while on higher frequencies a difference in intensity arises due o the shadowing caused by

the head. To perceive direction in the vertical plane, the head has to he moved up and

e,
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5 Electroaconstic Tranzsducers

Electroacoustic transducers are devices translorming electiical energy into acoustic
enerpy or vice versa, Translormation is carried oul in lwo sleps. First, electrie energy is
converted into mechanical energy by means of an electramechanical transducer and second,
from mechanical” energy to acoustic energy. The important part of such a transducer is a
mechanical vibrating system, which is rigidly attached w a diaphragm. The mechanical
vibration forces the air particles adjacent to the diaphrapm (o move so that mechanical
encriy is converied into the acoustic energy of the propagating sound waves. In the inverse
effect, incoming sound waves bring the diaphragm and the imechaimcal systein inlo matian
so that a signal proporiioual 1o the motion 15 generated of the clectrcal outpul, In certain
transducers the diaphragm and the mechanical part cannol be clearly distinguished [rom
gach other (Amos,; 1977).

The so-called eontrolied transducers use the iput Sipnal o control output encrgy of
mn ¢xlernal source. This principle has the advantage of being able (o control much greater
encrgies than the inpul encrgy. That is why these transducers are usually called active as
well, Carbon microphones for lelephone sets are a good exwmple for such kind of
transclucers,

The electromagnetic tronsducer (Figure 2.5) consists of a permanent magnel, soft
magnetic pole-shoe, an anchor and a spring. At the standstill position the gap size is 572,
attracting foree of the magnel is in equilibrium with the force of the spring. In the presence
of a current Hnwi-ng through the coil, attracting force gets stronger and the air gap becomes
smaller. On the contrary, a current lowing in the opposite direction weakens the attracting

force thus the anchor moves off. In the inverse operalion, force generated by the sound
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pressure moves the anchor, In accordance with the dircction of the movement, a Mux
change will induce voliage in the coil.

The electrodvmamic iransdicer (Figure, 2.0) has a lixed air gap, Inside the air gap,
there is a magnetic field in which a conductor is moving. Al the ends ol the conductor, a
voltage 15 induced which is proportional to the flux density in the gap, to the length of the
conductor and to the velocity of the moving conductor, Thus the muolivnal cuvigy 2
ransiormed into electrical cnerey. When a curremt dovis the conductor, o force is
generated which is also proportional o the flux density, to the conductor length and o the
magnitude ol the current. To increase the efliciency of the transducer, a moving coil 15 used
instead of 4 single piece of a straight conductor, since the citire wire length is of

importance,

The moving electrode is made of a thin metal Toil acting also as the microphone
diaphragm, The lixed elecirode is called back plate and iz made of a thick piece of metal.
To ensure lincar operation ol the transducer, a DC vollage source is connected to the
microphone through a high value resistor, The electrostatic force attracts the thin
diaphragm towards the back plate. As the edges of the diaphragm are fixed, the foil
becomes deformed, This delormation is strengthened or weakened by an additional AC
vellage, depending on ils sign with respect to the DC voltage 5o thal the diaphragm starts Lo
move, If sound pressure is acting on diaphragm, it is again more or less deformed and due
to this, capacity of the condenser formed by the two clectrodes will change. As the charge
of the capacitor is unable o change during rapid changes ol the capacitance, the voltage
changes and the change can be monitoied on the resistance K. The piezoeleciric transducer
makes use of the.ability of certain malerials to produce unbalanced charge distribution on
their surface when they are deformed. In the inverse effvet, delormation appears when

electrical Hield is applied.



S

Anchur

Spring
Fiu.w: path

Permanent 'T WV\“]\ C oil
magnet d =
Ll

Figure 2.6 Electrodynamic Transducer

i3



34

2.3.1 Microphones

Because ol the greal variely of requirements Tor U timmsmitled and recorded sound,
several types of microphones are used for sound receplion. A microphone can be
characlenized by its sensitivity, frequency response of the sensitivity and by the directional
characteristic. Sensitivity is defined as the change in outpul voliage with corresponding
change of pressure applied. Frequency respanse is the scrsitivity given as the function of
lrequency. Directional characieristic expresses the dependence ol the sensstivity on the

direction of the incoming waves as shown in figure 2.8, (Amos, [4977)

Directional characternstic depends on the microphone howsig, In the case of closed
housing, the microphone is winidirectional (sensitivity is the same i all directions), Il the
housing is opened (both sides of the diaphragm can be accessed by the sound pressure) the
microphone is bifateral, i.c. it is entirely insensitive to side sound-waves and most sensitive
o sounds conung in from e direetions perpendiculir o the diaphragm, The third
mmportant type is the so-called cardioid microphone which has preat sensitivity to one

ducetivn only and there is a total suppression in the backward direction,

In telephone seis, mass-produced cheap carbon microphones are used (ligure 2.9).
Such a microphone acls as a resistor, varying its resistance according o the change of the
sound pressure on the diaphragm. This is due 1o the change of the contact resistance of
carbon powder placed between two gold plated contacts. The bottom clectrode is fixed and
isolated from the housing while the upper electrode moves together with the diaphragm.,
Since the contact resistance is a nonlinepr function of the diaphragm displacement, the

distortion of the microphone is rather high. The widespread use of this type of microphones
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15 due to its greal output signal. Currently, they are loosing importance as fully eleetronic
telephone sets enter the market.

Both in studio and consumer applications, dymaneic miceophones (ligure 2,00 e
frequently used, Induced vutpen vollage appeirs ol the cods ol Ui ooving cotl, inserted inlo
the air gap of a permanent magnet. The coil moves together with the diaphragm and the
maotion 15 proportional to the incoming sound pressure. The magnet and the diaphragm are
placed intoe a housing closcd from the front side by a protecting gnd. Opening the housing,
choosing proper grid parmmeters and placiog additional acoustic clements,
brosmdband lrequency response and arbitrry directional characteristic can be realized. The
condenser microphone, Ngwre 211, s a device suitable G both studio applications and for
measurements. There is o disk-shaped back-plate, isolited [rom the cylindrical metal
housing ol the end of which o metal diaphragm is stretched, The distance between the two
clecirodes is about 0,01 mm. Alternating voltage, which appenrs on the resistance 15
amplified by a low-noise high inpul impedance preamplilicr. The sensilivily ol such a
microphone can be calibraled and remains stable during a long period of time because of
the precise construction. For consumer applications, piezoelectvic microphanes (Fgure
2.12) are used . A piece of a dual crystal (bimorph) is fixed at one end to the housing while
its other end is attached 1o the diaphragm. The incoming pressure bends the bimormph to
produce two vu[lug:::«' ol opposite sign, which are theh simply added. As the output
impedance ol the device is high, high input impedance amplilier has to be used for further
signal amplification.

252 Loudspeakers

The last step of anificial sound held production is the transformation of electric

energy inlo acoustic energy. This transformation is performed by loudspeakers, Like with

microphones, different types of loudspeakers have been developed,
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Vhe dynamic loadspeaker (Fig. 2,13} is the most widely used type. The moving coil
of the loudspeaker is placed into the air gap of a magnetic circuit. The moving coil is
attached to a conical diaphragm which is supporied by an inside spider and by an outside
rim o keep the motion axial, Frame attached to the magnel supports the rim and the leads
of the moving coil end also on the lrame. By the mutual action of the moving coil current
and the magnetic lield, an axial force is generated, This foree brings the diaphragm into
maotion thus producing sound waves. For modest quality requirements (e, for AM radio
receivers) one loudspeaker is sulisfactory. Two or Ihnzv:l lonelspeakers can cover the full
audio range, cach designed for o different frequency range.

Efficiency of sound emission can be improved by betler acoustic matching. Such an
mmprovement can be achieved by a born with exponentially growing cross sectional area.
The transduecer is placed into the throat of the hom. The only drawback of the hom is that a
very greal horn is needed for a good low frequency response, so thal horn is used only for
sound reinforcement requiring modest sound quality (where the luck of the basses can be
lolerated). In a condenser [oudspeaker, 10 achieve good low frequency response, the
diaphragm arca has to be extremely great and a special high voitpe powed supply wiisd
matching transformer are also peeded (o provide proper de bieomd impedanee malching,

Distortion of such a device is small, frequency response is il bul the price is rather high.

26 Offset Error Compensation.

Real operational amplilicrs vsoally have small de oulpul voltage even when the
input voltage is zero. This small de output voltape, in excess of 2135mV, depends on the
types of transistors used in the inpul circuitry of the op-amp. This voltage is called an inpul
offset voltage, which is an ervor and undesirable in many applications. It is also an input

voltage, which must be applied across the inputs of the op-amyp (o Toree the output voltage
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down to zero, Manulacturers ollen quote it as Vg, Any Fimuil that enables us Lo achieve
this is known as input-offset voltage nulling network. Offset voltage nulling is usually
termed as inlernal and external nulling. (Franco, 1988),

Internal Offset Nulling: The nulling procedure is straightforward as shown in figure 2,14
for a ua741 op-amp used in this project, It must be noted that Tor nulling to be carried out,
the op-amp must have provision for it.

External Offset Nulling: Also external oflset nulling is based on the injection of an
adjustable voltage into the iu|-rul cireuil o compensale for the uximinj_.;, error. This exlernal
nulling does not introduce additional imbalance in the mput stage, hence there s no
degradalion in temperature drifl and common mode rejection ratio. This external nulling 15
shown in fipure 2.15a and 2.5b lor both noninverting and inverting amplifier respectively.

The potentiometers in the circuiis are adjusted 1o drive Vy o zero i cacl case,
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CHAPTER THREE

10 THE DESIGN PROCEDURE

To determine the coelTicient of atlenuation of sound waves in the aimosphere two circuils
were developed to form the transmitter and the receiver JI'he arrangement is illustrated in
figure 3.1, The transmiller comprises of the oscillator, audio power amplifier and the eleciro
acoustic transducer. The receiver is simply a sound pressure mecter that measures the
intensity al fixed distances away from the transmitter,

F. 4 | The Audio Oseillator

The audio oscillator is simply a Wien bridpge arranpement thai pencrates a sine wave oulput,
The basic Wien bridge oscillator configuration is as shown in ligure 3.2, The active device
15 an operational amplifier to which both negative and positive feedback is applied.
Negative feedback is provided by resistive network iy and i1, while positive feedback is by
the reaclive network consisting of a porallel pmd a series RO poir. 1The reactive components
need not be of the same value but making them so simplilies the circuit’s analysis.

The circuit can belave as o non-inverling amplifier, which amphifics ¥V, by the amount

[
A=t =42
I'r 1

Wy is the output voltage and YV is the vollage across parallel componentls.
Ve s in turn supplied by the operational amplifier itsell aceording o

: Ve 2,
I..:I ['EP + EE}

I
where 2, = RII1/(joC)] wi TRy

Zyand 7, are paralle]l and series impedances respectively, [ is a complex term and w is the

angular frequency.
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Substituting and expanding yields

L
H-=F—" = t .
1] 3 I _J{ .l'lr . ..'F;I
7 I ol
; : |
where [, is the oulput fregquency given as fo = -
2o

The overall gain experienced by a signal in going around the loop is
T=AR.

|+ R, /R,
3+ Jl 0= A0 1)

thatis = Tif) =

This is a band pass [unction since at both high and low Ireguencies it approaches zero.
Moreover, it peaks Tor =1 where

I+ R, IR,
3

r(if)=

Depending on the magnitude of T (jl). we have three possihilities : (Franco, 1988)

1. T (ila)< ). This correspond to-n slable situation in which al! digna!. in the circuit
eventually converge (o z2ero

2. T (jfa)=1. 'I“hi-:-'. corresponds to an unstable situation, :-'.l-m:u: any disturbance with spectral
content in the vicinity ol f; will be amplified regenerative and ciouse the cireuit to break
oul into oscillation of growing magnitude.

3. T (la)=1. This is a sustained oscillation, It means keeping the amplitude of oseillation

below the saturation levels, yel providing enough loop gain 1o prevent oscillation from

decaying to zero. This is achieved by making T (jfy) exactly unity. This requires that

The condition leading o T (j1y)=1 is also relerred 16 as the neutral stability, which is

achieved when the resistive and the reactive feedback networks form a balanced bridge. To
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keep the bridge balanced exactly at all times, a form of automatic control was used to
continuously aldjljﬁt the ratio Ro/Ry. This is achieved by making the ratio level dependent so
that al low sipnal levels Ho/R is slightly greater than 2 to ensure oscillation starl up, and at
high signal levels it is slightly less than 2 to provide smplitude limiting, Once the
oscillation has started, it will grow and automatically stabilize at the level that makes
Ra/R =2 exactly.

The circuil of ligure 3.3 uses a diode-resistor network to make the effective value of
R; level sensitive. Al low signal levels, where the voltage drop across the diode nelwork 15
insulficient to tum the diodes on, the 200kL) resistor is effectively open- circuited and
Ro/B=21/10=2.1. This causcs oscillation to build up. hs.ﬁn: oscillistion grows, the diodes
are gradually brought inte conduction, thus making the ellective value of Ry change from
21kL2 1o 2147200=19k€2. At high signal levels RyRy=19/10=1.9. Signal amplitude will
automatically stabilize at some immediate level where Ry/R =2, (Franco, 1988). With the
component values shown in lgure 3.3, the outpul amplilvde yields peak o peak ol about
1.5 volts which is good enough 1o be fed into the input of the audio power amplifier.
32 THE AUDIO POWER AMPLIFIER

The umpl'ff'ler is powered from a dual power suppiv oif 30V, which determinee tha
maximum possible power thal can be delivered to an B0 I-;-'-' sprebor ng:

1 !
LA L) T
2R,

in practice; the available power will be rather less, say approdimately 50W, because of the
inclusion of the (.54 series resistor for overload salety purposes. bottoming and cul ofl
limitations in the output transistors and the impossibility ol perfect biasing. To conserve
standby power and for maximum efliciency, the output stage of figure 3.4 is arranged as

class AB, complementary symimelry, push- pull conligurations,
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Figure 3.3: Wien Bridge Oscillator With Automatic Amplitude Stabilization
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Figure 3.2: Basic Wien Bridge Oscillator Configuration
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RVla
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Figure 3.3: Wien Bridge Oscillator With Automatic Amplitude Stabilization
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The common colleclor configurations formed from the Darlinglon pair T and Ty
vickd almost 100% nepative leedback and endow the output stage with unit voltage gain,
very low distortion and very high input resistance to avoid overoading the driver stage and
very low oulput resistance lor driving the low impedance speaker. Due to high power
dissipation, Ts and Tg were mounted on & common heat sink taking appropriate care over
electrical insulation.

Transistors Ty and Tx protect Ts and Ty respectively against overload which might
arise, for example, from accidental short-cireuiling of the losdspeaker. The bases of 15 and
Te sample the outpid corvent and, i this becomes oo greal, these two fransistors switch on
and limit the input to 15 and 1.

Diodes Dy and Dy proteet T7 and Ty against reverse current (Tow while [y and Dy
protect Ty and Ty against reverse inductive voltage surges. Transistor Ty in conjunction with
R4, Raand Ry acl as a base emitter vollage (Vg mu]l:ipiig'r anil provides bias {or Ty and T
that can be almost perfectly thormally compensated.

Assuming that the base current of Ty is negligible compared with the current through Ry, Rs

and R, then [or this transistor,

Fin =[Hd—+ﬁ',+_m}}pm.

]
Adjustment ol Rs allows the polential difference between the bases ol the Darlinglon’s T
and Ty to be set within the range three to four times base emitler voltage (V) which is
enough to turn them just on. ldeally, R is adjusted F:u_r minimum crossover distortion,
Because the bias belween the bases is a mulliple of Vie thermal compensation of the

operating point of the push-pull Darlington is automatically achieved by mounting Ty close

o Ts and Ty on the same heat sink,
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Transistor Ty presents almost a short cireutt 1o signals between ils collecior and
emitter. Thus, B is the collector load of the driver transistor |, which is biased 1o oporate
in class A, The ambient dissipation of Ty 15 given as 30V x 10mA -300mW and a small
heat sink was attached 1o it also.

The long -tailed pair. formed from matched transisiors 1) and T; feeds Ty and
provides valuable differential action with common mode rejection. Substantial negative
leedback through Ry and R; keeps the overall amplifier gaan al 28 wilh low distortion and
in conjunction with the differential input stage, maintaing the ambicnt output voltage very
close 1o zero withoul the need for a preset adjustment The Tull rated output is delivered
when the inpul 15 1 Vi, Larger gain is of course easily obtained by increasing By,

The inpul resistance of the amplifier is simply the 22k{2 resistor because the parallel
impul resistance of the feedback long-tailesd pair is very high. The amplifier is completely de
coupled al the mput, its low [requency respense is very pood without the need for very
large coupling capacitor. High frequency stability is assisted by including a 1nF capacitor
m the collector elreuitry of Ty This capacilor together with Ry constilutes a low pass filter
that attenuates signals ol lrequencies well above the audible range.

Ihe frequency response of the amplifier was quite good between 30Hz2 1o aboul
SOk Hz, amd it can drive 82 or 4 loudspeakers.
The amplilier was powered by u rectified asc voltuge using a center lapped 50V siep-down
transformer which was well filtered to remove most of the ripple voltages which can cause
noise and humming at the amplifier’s output, The rectified outpul gives 430V and can
provide more than 2A ol currenl.
33 THE LINEAR SOUND PRESSURE METFR

Usually sound intensity or pressure meters are calibrated on o logarithmic scale but

the one designed in this projeet 15 calibrated onoa linear scabe This lincar scale does not
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allect the oulput” reading bul makes it easier. This sound pucssuic meler tags g epeecial
integrated cireuit, ADGIG, thal is o troe ool mean sqoare (A9 comeerter.

34 ADG3G PRINCIPLE OF OPERATION

This ADG36 embodies an implicit solution of the RMS cquation that overcomes the
dynamic range as well as other limitations inherent in a straightferward computation of nns
value of ac or de signals, (Appheation sheel of AD636}, The actual computation performed

by the ADG36 is piven by the couation:

¥ F §
JThll'l = '-'11: =
'E{ Fr'“" }

where A, is the average value of the ac signal.

Vs 15 the rool mean square value, which is the effective value in any ac signal,
Vin 15 the input voltage.
Figures 1.5 and 3.6 shows the schematic and the internal cirenitry ol the ADG36
respectively. The schematic is subdivided into four major sections namely:
(i) absolute value circuil (that is, active rectifier)  (ii) squarer/divider circuit
(i8i) current mirror circuit and  (iv) the output buffer amplifier.
The internal c'in:uilr:.f ol ADG636 is shown in ligure 3.6, The active rectifiers Ay and A;
converl the impul voliage Vin, which can be an alternating current or direct current, to a
unipolar current [y, 1y drives one input of the squarer/divider, which has the trans(er

function:

The output current, 1y . of the squarer/divider drives the current mirror through a low pass

filter formed by B, and the externally connected capacitor, Cay . If the time constant,

L,
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RyCay is much greater than the longest pesicd of the inpul signal, then Ly is effectively

averged. The currenl mimor returns a current by . which equals Ay (ls), back to the

squarer/divider ey complele the implicit RMS computation”. Thas: [, = ,.-11"[_:[ ':+:| =/ rms
i

The current mirror also produces the output current. Loy, which equals 21,.
liwry can be used dircctly or converded (o a voltage with B and bullered by Ay (o provide a
low impedance voltoge outpul. The transfer lunction of the ADG3O hos results:

Viour=2Ralrms=V yrms
The dB output which represents the pressure of the input signal is derived from the emitter
of €3, since the voltage al this point 15 proporional o —log Vi, Emilter follower, s,
butfers and level shifls this voltage, so that the dB output is zero when the externally
supphed emitter current (Tge ) 1o Qs approximates 1.

This dB output vollage has a scale factor of -3mV per every decibel of input voliage. It is
this scale factor thal was used (o give the sound pressure meter a linear scale.

35 FREQUENCY RESPONSE

The ADG636 utilizes a logarithmic circuil in performing the implicit rms
computation. As with any log cireuit, the bandwidth is proportional to the signal level. The
solid lines in lgure 3.7 represent the fregquency response of the ADG36 al inpul levels from
1 millivolt to 1-volt rms. The dashed lines indicate the upper lrequency limits for 1%, 10%,
and £3 dB of reading additional error. For example, note that a | volt rms signal will
produce less than 1% of reading additional error up to 220 kliz. A 10 millivelt signal can
be measured with 1% of reading additional error (100 mV) up 1o 14 kHz
36 CIRCUIT DESCRIFTION OF THE SOUND PRESSURE METER
The circuit of lgured.8 is stmightforward where all possible measures have been taken in
the design 10 oblain good linearity and sccuracy, The erystal microphone receives radiated

signals from the transmitter. The microphone has an inbuill FET, which is used as
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an amplifier: Ky andR; serve as drain resistors, The network 10, provides frequency
compensation al low frequencics while R-C; combination decouples the power supply line
t the microphone. The amplitication provided by 1€ and 10 1 dotormined by the position
of switch swl, In position 120dB, R is short-circuited. 1C; then functions as a voltage
follower and the gain Az produced by 1C; is given by;
Ar=Ro/(R+Rg)=1
because the value of Ry plus R is equal 1o that of Ra. 1his means thad the combined
amplification of 1C; and 1C; s equal w1 In position 10018, twe pain Ay produced by 10 15
given by,
Ay={Rs+ R R:=10

Since the amplification of 1C; remains at 1, the combined amplification is 10,

For the switeh to be in position of BOAB, the amphilication of 1C; remains at 1.
Since Ry is now short circuited, 1C; also amplifies by 10. The wital amplification becomes,
therefore, 100. The output of 1C; is taken directly into the input of the true RMS converter,
which converts the altemating input signal to a direct current. The 1C also provides an
output that delivers 3mV per every dB voltage variation at the input. This makes it possible
for a standard moving cotl meler 1o be given a linear dB scale. A buffer amplifier, 1C4 that
drives the moving coil meter, follows the converter. The amplification provided by 1Cs
makes it possible for meters wilh a sensitivity of 30 to 100pA 10 be used. The full scale
current is matched to the moving coil meter by the polentiometer 1'; [ The value of this
preset has been chosen o ensure thal the meter has a range of 304D lall-scale deflection
and that the ranges overlap one another by | (dB.{ Tech/Elector Electromes, [995).

The sound pressure meter is powered with two rechargeable batteries of Gvolts, 4Ah

each were used.
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3.7 CALIBRATION

The eguipment was calibrated by removing the microphone and then connecting an
alternating signal at a frequency of about TkHz to the inpul. AL this stage, the range switch
was set to 120dB. The input signal was the set to 8mVY, measured ncross By with a digital
voltmeter. Potentiometer P was then adjusted so that the pointer of the moving coil meler
is exactly at zero,

For full-scale dellection, the input signal was pow adjosted to 253mV e and
polentiometer Py adjusted so (hat the meter reads 12048 ot (ull-scale deflection.
When the sound pressure meter has been calibrated 1t was found to be accurate within
+2dB,
I8 TESTING THE EQUIPMENT FOR CONSISTENCY

Adter construction it was desirable 1o lest the equipmient (o evaluate the performance
ol the constructed sound pressure meter because it forms a vital pant of this research. This
was done by feeding a 1kliz sine wave to the auxiliary line inout of a digital sound power
system (Sony compact Disc Player, Model MXVR456 built in 1997} having 5-band graphic
equalizer with digital sound level display in decibel. The proplue equalizer of the sound
sysicm was set 1o activate only the lkHz tone with the volume s¢t to 65dB while other
requencies were disabled o ensure thal the system worked within the midrange of
frequencies. The microphone was directly in front of the loud speaker to avoid the effect of
atmospheric wind, The readings of the meter were then recorded every minute for
consecutive 10 minutes. The variations noled were duc to litlle effects of the wind
movements, The same test was performed at four dB levels and the results are given in
table 3.1 0 3.4.The reading of the sound system was taken as the standard al a room

tempetature of 28"C,
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Table 3.1
At 1kHz sine wave at the inpul of a standard audio amplifier (Sony model) at 65dB

Standard (dI1) Constructed meler (i(d3)
| %] iy
2 5 ((a
3 65 65
4 - 68 65.5
5 65 GE
f ] il
7 65 68
8 65 6
9 65 67
10 65 66

The mean for the constructed sound pressure meter is 65 |

Tahle 3.2

At 1kHz Sine Wave al the Input of a Standard Audio Amp. (Sony model) at 82dB

Standard (d13) Constructed meler (dB)
1 82 80
2 82 81
3 82 82
4 82 82
5 82 Bl
& . 82 BL.5
7 82 &l
& 82 83
9 B2 2.2

10 82 81
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The mean reading for the conatructed sound pressure meter is 2412

Table 3.3

Al TkHz Sine Wave at the Input of a Standard Audio Amp. {(Sony model) at 1O0d1

Standard dB Constructed Meter dB
- [ 100 99
2 R 99,5
[ 3 L0 T
4 100 . 100
5 100 99
@ HO0 o 99

The mean lor the sound pressure meler al this level is 100805,

Tahlel.d
At LkEz Sine Wave at the loput of 3 Standard Andio Amp. (Sony model) at 115dBE
Standard dB  Constructed Meter dB

I r TE 113.5
3 115 === 113
3 115 114
4 HE 1E )
5 115 115
6 115 114.5 J

The mean Tor the sound pn:sﬁi:u'q: meler it thiz level i 1154 (1.5 These resalts show that the

sound pressure meter is consistent for the same reading ignonng the wind effect.



6l

39 SETTING THE EQUIPMENT

Adter the parts have been constructed and then coupled topether, the experiment was
carried out in a big pipe opened al one end to minimize the elfect of atmospheric wind on
the sound waves being transmilted, Long metal sheets were covercd with sound absorbing
materials and then folded and joined together to form a big long pipe of about 7 metres. The
sound absorbing materials prevent reflections from sides of the pipe that might shoot-up the
microphone readings.

Uhe tramsmiatting tamsducer was used o block o cad of the pipe: Holes of 1 meter
apart were made on the sides ol the pipe where microphiones will be inserted 1o take
readings at intervals of | metre away lrom the transmitter. This amangement was sel up for
some months to evaluate the equipment’s performance wai i Ll collectsd To rake
readings the variable oscillitor was mljusted 10 o particole eoqueney and the audio
amplifier’s output adjusted for a very loud sound. Then, pressures at imterval of 1 metre
away were recorded. Temperalures at any particular reading were also recorded. Graphs of
pressures (in dI¥) were plolted pgmnst the distapce for dilferent frequencies. Also the
graphs of computed attenuations (in dB) were plotled against the distances at dilTerent
frequencies, The results obfained [rom the sound pressure meter are given in tables 1.5 to

3.8 at constant frequencies, The corresponding graphs are shown in ligures 3,10 10 3,14,
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Table 3.5 Readings at 30°C.
200Hz - |500Hz  [1000Hz  |3000Hz  |5000Hz _ B000Hz  [10000Hz [15000Hz
1 78| 815 o2 il ed 73 92.5 77
2 73 At a7 76| aa?;‘ = B 70
3 68 B35 80 67 760 685 73 &5
4 65 78. 76 56 EB!;;|_ 62 65 58
5 60) 73 71 52 56 57.5 55
& 54 71| 72 51.5 52| 54 53 52|
Table 3.6 Readings at 22"C.
10DHz _[200Hz  |500HZ  (1000Hz 5000z |1D000H2 |15000Hz
S| I ) | K | [ . Ca|
2 65.5 92 87.7 84 5.5 2 &2
3 56 a3 825 78| 0 675 7
———— A 53 a0 76 67 57 63
5 52 8 725 57.5 52.5 B1 63.5
I 52 az 71 52 51 Bl 53
Table 3.7 Readings at 27'C.
200Hz  1500Hz  [1000Hz  [3000Hz  [5000Hz  [10000Hz [15000Hz
1 g5 1004 g B0) a0 g 7
&7 90.5 81.6] 70.9 72X 738 [
3| &0 B 73 65 B5 B 5 62
4 | 72 62 59.8 55.5 56 5
5 70 71 55 58.3 50.5 520 51
& &8 71 51 53| 51 5 51
Table 3.8 Readings at 24°C,
200Hz  |500Hz  [1000Hz  [3000Hz  5000Hz  |8000Hz  [10000Hz |15000Hz
1 91 05| 91 BE 93 76 78| ?gl
2 91 o5 81.5 74! g2l 76 78 74
3 @B sas 76 66| B3 7 73| B5
4 82 78 68,5 59 5 fitl B 80)
5 78.5] 70 59 53 72 55 5? 52,5
- T 68 52 53| 65| 54 55 48]
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Table 3.9 Log of sound pressures computed from table 3.5

200H: 15000Hz

GOOHz

1000Hz

1

1.892095

1.961421

&

1.863323

1954243

1.863TE
1.8385714

3

........

[5000Hz _ [B00OHZ _ [10000Hz

"I 95‘9‘]41
1.880814

1082271

_1.937016
1.880814

1.863323
1.86332

1835691 1.863323

4

1812813

1 BaaaT

1.&&0314I 1.748188) 1835691

1.782392

4

1778151

1866287

1.851258

1.716003]

1770852

174046

1966142

1.886491|

1.808485

1,845098

e i § e e

1812913

1.812913

L b e

1.763428

1. 759668

1.740353

1.732384

1.851258

1.857332

1.711807

1.716003 1 732394 1724278

1.716003]

Table 3.10

Log of sound pressures computed from table 3.6

100H=2

200Hz

ls00Hz

10D0Hz

BO00Hz

10000Hz

1.8750681

11.980912

1950041

1.9559041

1863323

.1,89058

1.816241

1.063788

1.894%

1.924279]

1.816241

1,857332|

1,973128
1913814

1.748188

1968483 1 916454] 1892005 1.778151

1.829304

1.724276

1.9654243

1.880814|

1. 716003

1920415

1 860338

I a:mu?j
1.7HO966

1.795B73)
1.720159]

1799341
1. 78533

1580614
1.638849
18027 74|

o len | e fha |

1.716003] 1.919078 1,851258 1.716003

170757] 1.778151

Table 3.11

200Hz

EDDHz

1L‘IUI}Hz

|aoooHz |

L A

SO000Hz

‘IDI]JUE Iz

1724276

1 a_uunHz

1.977724

2002508 1.991226( 1.90308( 1.954243

~1.939519

1.95664%

1.91169| 1.850546

1.865287)

1949381 1 u_.e.;_;ga

1.90309

1.908485

1.863323 1.812913

1.812913

1866287
1.822822 1792392

1.851258

1.857333

1.792392| 1.776701

1.744253

1.74B188 1740363

1.845008] 1.851258 1 740363( 1765660

1.703231

1716003

1
s
|
4
]
6

Table 3

1.832500 1.851258 1.70757

1, 724276

1.70757

1. 716003

1.7Q757
1 LT
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Laog of snund pressures compuied from fable 3.8

200Hz

S00Hz

1000Hz

LA0M0Hz

De0Hz

B000Hz |

10000Hz

18000Hz

19562041

1.977724 1955041

1.93449

1968483 1880814 1592095

1.897627

1.959041

1.977724] 1911158 1 869232

1 9B378E 1 BEOA14| 1 892095

1.860232

1.034498 1046943 1 880814] 1.819544

1.919078 1857332

1.892085

1.83681

1.770852

o ben L (o [ ..l

1.91331;1
1.B948

1.8450598

1.770€52

1 A51258

1.832509

1 716003

172427

1.875061| 1.778151
1.857332| 174036

1724376

1.81

P e
Loty 1arddd

L

The results obtained lor the loo of pressores

distances.

1.81291%

1.81854

1.778151

1 748188

1.720155

22041 4 7403RT 1 AR1241

are given in inhies 39 to 3,12 at different
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3.10 Estimation of the Coefficients of Attenuation

Resulls obtained from the sound pressure meter given in tables 3.5 to 3.8 are only
the sound pressure levels at distances away from the sound source. To deduce coelficients
of attenuation, graphs of log, I’ are plotied against the distances for different frequencics as
shown in figures*3.14 to 3.17.Tables of logol® are given,in tables 3.9 to 3.12 at different
distances,

From the graphs of logel® versus the distance m metres, the relationship is of the
Tommy:

Y=pe™

Where A= a constanl, o=coefficient of attenuation in dim” and x the distances
away from the sound source in metres,

The negative sign implies that as one moves away from the source there is reduction
in intensity levels, For clarity purpose, some freguencies ar: only selected. The selected
frequencies are 20001z and 1000z lrom each table, graphs of which are plotted in ligures
3. 14 10 3,17, From the graphs, the coellicienls of attenuation are given direetly,

From lgured. 17, the cocilicient of atlenuation Tor 2000z is given as —0.01 12dBm
and for 1000Hz it is —0.0276(Rm™",

Also, values of coeflicients at dilferent temperatures versus lrequencies are plotted
in hipore 3,18, where effects of frequency and temperature on cocllicients of attenuation

can be compared.



Tabled 13 of cocllicients of attenuations of some selected Mregquencies at

different temperatures.

_fHzy | sa'c | 2°c | 2r°c | 24°C
200 | -0D169 | 00083 | 0016 | 00112
500 | -0.0126 | -0.0123 | -0.0167 | 00177
1000 | -0.0123 | -0.0275 | -0.0311 | -0.0263
5000 | -0.029 | -0.0175 | -0.0282 | -0.0172
10000 | -0.0265 | -0.0126 | -0.0266 | -0.0194

¥
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CHAPTER 4.
40  ERROR ESTIMATION, DISCUSSION AND CONCLUSION,
4.1 Dealing With Errors In The System.

MNo system is absolulely free from errors. To make measmrements precise, there
are seme errors that can be sccounted lor while some cannot be accounted for but they
can be ignored il their emror contribulions are negligible or msignificant,

Errors that oceur from inpul olfsel voltage of operational ampliliers used as
preamp in the sound pressure meter and the op-amp that drnves the moving coil meter
can be aceounted for. Duc to offset vollage that occurs st differeniial input of the op-
amp TLOBL, both internal und external nulling were applied thal reduced the offset
voltage from 1 3mV o 1200V (that is 0,12mV). This value, that s 12000V 15 very small
since it has little or wo effect on the ampiified zigeal sviont The svstem performed
very well at input sipnal frome (L TmV o well over 200mV

Also, errors from calibrtion of the moving cail meler wsed was drastically
reduced by choosing a full-scale dellection in three ranges that overlap one another by
10dB.

Errors due to the effect of wind could not be tatally ¢liminated. The lagged pipe
thil was used l-::- carry oul the experiment was still upénu-;l al one end and therclfore
fluctuations on the moving coil meter were still noticeable due 10 little air currents
coming into the pipe. Anotivy error that could not be accounted lor is the effect of
humidity and temperature varations on the components used, which intemally afTects
sigual processing. Moreover, this issue of temperature variations were adequately
taken care of in the transmitting amplifier by the use of a very large heat sink because

its o variation was mainly from the power transistors used,
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Part of the errors in the determination of sound pressure levels can be accounted for by
strightforward ecalculations. For the determination of errors thal may arise from
roughly assuming the measured values of sound pressures; the standard deviation, o of
the two 1ests carried out in chapter three was estimated o be 1.3 and 1.2 respectively
which gave us an idea that the uncertainty of the estimate was lmrly low. These gave
us a rough estimate ol how many readings we oughl to take at each test o give us a
reasonable precision in the mean value ol sound pressure level.

From statistical table, we would expect 2% of each mean 1o be within three
times these values of the true memn, Therelore, for bolter resolls, two (o three readings
at each test level were taken, which ensured that the mean values of sound pressure
level were nearly all within about 1% of the true values.

12 DISCUSSION.

All the data and analysis so far given are meant 1o tesl and to evaluale the
performance of the sound cquipment. To be able o reach o reasonable conclusion on
the applications of the equipment it has lo be used extensively lur a very long time;
taken into consideration the alimospheric effects.

Atmospherie effects refer to: (1) atmospheric absorption, that is, the sound
attcnuation by air and waler vapor; (2) atmospheric refraction, that is, the sound
refraction caused by tempernture and wind gradients, Almospherie absorption is a
funclion ol l;iulz frequency of the sound, the 1mt||}er.al=.|r¢:, the humidity and the
atmospheric pressure between the source and the receiver. Uver dislances greater than
30 meter, the attenuation due to atmospheric absorption can substantially reduce sound
levels, especially at high frequencies (above 3000Hz). Atmospheric refraction is the
bending of sound waves due to wind and temperature gradients. Near-ground wind

effects are, Lypically, the most substantial contributor to sound refraction. Upwind
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conditions tend to refract souwnd waves away the ground resuliing in o decrease in
sound fevels at receiver, Conversely, downwind conditions tend to refract sound waves
lowards the pround resulting in an increase in sound levels at a receiver, To minimize
the effect of wind, measurements should not be perforimca e voialitions whees etrnne
winds exist in the direction of propagation

']'Emper;-aturt: effects can also contribute to sound reliaction. During daytime
weather conditions, when (he air is warmer closer (o the ground (lemperature decreases
with height), sound waves tend 1o relracl upward away Lo the ground (lemperature
lapse). This may resull in o decrease in sound levels at o receiver. Conversely when the
air close to the ground ceols during nighttime weather condilions (temperature
increases with height), souwnd waves tend to refract downward lowards the ground
(temperature inversion), This may result in an increase in sound levels at a receiver,
Cienerally, refraction effects due 1o temperature do nol exerl a substantial influence on
sound levels al few meters away from the source,

Mevertheless, the construcled equipment has so many applications, which can
also be deduced Trom the plotted graphs.

Knowing the frequency of a source of noise, the dominant regions of the noise
raciation can be located or predicted yielding substantial economic and environmental
benelits through effective noise control.

In work places or industrial noise control, the munimum distance between a
worker and the machinery can be determined straight away knowing the pressure and
frequency the machine radiates including application 1:; building acoustics. vehicular

and engine technology,
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The sound pressure meter can be wsed 1o sludy the transmission
loss through partitions or materials. Also, the pressure meter is a very uscful
equipment to communily health workers in assessing the environmental noise index.
4.3 CONCLUSHON

Graphs of attenualions versus the distances of some selected frequencies,

which have been linearized. are shown in figures 3.14 to 3.17 where

coeflicients of attenuations are deducted. From these graphs, il is clearly seen
that:

(i) the sound pressure is attenuated rapidly as one moves away from the source.

(ii)  there are different cocfficients of attenuations (for same power of transmission)
al dilTerent frequencies. That is, allenuation strongly depends on frequency.

{ii)  since the variations of atmospheric temperature aflects the veloeity of sound in
the atmosphere | it is also noled in the graphs that attenuation depends  on
lemperature,

44  Recommendations
All attempis have been made al this level o make this research work a perfect

one, however within the focus of this project, 1 wish 1o make the Tollowing

recommendations lor luisie vescarely in the arca of et

(1) since  the audio Pequency mnpe extends well above 20kHz (over
300k Hz), future construction should be made to o bevond the audible range.

{ii) acoustic transducers { both the microphone and the loudspeaker) that
have higher bandwidths should be used.

(i} taking readings over a longer time.
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