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INTRODUCTION TO SOUND

1.1 INTRODUCTION

Inour daily life, wehave conversation amongst oursel ves. We hear the chirping of
the birdsor horn of the vehicles or mewing of the cat. They are of so many types,
tones, and levels of sound. In fact, we can recognize a person by just his or her
voice. We use sound waves (which are acoustic/ mechanical waves) in talking,
while electromagnetic radio waves in sending voice through the radio set or
telephone. Inthislesson, you are going to study about the details of sound. Let
us learn about the basics of sound, elements of sound, nature, characteristics of
sound, principles of sound- propagation, refraction, reflection, transmission and
absorption of sound.

1.2 OBJECTIVES

After reading thislesson, the learner will be ableto :

e definesound
e discussthe basics, elements, nature and characteristics of sound
e recognize the principles, propagation, refraction and transmission of sound

e illustrate the absorption of sound

1.3 INTRODUCTION TO SOUND

Soundisaresult of vibration. Thevibrationisproduced by asource, travelsinthe
medium, as awave and is ultimately sensed through the ear - drum. Let’stry to
discuss it better by an activity. A smple activity can be done to show the
association between vibration and sound.
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Introduction to Sound

Takeaauminumwire about 30 cm (in length) or smply ametallic hanger, such
as of aluminum and bend it so asto shapeit like abow. Take arubber band or an
elastic string of sufficient length. You may also use small twig, tie a thread or
€l astic string such asrubber band to both the ends of bow, such that string remains
under tension. Ask your colleague to record that :

(i) 1f you pluck the string, you can hear some sound. You may have to adjust
the curve of the bow to be able to hear the sound. You'd notice that the
sound vanishes if you hold the string after plucking. If you look carefully,
you can realize that the sound comes only aslong as the string vibrates.

(i) 'You can check thevibrations. Take asmall paper strip (about acminlength
and 2to 3 mmin breadth), bend it inthemiddleto form aV and placeit over
the string. You may try the same with string instruments like guitar, sitar,
and ektaraor even use powder on percussion instrumentsliketabla, drumor
dhol.

If you leave a little powder or dust on the tabla, and cause the membrane to
vibrate, youmay beableto’ see' thevibrations. A gentletouchwithfinger tipswill
also tell you that vibrations are associated with sound in all these cases. If you
strike asteel tumbler with aspoon, hear the sound and then hold the tumbler with
firm hand, the vibrations will cease and so will the sound.

Discussthe observationswith your friends. Can you now concludethat the sound
has an association with vibrations? These vibrations are transmitted in amedium
mechanically and that ishow sound travels. It travelslikeawave. A mediumisa
must for mechanical waveslike soundto travel. We speak and expect to be heard.
Butitwill surpriseyoutolearnthat without someaid, wecan’t converse on moon,
aswedo here. Thisisbecausethereisno air on moon (actually thereis some but
very little) and sound needs a medium to travel. In contrast, we can receive
electromagnetic waves from distant stars and artificial satellites in space as
electromagnetic waves need no medium to travel. A wave involves a periodic
motion, movement that repeatsitself. It also transportsenergy. L et usunderstand
waves better.

What happensif you throw astonein apool of water?You will see adisturbance
of acircular shape moving, from the point of fall of the stone, outwards. We also
observe that the disturbance is made up of araised ring in water, which seemsto
travel outward. Soon there is another similar circular feature originating at the
same centre and moving outward. Thisgoeson for quite sometime. Even though
there appearsto be amovement of material, actually it isonly the position of the
disturbance that is changing. Thisis a wave and is made up of the raised part
(crest) and low part (trough). So crest and trough are essential components of a
wave. A wave transfers energy from one point to the other without the medium
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particles moving from one point to the other. Thuswaveisclearly different from
particle. Sound is avibration that propagates, as a mechanical wave of pressure
and displacement, through some medium. Sometimes sound refersto only those
vibrations with frequencies that are within the range of hearing for human or for
aparticular animal.

Understanding the nature of sound requires observations. We observe a flute
playercontinuously shifting fingers, over holesto produce different notes, while
playing atune. Similarly, asitar player also keeps pressing the string at different
pointstouching different frets (pardain Hindi). When you strike an empty and a
water filled glass with a spoon and different notes are produced. The science of
sound helps us in understanding the reasons behind such things. Besides, the
understanding of sound has enabled scientists to devise gadgets which are very
useful. These include hearing aids, sound instruments like speakers, sound
recording and sound amplifying devices etc. We shall also learn about various
technological tools that have been developed to improve communication. By
improvement we mean, we can communicateto more people, at greater distances,
and with more clarity. Therefore, in anutshell it can be said that all sounds are
vibrationstravelling through the air as sound waves. Sound waves are caused by
thevibrationsof objectsand radiate outward fromtheir sourceinall directions. A
vibrating object compressesthe surrounding air mol ecul es (squeezing them closer
together) and then rarefies them (pulling them farther apart). Although the
fluctuations in air pressure travel outward from the object, the air molecules
themselves stay in the same average position. As sound travels, it reflects off
objects, in its path, creating further disturbances in the surrounding air. When
these changesin air pressure vibrate your eardrum, nerve signalsare sent to your
brain and are interpreted as sound.

1.4 NATURE OF SOUND

Soundisalongitudinal, mechanical wave. Sound cantravel through any medium,
but it cannot travel through avacuum. Thereisno sound in outer space. Sound is
avariation in pressure. A region of increased pressure on asound waveiscalled
compression (or condensation). A region of decreased pressure on asound wave
iscalled rarefaction (or dilation).

Representing awave

We need to describe a friend by name, height, colour, gender for identifying.
Similarly, wehaveto specify somequalitiesthat weshall call parameters, for wave
description. A waveisrepresented intermsof itswavel ength, amplitude, frequency
and time period.
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Fig. 1.1: A representation of wave

Consider asimple pendulum . It has a bob, athread and a hinge to fasten it.

Pick up the bob to some height by pulling it tangentially and drop it . You can
observethebobfallsdownandrisesuptothesameheightintheoppositedirection
and then reverses and traces the same path. This phenomenon repeats for long.
This phenomenon is called as periodic wave , since a bob traces a point after a
regular period of time . If we trace the distance for the lowest height of the bob
with time, aperiodic wave form will be drawn asfollows :

1.4.1 Amplitude (Am)

Itisbasically ameasurement of the vertical distance of the trough(C) or crest(A)
of a wave from the average(B) asillustrated in diagram above.

1.4.2 Wavelength (A)

The distance between adjacent troughs or adjacent crests, measured in unit of
length such asmetersand expressed by symbol A (lambda). For longitudinal wave,
it will be distance between two successive rarefactions or compressions.

1.4.3 TimePeriod (T)

This defines the time it takes for one complete wave to pass a given point,
measured in seconds (s) (WL =T).

1.4.4 Frequency (n)

Thenumber of completewavesthat passapointin onesecond , measuredinHertz
(Hz). Insimplewords, the number of timesthebob reachesappointin(say A) in
one second determines its frequency or repetitivity .

1.4.5 Speed or velocity (v)

The speed of the waveis proportional to the magnitude of the frequency . Wave
speedisdefined asthedistancetravelled by awavedisturbancein onesecond and
ismeasured in meters'second ms™ or m/s. Speed isscalar quantity whilevelocity
isavector quantity.

Sound Technician




Introduction to Sound

Not al of these properties are independent; one can relate some. Period is
inversely related to thefrequency. Thismeansif thefrequency ishigh, the period
will below. Thisisunderstandable because frequency isnumber of timesawave
completes a set of up and down movements (or a set of crests and troughs) in 1
second. If these occur more frequently, it has to be done in very short time.
Mathematically one may say period

T=1n

Where ‘n’ is frequency. We just said that wavelength is equal to the distance
between two successive crusts or troughs. In one second this distanceis covered
anumber of timesgiven by frequency.

So, Velocity = frequency x wavelength
or V = nxA\

Thewavesthat produce asense of sound for living beingsare called sound waves
or audiblewaves. Only thosewavesthat havefrequencieslyingintherangeof 16
Hz to 20,000 Hz are audible to human beings. However, thisrangeisan average
andwill dightly vary fromindividual toindividual . Sound waveswith frequencies
below 16 Hz are called infrasonic waves and those above 20 kHz are ultrasonic
waves. Animalslikebatsare ableto produce and sensewavesbeyond therange of
human audibility and useit for ‘ seeing’ inthe dark.

INTEXT QUESTIONS 1.1

1. Which sound wavewill haveitscrestsfarther apart from each other - awave
with frequency 100 Hz or awave with frequency 500 Hz?

2. If the velocity of sound is 330 meters per second (ms™), what will be
wavelength if the frequency is 1000 Hertz?

3. What isthe approximate audible range of frequency for humans?

1.5 CHARACTERISTICS OF SOUND

A sound can be characterized by thefollowing three quantitiespitch, quality and
loudnesswhich are explained below:

Pitch isthe frequency of a sound as perceived by human ear. A high frequency
givesrisetoahigh pitch noteand alow frequency producesalow pitch note. Fig.
1.2 shows the frequencies of some common sounds.

A puretoneisthe sound of only onefrequency, such asthat given by atuning fork
or electronic signal generator. Generally the pure tone part of sound is called
fundamental frequency (fo)

Sound Technician

Notes




Notes

Introduction to Sound

Approximate wavelength (m)

100 10 1 0.1 0.01
! [ ! L ! L ! | L

~
/ Home computer
\
Transformer
hum

beep
ZBEN
I
G e

I I [ I I TTI I [ I I TTT 0 1Tl
1 10 100 1000 100000

Frequency (Hz)

L

Fig. 1.2: Frequency and Wavelength of Everyday Sound

The fundamental note has the greatest amplitude and is heard predominantly
because it has a larger intensity. The other frequencies such as 2fo, 3fo, 4fo,
............. are called overtones or harmonicsand they determinethe quality of the

Loudnessisaphysiological sensation. It depends mainly on sound pressure but
also on the spectrum of the harmonics and the physical duration.

1.6 PRINCIPLES OF SOUND

1. Soundis produced by avibrating body and travelsin the form of awave.

2. Sound wave travelsthrough materials by vibrating the particles that makes
up the materials.

3. The pitch of the sound is determined by the frequency of the wave and
loudness by itsamplitude.

1.7 PROPAGATION

Sound isasequenceof wavesof pressurewhich propagatesthrough compressible
mediasuch asair or water. (Sound can propagate through solidsaswell, but there
are additional modes of propagation). During their propagation, waves can be
reflected, refracted, or attenuated by the medium.

All mediahavethree propertieswhich affect the behaviour of sound propagation
inthem:

1. Avrelationship between density and pressure. This relationship, affected by
temperature, determines the speed of sound within the medium.
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2.  The motion of the medium itself, e.g., wind. Independent of the motion of
sound through the medium, if the medium is moving, the sound is further
transported.

3. The viscosity of the medium. This determines the rate at which sound is
attenuated. For many media, such asair or water, attenuation dueto viscosity
isnegligible.

Soundwavestravel influidsand solidsaslongitudinal waves. A longitudinal wave
isawaveinwhichvibration or the displacement takesplaceinthedirection of the
propagation of the wave. Sound moves due to differencein pressure. If a sound
isproducedinair, it compressesthe adjacent molecules. Dueto the compression,
the air pressureincreases. This causes the compressed moleculesto moveinthe
direction of the pressurethat isthe direction of thewave. But displacement of the
molecules causesfall in pressurein the place they left. If the waveis continuing
then another rush of molecules comesin, fills the empty or rarified space. This
processisrepeated and the disturbance propagates. Thusachain of compressions
and rarefactions is generated due to sound. They travel and transport energy. If
thereis no medium, then produced sound will not be able to push any medium-
molecules and sound will not move. That is the reason why we can’t hear on
moon; thereis no air in moon’s atmosphere and sound can't travel.

Table 1.1: Velocity of sound in different materials

Medium Velocity
Steel 5200 m/s
Water 1520 m/s
Air 330 m/s
Glass 4540 m/s
Silver 3650 m/s

Suchdifferenceinthevelocitiesof light and sound meansif thereisaneventinthe
sky, which produces light and sound both, we shall seethe light almost instantly
but it will be awhile before we hear it. When there isalightening in the sky, we
seethelight beforewe hear the sound. M echanical wave can beeither transverse
or longitudinal whiletheelectromagnetic waveisonly transverse. Thetransverse
waveisoneinwhich the motion of wave and of the particlesare perpendicular to
each other. In alongitudinal wave, the motions are in the same direction. The
sound wave can be of two types- transverse and longitudinal .

We cantry tovisualizetransversewaveby tying oneend of aropeto ahook or peg
inavertical wall (or toadoor-handle) and holding the other end such that therope
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remainsloose. We can demonstrate atransverse wavetravelling along theropeif
wequickly giveup- and down- jerk (or evenin horizontal plane) totheropeat our
end. We seethewavetravelling between our hand and the peg whilethe pointson
the rope move perpendicular to the rope and wave. Thisisatransverse wave, as
theparticlesof themedium move perpendicul ar to thedirection of wave movement.
In the exampl e of wave when wethrow astonein stationary water inapond, itis
more complex but herewe confineto what happenson the surface. We seethat on
water surface the wave moves from the centre to the shore. If we seeaduck or a
small paper boat there, it oscillates up and down with water that is goes up
temporarily after which they come back to their mean positions without shifting
the position horizontally. That makesit atransverse wave.

In alongitudina wave, the displacement of the particles and propagation of the
wave areinthe samedirection. For instance, if we blow ahorn, speak, or quickly
move an object inair we are pushing the air molecules. These molecules, inturn,
push the adjacent molecules which impart their energy to the next ones. After
losing energy in the interaction, the molecule is back to its original (mean)
position. This resultsin formation of compressions and rarefactions. So it's the
compression (or rarefaction) which istravelling and not the molecules. Just like
the distance between two successive crestsor troughsisameasure of wavel ength
for transverse waves, the distance between two successive compressions or
rarefactionsistermed wavel ength of the longitudinal wave.

Compression Rarefaction

Fig. 1.3: Formation of rarefactions and compressionsin air

Whiletransversewavesformonly influids(air andliquid), thelongitudinal waves
canformin al thethree mediaviz. solid, liquid and gas. One way to visualize a
longitudinal waveistotakeaspring, fix it between two endsand then pull or press
it on oneend aong thelength. Compressionsand raref actions can be seen moving
and rebounding along the axis of the spring.

1.8 REFRACTION OF SOUND

Refraction isthe bending of waves when they enter amedium wheretheir speed
isdifferent. Refraction isnot so important aphenomenon with sound asit iswith
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light whereit isresponsiblefor image formation by lenses, the eye, cameras, etc.
But bending of sound waves does occur and is an interesting phenomenon in
sound.

1.9 REFLECTION OF SOUND

The reflection of sound follows the law “angle of incidence equals angle of
reflection”, sometimes called the law of reflection. The same behaviour is
observed with light and other waves, and by the bounce of abilliard ball off the
bank of atable. Thereflected waves caninterferewith incident waves, producing
patternsof constructive and destructiveinterference. Thiscan lead to resonances
called standing wavesin rooms. It also meansthat the sound intensity near ahard
surfaceisenhanced because the refl ected wave addsto the incident wave, giving
pressureamplitudethat istwiceasgreat inathin“pressurezone’ near thesurface.
Thisisusedin pressurezone microphonesto increase sensitivity. Thedoubling of
pressure gives a 6 decibel increase in the signal picked up by the microphone.
Reflection of wavesin strings and air columns are essentia to the production of
resonant standing waves in those systems.

1.10 TRANSMISSION OF SOUND

As asound wave travels across aroom and touches awall, areflective waveis
produced that will reintroduce a portion of that wave back into the room. The
balance of theoriginal soundwill attempt to passthrough thewall totheadjoining
room. The energy that survivesthistransfer is called Sound Transmission.

1.11 SOUND ABSORPTION

When a sound wave strikes one of the surfaces of a room, some of the sound
energy isreflected back into the room and some penetrates the surface. Parts of
the sound wave energy are absorbed by conversion to heat energy inthe material,
whiletherest istransmitted through. Thelevel of energy converted to heat energy
depends on the sound absorbing properties of the material.

A material's sound absorbing properties are expressed by the sound absorption
coefficient, o, (alpha), as a function of the frequency. o ranges from O (total
reflection) to 1.00 (total absorption) and is determined by :

1. Transmitted energy

N

Converted energy

w

Incident energy

e

Reflected energy
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Fig. 1.4: Absorption coefficient

1.12 MUSIC AND NOISE

Music isaset of sound that is pleasing to hear and is not random. It refersto the
quality of sound aswell asthetune. Noiseisrandom and irritateswhile music has
periodicity whether in beats, or rhythm. For instance, inasong, you’ d noticethat
the same tune is repeated after certain period. After a stanza, the singer comes
back to the sametune (combination of notes). If we plot sound pressurewithtime,
we'd notice that it issweet if it changesin aregular fashion. Noise, in contrast,
changesinanirregular fashionandirritates. Sound isevaluated by musiciansin 3
terms: quality, pitch and loudness. Two sounds may havethe sameloudness, may
beat the samepitch but can still havedifferent quality/timbre. That ishow wecan
distinguish the soundsfrom Sitar and guitar even when theloudnessand the pitch
are the same.

Sound
pressure
level

rA Ik

Time \J Time

Fig. 1.5: Graphical representation of changes in sound pressure
with time in musical and noisy sound
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1.13 WHAT YOU HAVE LEARNT

Sound results from vibration and needs a medium to travel, be it gas (like
air), solidor liquid. Itisfaster in solidsthanin liquidsand isthe slowest in the
gases.

A waveisdescribed in termsof wavelength, frequency and amplitude. Vel ocity
isequal to the product of wavelength and frequency.

Noise is random while music is periodic. Music is pleasing to hear but it is
also subjective. Sustained exposure to noise and even music at high decibel
harms.

Thefunctioning of musical instrumentslike Tabla, Sitar and flute (Baansuri)
can be understood as vibrations in membranes, strings and organ pipe.

I ntel ecommuni cati/broadcasting they all work through the conversion of sound
wave/text into electromagnetic waves at transmission end and reconversion
to sound wave/text at the receiver’s end.

1.14 TERMINAL QUESTIONS

1.
2.
3.

4
5
6.
7
8
9

Discuss the elements of sound.
Why cannot we hear each other on Moon?

Describe two experimentsto show that sound has vibrations associated with
it.

What isthe relationship among vel ocity, wavel ength and frequency ?

What arethe differences between longitudinal and transverse sound waves?
Will sound move faster in solid or air?

What isthe basic difference between noise and music?

What are the features of sound?

Explain the ' transmission of sound’.

10. Illustrate sound absorption

1.15 ANSWERSTO INTEXT QUESTIONS

11

1.

500 2. 330mm 3. 20Hzto 20 kHz
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1.16 REFERENCES

Notes

1. Science and Technology (Secondary): Sound and Communication, NIOS
Publication.

2. Sound and recording: application and theory: Francis Rumsey and Tim

McCommick
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MEASUREMENT OF SOUND

2.1 INTRODUCTION

You have already |earnt about the various elements and characteristics of sound
inthepreviouslesson (1). Inthislesson, youwill beacquainted with decibels(dB)
and hertz (Hz), and their usage, dynamic range and sound pressure level (SPL).

Sound is simply awave, and its perception by our earsis of some mechanically
created wavesresulting fromthevibration of air molecul es. We experience sound,
when our earsareexcited by vibrationsin theair that surrounds us. Sounds occur
continuously every day: children crying, peopletalking, singing or shouting, dogs
barking, the sounds of vehicles/traffic, music from radios or from television
programmes. These all make up various sound waves.

Since the range of intensities that the human ear can detect is so large, the scale
that is frequently used by physicists to measure intensity is a scale based on
multiplesof 10. Thistype of scaleissometimesreferredto asalogarithmic scale.
Thescalefor measuringintensity isthe decibel scale. Thethreshold of hearingis
assigned asound level of O decibels (abbreviated asdB); this sound corresponds
to an intensity of 1* 10722 W/m?. A sound that is 10 times moreintense ( 1* 10~
W/m?) isassigned asound level of 10dB. A sound that is10* 10 or 100 timesmore
intense (1* 1071 W/m?) is assigned a sound level of 20 db. A sound that is
10* 10* 10 or 1000 timesmoreintense (1* 102 W/m?) isassigned asound level of
30db. A sound that is 10* 10* 10* 10 or 10000 times moreintense (1* 108 W/m?)
isassigned asound level of 40 db.
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2.2 OBJECTIVES

Notes

After reading thislesson, the learner will be ableto :
e explain how sound ismeasured
e describeloudness of sound and its measurement

e recognise concepts such as Frequency, Dynamic range and Sound Pressure
Level (SPL)

2.3 DEFINITION OF DECIBEL

Loudness or volume (also caled amplitude) is an important characteristic of
sound. Itisaperceptionthat isbased on ascal e between quietnessto anything that
isnot. Theexplosion of aplastic cover inaclosed room might be heard loudly, but
the same noise may not even befelt, on anoisy road, which meansthat loudness
isrelative.

Loudness of sound is measured in decibels.

The decibel (dB) is a unit, used to measure sound intensity and other physical
guantities. A decibel isonetenth of abel (B), aunit named after Graham Bell, the
inventor of the telephone. Its logarithmic scale is convenient to represent the
entirerangeof human hearing. Decibels(dB) isanintricate measurement of sound
levels. A sound wave's actual amplitude is measureable, however, loudness is
subjective concept. So, decibel isnot aunit in the sensethat a‘foot’ is. Feet are
defined quantitiesand distance. A decibel isarelationship between two val ues of
power.

What isloud to one person (announcer/anchor) may not be sound loud to another
person (announcer/anchor). Sound amplitudeismeasuredin decibels(abbreviated
dB). It isthe volume of the sound. Intechnical jargon/ parlance, the amplitudeis
the height of the sinewave (i.e. the visual representation of the characteristics of
sound).The higher the amplitude, the louder the sound. Loudness is the human
perception of the intensity of sound waves. Our standard conversation has an
intensity of around 50 dB, whereas 20 dB isthe sound level of awhisper, 75 dB
isthenoiselevel inthe city. These measurementsare expressed inaspecificform
called dBSPL i.e. decibel sound pressure level.

The decibel of sound pressure level (dB SPL) is taken as a reference for the
minimum sound pressure level that the average human ear can detect. The
smallest audible sound to humans, istypically 0 dB SPL (hearing threshold). In
practice, “dB” often standsfor “dB SPL”.
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Sincethedecibel scaleislogarithmic, athree-decibel increasein the sound level
represents a doubling of [sound] intensity. For example, anormal conversation
may be about 65 dB and someone shouting can typically be around 80dB. The
differenceisonly 15 dB but the shouting is 30 times more intensive.

Theformulafor comparing two values using decibelsisasfollows:
dB = 20 x Log B/A

wheredB istheanswer indecibels, A isthereferencevalueto be measured and B
isthe valuethat is being compared against the reference.

For example, let 0.0002 microbar (thethreshold of hearing) bethereferencelevel.
How many decibel sabovethethreshold of hearingisnormal speech at adistance
of three feet? | have already mentioned that speech at three feet is about 0.3
microbars.

We can use the formulaasfollows:
dB = 20 Log (0.3/0.0002)
= 20 x 3.176
= approx. 64 dB

The units of decibels can be used to compare many different quantities. In this
case, it'scomparing the relative loudness of “normal” speech to the threshold of
hearing. Thisisin unitscalled “dBspl”, and iswritten “ 64 dBspl”.

Please notethat perception of loudness, isnot exactly the same as sound pressure
level. To account for thefact that particul arly low and high-pitched sounds appear
less loud to the human ear, noise is usually measured in A-weighted decibels
(dB(A)).When sound waves reach the ear or measuring instrument the resulting
change of pressure can be measured. Sound intensity is usually expressed in
decibels of sound pressure level (dB SPL).

The table 2.1 lists some common sounds with an estimate of their intensity and
decibel level.

Table2.1
Source Intensity Intensity # of Times
Level Greater

Than TOH
Threshold of Hearing (TOH) 1%10712 W/m? 0dB 10°
Rustling Leaves 1*1071 w/m? 10dB 10*
Whisper 110710 w/m? 20 dB 102
Normal Conversation 1*107° W/m? 60 dB 106
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Notes

Busy Street Traffic 1*107° W/m? 70 dB 107
Vacuum Cleaner 1*107% W/n? 80 dB 108
Large Orchestra 6.3*10°% W/m? 98 dB 10°
Walkman at Maximum Level 1¥1072 W/n? 100 dB 10%
Front Rows of Rock Concert 1*107 W/n?? 110 dB 101t
Threshold of Pain 1¥10t W/m? 130dB 10%3
Military Jet Takeoff 1*102 W/m? 140 dB 1014
Instant Perforation of Eardrum 1*10* W/m? 160 dB 106

Recording level and decibels

Meters measuring recording or output level on audio electronic gear (mixing
consoles etc) are almost always recording the AC root mean sgquare voltage (see

linksto find out about AC and rms). For agiven resistor R, the power Pis VZ/R ,
so

differenceinvoltagelevel = 201og (V,/V4) dB
10 |Og (V22/V12) dB
101log (P,/P;) dB

201og (V/IV,g)

or absolutevoltagelevel

whereV 4 isareference voltage.

How to convert dBV or dBm into dB of sound level?

Thereisno simpleway. It depends on how you convert the electrical power into
sound power. Evenif your electrical signal isconnected directly to aloudspeaker,
theconversion will depend on the efficiency and impedance of your |loudspeaker.
And of coursetheremay beapower amplifier, and variousacoustic complications
between whereyou measurethe dBV onthemixing desk and whereyour earsare
inthe sound field.

Table 2.2: Sound pressure and level, together with examples

Sound pressure Sound level (dB) Example
(microPascals)
200,000,000 140 threshold of pain
130 riveting on steel plate
20,000,000 120 pneumaticdrill
110 loud car horn at 1m
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2,000,000 100 alarm clock at 1m
90 inside underground train
200,000 80 insidebus
70 street-corner traffic
20,000 60 conversational speech
50 businessoffice
2000 40 livingroom
30 bedroom at night
200 20 broadcasting studio
10 normal breathing
20 0 threshold of hearing
(@ 1kH2)

The human ear can hear very low frequencies from about 35 Hz to very high
frequency sound up to 20,000 Hz. Our ear is very sensitive and can hear a
tremendous range of sound amplitudes so the decibel scaleislogarithmic. Near
total silenceisnoted as0 dB, asound 10 times|ouder than thisis 10 dB, a sound
100timesmorepowerful (louder) is20dB, and so on. Decibel srepresent theratio
of different audio levels and measure therelative intensity of sound.

Sound, in the ranges of 0 dB (the threshold of hearing) to 120 dB (the threshold
of pain), are detected by the human ear, but those sounds which are near and
exceeding the high end, can be painful and can damage your hearing. Any sound
above 85 dB can cause hearing loss, but it depends on how closethelistener isto
the sound and how long he or she is exposed to it. The sound at many rock
concerts has been measured around the 120 dB range, which explains why your
earsoftenring for day or two after the show. Table 2.3 gives an idea of therange
of loudness measurements encountered in everyday life.

Table 2.3: Range of loudness measurements encountered in everyday life

Power (Watts) Power Level (db) Source
Re: 107 watt
20-40million 195 Saturn rocket
100,000 170 Jet afterburner
10,000 160 Jet engine
1000 150
100 140 Propeller airplane
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Notes

10 130 Orchestra, rock band
1 120 Small plane
01 110 Blaringradio
0.01 100 Auto on highway
0.001 90 Voice shouting
0.0001 80
0.000 01 70 Average conversation
0.000 001 60
0.000 000 1 50
0.000 000 01 40 Average house
0.000 000 001 30 Very soft whisper

24 MEASUREMENTOF FREQUENCY

Formerly, frequency was measured by cycles per second (cps), now, in Sl units,
theresultismeasured in Hertz (Hz), named after the German physicist, Heinrich
Rudolf Hertz. He was one of the pioneers of the science of sound/acoustics and
demonstrated first the existence of radio waves.1 Hz means one cycle (or wave)
per second.

A sound wave that vibrates at twenty thousand cycles per second issaid to have
afrequency of 20,000 hertz, the term kilohertz (kHz) is often used. It denotes
1,000 cycles per second, so 20,000 hertz could also be called 20 kilohertz. For,
example, thefundamental frequency of an average malevoiceisaround 300 Hz.
Human speech can range as higher as 9,000 Hz.

Bandwidth: Bandwidth is the range of frequencies; for example bandwith of
audiblefrequenciesis 20-20 kHz

25 MEASUREMENT OF LEVEL OF SOUND

VU Meter / Meter Gauge (Potentiometer)

VU meter or volume unit indicator (Fig.-) isametering device that enables the
operator to determine what level of sounds going out of the line, relatively. One
common type VU meter has moving needle on a graduated scale. Usually the
upper position of the scaleiscalibrated in disables (dB), and thelower portion of
the scaleiscalibrated in percentage.

In audio engineering, areading of 0 dbis00 percent volumes, or theloudest you
want the signal to go. The VU meter isimportant for consi stent audio production
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work. As discussed earlier, the level of sound or how loud something soundsis
very subjective. What is loud to one announcer/ presenter/anchor may not be
deemed loud by ancther. It al so depends on how differently their monitor speaker
volume has been set in. The VU meter gives an electronically precise reading of
volume and it is not subjective.

The accuracy of VU meter sometimes debated /questioned. Occasionally VU
meter have drawback i ndicating about the abrupt i ncreasesin volume of the sound
signa. Most VU meters are designed to specify an average volume level and
overlook the occasional sound boosts. VU meter also tend to exaggerate to the
bass (Ilow frequency) portion of the sound. When asound signal isintensein the
bass frequencies, it will perhaps show a higher VU reading than it would if the
total sound signal were being correctly read. In spite of these shortcomings, the
VU meter remains the best display of volumelevelsin sound design and audio /
radio production. Usually a sound recordist or assistant/ operator should control
the signal —when it ranges between 80 percent and 100 percent, approximately.
When the needle goes/cross above 100 percent, the signal isdesignated asin the
level of red, because that portion of the VU meter scaleisusually indicated with
ared line. Thisisacaution to the sound operator to lower the gain of the console
[fader or pot.

Sound signal above 100 percent cause over modulated of sound transmitter or
saturation of amplifiersand can causeadistorted sound. Unlike anal og equipment,
professionals, of digital production equipment, will instantly find that the digital
equipment isvery risky to record “inthered” level.

Digital equipment are not endured to record at any level above 100 percent and
will createdistortionintherecorded signal, that exceedsit. Professional and good
production practices would be to record the sound in the range around -10 dB,
when using digital equipment.

2.6 DYNAMIC RANGE

Dynamic range is a measure of the ratio of the largest signal in acircuit that is
capabl e of handling to the highest amplitude frequency component present inthe
system. It describes the range of the input signal levels that can be reliably
measured simultaneousdly, in particular the ability to accurately measure small
signals in the presence of the large signals. According to this definition the
dynamic range may beauseful parameter of any system andisthevery important
parameter of the measurement system. Thedynamic rangeismostly givenin dB.
For example, an 8-bit converter can achieve 60 dB or more dynamic range.

Hereisatable of dynamic rangesfor some frequently used audio equipment:
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Table2.4
Audio cassette (standard tape) 35dB
Standard VHS VCR audio tracks 45 dB
Professional Beta video deck (BVW-35) 50 dB
Sony TCD-D5 cassette, Chrome tape 58 dB
w/ Dolby C on 68 dB
BVW-35 w/metal tape, regular tracks 72 dB
Nagra tape recorders 73dB
BVW-35AFM tracks 85dB
Sony TCD-D10 portable DAT recorder 85dB
Best quality CD players 92 dB
Hafler P-500 power amp (225 watts) 95 dB
Human ear 120 dB

Sound professionals often use dynamic range to describe the ratio of the
amplitude of the loudest possible undistorted sine wave to the root mean square
(rms) noise amplitude, say of amicrophone or loudspeaker.

The dynamic range of human hearing isroughly 140 dB. The dynamic range of
music asnormally perceived in aconcert hall, doesn’t exceed 80 dB, and human
speech isnormally perceived over arange of about 40 dB.

Thedynamicrangediffersfromtheratio of themaximum to minimum amplitude,
a given device can record, as a properly dithered recording device can record
signalswell below the rms noise amplitude (noisefloor).

For example, if theceiling of adeviceis5V (rms) andthenoiseflooris10uV (rms)
then the dynamic range is 500000:1, or 114 dB:

20x Ioglo (15V

OuV) =20 x 109;(500000) = 20 x 5.7 = 114 dB

INTEXT QUESTIONS 2.1

(i) Threshhold of human hearingis..............

(i) Frequency spectrum availablefor ahumanearis..............
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2.7 SOUND PRESSURE LEVEL

In the field of acoustic /sound measurements, the sound pressure level SPL is
measured in decibels. SPL isthelogarithmic ratio of sound pressure (p) referred
to a sound pressure py = 20 wPa(micro Pascal’s). Sound pressure p, isthe lower
limit of the pressure, which the human ear can perceive in its most sensitive
frequency range (around 3 kHz). This pressure level isknown asthethreshold of
hearing.

When stimulus strength is expressed in terms of sound pressure, the following
relationship is used, where P; and P, are two sound pressures. For studies of
hearing, P, is taken as the sound pressure at the threshold hearing of a normal
listener.

dB = 20 log10 (Py/P,)

If, for example, the sound pressure from one source (P;) isis ten times greater
than that from a second source (P,), the differenceis 20 dB.

dB = 20 l0g10 (10/1) = 20 x 1 =20

The sound pressure of avery loud sound, such asajet plane, may be one million
times (10°) the pressure of the weakest sound that can be detected by someone
with normal hearing; these two sounds differ by 120 dB:

20 10g10 (Py/P,) = 20 10g; 108 = 20 x 6 = 120 dB

Human ear’ audible sound pressure level srange from 20 pPa (hearing threshol d)
till 20 Pa (pain threshold), resulting in the scale 1:10,000,000.

Since, using such alargescaleisnot practical, alogarithmic scalein decibels(dB)
wasintroduced which isalsoin agreement with physiological and psychological
hearing sensations.

Decibel (dB) of sound pressurelevel (dB SPL) isdefined as: 2010910 p,/pywhere
p, isactually measured sound pressurelevel of agiven sound, and pyisareference
value of 20uPa, which correspondsto the lowest hearing threshold of the young,
healthy ear. In the logarithmic scale the range of human ear’s audible sounds is
from 0 dB SPL (hearing threshold) to 120-140 dB SPL (pain threshold) (see 2.5
table).
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Table 2.5
Sour ce/observing situation Typical sound pressure
level (db SPL)
Hearing threshold 0dB
L eavesfluttering 20dB
Whisper inan ear 30dB
Normal speech conversation for a participant 60 dB
Carg/vehiclesfor aclose observer 60-100 dB
Airplanetaking-off for aclose observer 120 dB
Painthreshold 120-140 dB
sound pressure
Pressure Ao
[Pa] M N
\ M A1
100 000 1
Pascal
g
. Time=
|
BA 7666-11,8 860604/1 Broel & kjaer +Or
Fig. 2.1

When asound source such asatuning fork, vibratesit setsup pressure variations
inthesurrounding air. Theemission of the pressurevariations can be compared to
theripplesinapond caused by astonethrowninthewater. Theripplesspread out
from the point where the stone entered. However the water itself does not move
away fromthecenter. Thewater stayswhereitis, moving up and downto produce
the circular ripples on the surface. In the case of Sound, the stone is the source,
the pond isthe air, and the ripples are the resulting sound wave.
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The acoustic pressure vibrations are superimposed on the surrounding static air
pressure which has avalue of 10° Pascal.

2.7 WHAT HAVE YOU LEARNT

We have dealt with various aspects of units and measurements of sound in this
chapter[2]. A methodica knowledgeabout soundwaves- it’sunits& measurements,
dynamic range and SPL and its various facets and safety would certainly play a
significant role for the understanding of the science and technique of sound
design, for our professional aswell asfor our personal life.

2.8 TERMINAL QUESTIONS
1. Definefrequency.

2. Explainthe concept of dynamic range discussing itsutility also.
3. DefineDecibel.
4

. Explain sound pressurelevel.

2.9 ANSWERSTO INTEXT QUESTIONS

2.1

(i) 20spl
(i) 35Hzto 20 kHz
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FUNDAMENTALS OF SOUND
TECHNOLOGY

3.1 INTRODUCTION

In thislesson, you will learn about different technologiesi.e. analog and digital
used for processing of sound (audio) signals, and differentiate between them. You
will learn about how the respective technology is used, to capture, process and
reproduce the signals, i.e. about the analog to digital conversion and digital to
analog conversion.

We will aso discuss why, today, digital technology is more widely used than
analog technology.

3.2 OBJECTIVES

After reading thislesson you will ableto

e explainthestructure of analog and digital signal;
e explainthe processof capturing sound both in analog mode and digital mode;
e explainwhy digital technology isused morewidely than analog technol ogy;

e recognizethe process of analog to digital conversion and vice versa.

3.3 ANALOG SIGNAL

In order to record, reproduce, or transmit sound, it first needsto be converted into
an electrical signal. The beginning of this process requires a microphone. A
microphone has athin diaphragm that is suspended in or attached (depending on
thetypeof microphone) toamagneticfield. Thediaphragm movesback and forth
in reaction to the sound wavesthat passthroughit, and that movement within the
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magneticfield createsasmall electrical signal, whichisanelectrical representation
of the compressionsand rarefactions of the sound wave. Thesignal istransmitted
from the microphone aong its cableto be amplified. Microphones generate only
asmall amount of signal (measured involts), whichisfurther amplified by using
an amplifier (whichyouwill learnin further chapters)

3.4 DIGITAL SIGNAL

A digital signal refersto an el ectrical signal that isconvertedinto apattern of bits.
Unlike an analog signal, which isacontinuous signal that containstime-varying
guantities, a digital signal has a discrete value at each sampling point. The
precision of the signal isdetermined by how many samplesare recorded per unit
of time. For example, the figure 3.1 below shows an anal og pattern (represented
asthe curve) alongside adigital pattern (represented as the discrete lines).

A Analog Digital

SRR N [N LU SURGS WSS SI RS SS I DS RS AR R R — [RSPRRREP RS- SR NSRRI LGS S ———

I NERE/ NN

e bl [T T ISR ANSNRPSPI SNIPNRS: NNJRSFRDS NSRS ISRt NSRRI SR A P L

\ 4

Fig. 3.1: Analog signal and coresponding digital level at different points

A digital signal iseasily represented by acomputer because each sample can be
defined with a series of bitsthat are either in the state 1 (on) or O (off).

Digital signalscan becompressed and canincludeadditional informationfor error
correction.

3.5 ANALOG V/SDIGITAL SIGNAL

Sound is recorded by converting continuous variations in sound pressure into
corresponding variations in electrical voltage using microphone, this varying
voltage is then converted into varying pattern of magnetization (by recording
head) on tape or alternatively into apattern of light and dark areas on an optical
soundtrack on film.
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Incaseof digital recording it convertstheelectrical waveformfromamicrophone
into a series of binary numbers, each of which represents the amplitude of the
signal at asampling time.

Digital audio hasadvantagesof benefitting from thedevel opmentsin the computer
industry, and is particularly beneficial because the size of that industry resultsin
scopefor mass production (and therefore cost savings). Now-a-daysit iscommon
for sound to be recorded, processed and edited on relatively low cost desktop
equipment.

Any analog signal like sound electrical signal temperature, pressure etc., has
infinite values between two limits.

Continuously
variable
position
(DIMMER)
Bulb Bulb
DIMMER

[ } —
ON/OFF Supply OFF ON/OFF  'Supply
Switch Switch

H]IHHHE

Fig. 3.2 Analog and digital signal examples

Whereasindigital, signalshaveonly two distinct valuesor statei.e. either on/off
or 0/1, whenever welight up onelectrical lamp (Fig. 3.2L.H.S), throughasimple
electrical switchit hasonly two positionsif ON/OFF assign for light and dark, if

the same bulb is connected through a dimmer in the place of switch Fig. 3.3
R.H.S), thenthefall/rise of brightness seen by human eyes smoothly becausethe
brightness has several intermediate values, which is continuousin nature.

Electrically theanalog signal isrepresented asavarying voltage or current likea
sinewave below (a).

(@)
Analog signal
ON OFF
AN

Varying Signal

(b) —
Digital signal

ON

< OFF —~
Fig. 3.3
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Where asadigital signal isrepresented by a square wave shown in abovefigure
(b) above. You can seeit hastwo distinct values only either ‘0" or *1’.

Inany system, if theoutput issimilar totheinput that meansthe systemisanal ogue
system.

Where asin digital system, the output wave isnot similar to the input.

3.6 ADVANTAGES OF DIGITAL SIGNAL OVER
ANALOG SIGNAL
() Anaogsignasareproneto be affected by noise, whereasthe noise added to

digital signal doesn’t matter. Because state ‘1’ will be detected as state * 1’
and state ‘0’ will be detected as state ‘' 0", despite addition of noise.

(i) Analog signal can berecorded and played back but recording and playback
process deteriorate the signal in terms of addition of noise, distortion, and
change of frequency response.

(iii) Indigital signal, therecording and play back process does not add up noise,
distortion and change of frequency response.

(iv) Withfaling rates of computer, componentsfor storage of digital signal has
become quite cheap. Whereas analog signals are still being recorded on
expensive magnetic medium or optical medium.

(v) Signalsonceconvertedinto digital form, are much easier to store, manipulate
and transport.

3.7 ADVANTAGES OF DIGITAL TECHNOLOGY
OVER ANALOG TECHNOLOGY
Thequality of digital audioisindependent from the medium and dependsonly on

the conversion process. The conversion of audio from analog to digital domain,
providesthefollowing advantages.

() InAnaog system the errors caused by noise, distortion and jitter (due to
long cables) cannot be removed fully. Whereasin digital system, theseerrors
can be removed by easier and cheaper means.

(i) Deterioration due to flutter, print through, drop out noise, alignment errors
(changein angle of head) do not occur in digital systems.

(iii) InDigital technology, data can be copied infinitely without generation loss.

(iv) In Digital technology, the data can be accessed instantly whereas Analog
technology makes this process complicated and lengthy. Hence Digital
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technology borrowed RAM (Random Access Memory) and Hard disk
technology from computer industry to make DDS (Digital Data Storage).

(v) Editingindigita domainiseasier than tape edit.

(vi) Digital audio broadcasting can be carried out in the digital domain with
less interference, fading and multipath reception problem as compared to
Ana og broadcast. Hencethe all otted bandwidth can be used moreefficiently.

(vil) Maintenanceiseasier inDigital systemsbecausedigital equipment can have
self-diagnosis program, built in the system, to point out its own failure or
error.

(viii) InAnalog —recording, editing and playback islinear in nature.

(ix) In Digital —recording, editing and playback is non-linear in nature. This
savestime and enhances creativity.

(x) Thecost of Digital equipment is much less than that of analog equipment
and the sizeis also smaller due to integrated circuits & cheap technol ogy.

INTEXT QUESTIONS 3.1

1. Soundsignal isfirst convertedinto ................ signal before processing
(@) Voltage (b) Electrica
(c) Magnetic (d) None of the above

2. Digital signal isstored inwhichform?

3. Digital recording convertsthe electrical waveinto aseriesof decimal numbers.
True or False.

4. Digital audio has advantages for mass production. True or False.
5. Isittruethat an analog signal hasinfinite values between two limits?

3.8 ANALOG TO DIGITALCONVERSION (A/D
CONVERSION)

Analog to digital conversion isaprocess by which an analog signal is converted
to aseries of binary digits which representsits value at different sampled point.

First theanal og audio signal, whichisatimevarying continuousel ectrical voltage
or current is passed through an A/D converter (i.e. Analog to Digital Converter).
Inthisprocessthe audio signal issampled many thousandstime per second and
converted into a series of samples, which are the snapshots of audio signal taken
at thetime of each sampling and each such sampleisrepresented by anumber. See
figure 3.4 below.
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A sample and hold circuit can be used for obtaining these samples

Smple puless Notes

Audio waveform
+ e ST
o R
E D\ L l |
= » Time |
=3 P :
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t = sample period

AUCiIO Constant-amplitude

waveiorm pulses (frequency = 1/t)
[} 5]
© ©
2 2
=1 o
S g
< <
Ti .
ime Time
Produces T = sample period

Pulse-amplitude
modulation

Fig. 3.4: Sampling of analog signal and corresponding pulse levels

Amplitude

Time

Thesampl e pul sesrepresentstheinstantaneousamplitude signal sat each pointin
timeinterval, thesamplescan beconsidered as*” still frames’ or “ snap shots’ of the
continuous audio signal, which when put together serially in a sequence for a
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continuous pulseformsof theaudio signal. In order to represent the details of the
audio signal it is necessary to take large number of samples per second.

In order to convert analog signal into digital signal it is necessary to measureits
amplitude at specific point intime, iscalled “ Sampling” the process of assigning
abinary digital valueto each measurement called quantization.

Doyou know?

The mathematical theory by “ Shannon” says at |east two samples per audio
cycle must betaken to convey necessary infor mation about thesignal or inthe
other words sampling frequency must be at least twice as high as the highest
audible sequencesin practice.

The quality of A/D conversion isdetermined by
1. Samplingrate

2. Quantization

3. Dynamic range/Bit depth

4. Dithering

3.8.1 Sampling Rate/Frequency

The choice of sampling frequency determines the maximum audio bandwidth
available. Sampling frequency isat least twice the highest audio frequency to be
sampled. Since, theaudio frequency band extendsup to 20K hz, implying the need
for asampling frequency of just over 40K hz for high quality audiowork. Thereare
infact two standard sampling frequency between 40 and 50 kHz, the compact disc
rate is 44.1khz and so called “professional” rate is of 48 kHz. These are both
allowedinoriginal AES standard (A udio Engineering Society) which setssampling
frequenciesfor digital audio equipment.

Audio Sampling frequencies

Frequency (kHz) Application

8 Telephone (speech quality) standard

32 Used some broadcast coding system e.g. NICAM,
DAT Long Play mode

44.1 CD Sampling frequency, AES secondary rate.

48 AESPrimary ratefor professional application basic
rate for blue-ray disk (which no longer specifies
44.1K hz as an option)
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96 This is optional for DVD-Video, DVD Audio &
Blue ray disks for AES secondary rate for high
bandwidth application

192 Four times the basic standard rates. Optional in
DVD-Audio. 192Khz is the highest sampling
frequency allowed on Blu-Ray Audio disks.

3.8.2Quantization

After sampling, the the sampled/ modul ated pul sechainisquantized. Inquantizing
the range of sample amplitude is mapped into a scale of stepped binary values.

Thequantization determineswhich of afixed number of quantizingintervals(size
of Q) represented. Thisisdone so that each sample amplitude can be represented
by aunique binary number in pulse code modulation (PCM).

PCM: Itistheform of modulationinwhich signalsarerepresented asasequence
of sampled and quantized binary datawords.

Inlinear quantizing, each quantizing step representsan equal increment of asignal
voltage. Most high quality audio systemsuse linear quantizing.

Quantizingerror: itisaninevitableside effect inthe processof A/D conversion
and thedegreeof error dependson the quantizing scale, higher thescale lower the
quantizing error.

e 4 Bit scaleoffers 16 possible steps (more error)
e 8Bit scale offers 256 possible steps
e 16 hit scale offers 65536 possible steps. (lesser error)

The quantized output of an A/D convertor, can be represented in either serial or
paralel form

3.8.2.1 Quantization Resolution

The quantizing error may be considered as unwanted signal added to the wanted
signal asshown in Fig. 3.5 and Fig 3.6 below.
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Fig. 3.5 : Quantization errors
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Fig. 3.6: Higher level Quantization and lesser error

Theerrorisclassified either asdistortion or noise, depending ontheir characteristics
and the nature of the quantizing error signal.

The bit rate of the digital signal is therefore is the multiplication of sampling
frequency with the quantization bitsused. For exampleif aaudiosignal issampled
at 48 kHz and 16 bit quantization isused, thenthebit rate of digital signal will be
48* 16= 768 Kbps( kilo bitsper second). If compressed by four it will become 192
Kbps for amono( single channel signal) and 192* 2= 384K bpsfor stereo signal.

3.8.3 Dynamic Range/Bit Depth

Thehuman hearing capabilities should beregarded asthe standard agai nst which
the quality of digital systemsismeasured, sinceit could be argued that the only
distortion and noise that matter are those that can be heard, Louis Fielder and
Elizabeth Cohen work out to establish dynamic range requirements for high
quality digital audio systems, Fielder wasableto show, what waslikely to beheard
at different frequencies in terms of noise and distortion and where the limiting
elementsmight bein atypical recording chain, they determined adynamicrange
requirement of 122 dB for natural reproduction, taking into account microphone
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performance and the limitations of consumer loudspeakers. This requirement
dropped to 115dB for consumer systems.

Whenthereareno morebitsavailableto represent ahigher level signal at thispoint
thewaveformwill behard clipped and will becomehighly distorted. Theeffect too
is very different from that encountered in analog tape recorders which tend to
produce gradually more distortion as the recording level increases. Digita
recorders remain relatively undistorted as the recording level rises until the
overload point isreached at which point very bad distortion occurs. The number
of bitsper samplethereforedictatesthesignal to noiseratio of alinear PCM digital
audio system 16 Bit Linear PCM was considered asnormal for high quality audio
application for many years. Thisisthe CD standard and is capable of offering a
good S/N ratio range over 90db, but it fails to reach the psychoacoustic idea of
122db for subjectively noise free reproduction in professional systems.

0 dB FS (Full scale) signals above this level are clipped
) Zero-crossing
Large signal level
Range of
convertor

Maximum negative signal level

Fig. 3.7: Clipping of signal

For professional recording purpose and avoidinf clippin ( Fig. 3.7) we may need
a certain amount of head room for distortion free recording/reproduction.

Headroom

Unused dynamic range above the normal peak recording level which can be
used in unforeseen circumstances such as when a signal overshoot its
expected level this can be particularly necessary in live recording conditions
where oneis never quite sure what is going to happen with recording level.

Thisis another reason why many professionals feel that a resolution of greater
than 16 Bit is desirable for origina recording. Twenty and 24 bit format are
become very popular for this reason.

Quantizing Resolution

The table shows some commonly encountered quantizing resolutions and then
application
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Bitsper
sample

Notes

Approximate
dynamic range
with dither (db)

Application

12

16

20

24

44

80

92

116

146

Low moderate quality for older PC
Internal sound generationand someolder
multimediaapplication.

Original EIAJ format PCCM adaptors
such as Sony PCM-100

CD-standard, DAT standard commonly
used high qudity resolutionfor consumer
media, some professional recordersand
multimedia pcs. Usually twos
compliment binary numbers.

Highquality professiona audiorecording
and mastering applications

Maximum resolution of most recent
professional recording system aso of
AES 3 digital interface, dynamic range
exceeds psycho-acoustic requirements

3.8.4 Dither

Dither inA/D conversion hastheeffect of linearzinganormal convertor (in other
words it effectively makes each quantizing interval the same size) and turns
guantizing distortioninto arandom, noiselinesignal at al times. (Fig. 3.8 below)
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Amplitude
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Time
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Fig. 3.8: Dithering or linearization

Thisisused for number of reasons
1. Italowssignal to befaded smoothly down without the sudden disappearance.

2. It allowsthe signal to be reconstructed even when their level is below the
noise floor of the system.

3. Thewhitenoiseat very low level isless subjectively annoying than distortion.

Undithered audio signal begin to sound “grainy” and distorted asthesignal level
falls. Quiescent hisswill disappear if dither isswitched off making asystem seem
quieter but asmall amount of continuoushissisconsidered preferabletolow level
distortion. The resolution of modern high resolution convertorsis such that the
noisefloor isnormally inaudiblein any case.

Quiescent Hiss— The hiss generated from the machine during standby mode.

White Noise—Thisisanoisein which all frequencies have same amplitudeor in
samelevel.

3.9 DIGITAL TO ANALOG CONVERSION (D/A
CONVERSION)

In D/A conversion, theaudio samplewordsare converted back into stair caselike
chain of voltage levels corresponding to the sample values. This is achieved
simple D to A convertors, by using the states of bitsto turn current sources on or
off, making up therequired pul seamplitude by the combination of outputsof each
of these sources.
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Amplitude
Amplitude
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e

Time Time Time
D/A convertor — is resampled —» andis low-pass
output to reduce pulse width filtered
to reconstruct original
waveform

Fig. 3.9: Digital to analog conversion

These staircases are then resampled to reduce the width of the pulsesbeforethey
are passed through alow passreconstruction filter whose cut off frequency ishalf
the sampling frequency. The effect of the reconstruction filter isto join up the
sample points to make a smooth wave form as shown in figure 3.9 above.

Re sampling is necessary to avoid any discontinuitiesin signal amplitude at the
sample boundaries, otherwise the averaging effect of the filter would resultina
reduction, in the amplitude of high frequency audio signal.

INTEXT QUESTIONS 3.2

Write down the correct option from the ones given below:

1.

Convertinganalog signal into digital signal by measuring amplitude at specific
pointsiscalled

(8 Quantization (b) Dithering
(c) Sampling

The process of assigning abinary digital value of each sampled measurement
iscalled

(@ Sampling (b) Quantization

(c) Dithering (d) Dynamicrange

Sampling frequency determinesat least ............. the highest audio frequency.
(@ Once (b) Twice

(c) Thrice

What is the sampling rate for a Compact Disc?
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5.

Match thefollowing:

Samplerate Application Notes
48 Telephone
32 DVD —Audio
96 CD —Audio
8 Broadcast coding
44.1 Basic Bluray disk

According to Fielder what is the dynamic range for natural reproduction?

Dither allowsasignal to be faded smoothly without the sudden disappearance
.Trueor false

What is quiescent hiss?

What iswhite noise?

3.10 WHAT HAVE YOU LEARNT

After reading the lesson, we have learnt about the different types of signals—
analog and digital. We saw, how sound isfirst converted into an electrical signal
when it enters a microphone.

We then proceeded to learn about the advantages of digital signal over analog
signal. How digital signal lendsitself to compression and therefore occupiesless
space.

The process of analog to digital conversion and vice-versaweretwo other points
covered in thislesson. :

3.11 TERMINAL QUESTIONS

1.

o &~ w0 D

Briefly defineanal og and digital signal?What arethe main differences between
them?

What are the advantages of digital signal over analog signal?

What are the advantages of digital technology over anal og technology?
Explain analog to digital (A/D) conversion.

Briefly describethefollowing terms.

(@) Sampling Rate
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(b) Quantizing
(c) Dithering

6. Explaindynamicrangeand list afew applications?

7. Explaindigital to analog conversion.

3.12 ANSWERSTO INTEXT QUESTIONS

31

1. Electrica
2. Binary
Fase
True
Yes, true.

o s~ w

Sampling

Quantization

Twice

44,100 Hz (or 44.1kHz)

o A DdDEFE W

Samplerate

48
32
96
8
44.1

122 dB

True.

© ®©® N o

samelevel

Application

Basic Bluray disk
Broadcast Coding
DVD - Audio
Telephone
CD - Audio

The hiss generated from the machine during standby or sleep mode.

The noisein which all frequencies have same amplitude or in other wardsin
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STUDIO ACOUSTICS

4.1 INTRODUCTION

Previously you have studied about the fundamental s of sound technology. Now,
let us learn about the studio acoustics.

Sound production not only dependsupon the quality(notes) of the sound generated
from a source like human vocal-chord or an electro-mechanical speaker, but it
depends upon the medium through or from which is comes after reflection,
refraction, diffraction, absorption or interference. Thus, acoustics plays a vital
role in sound production.

Inthislesson, you will learn about the basi ¢ acoustic principlesand construction
techniguesfor consideration, whiledesigning sound productionfacility. Acoustics
pertainstotheart of designing that necessitatesintuition, experienceand common
sense. Thiswill include understanding reflection, refraction, reverberation, noise
level, material s used and transmission techniques.

4.2 OBJECTIVES

After reading thislesson, thelearner will be ableto :

e explainreflection;

e identify lawsof reflection;

e analyzereverberation, sound isolation and noiselevel;

e enumerate basicsof psychoacoustics.
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4.3 MEANING OF ACOUSTICS

Notes

Acoustics can be defined as a science dealing with the production, effects and
transmiss on of sound wavesthrough different mediaincludingreflection, refraction,
diffraction, absorption and interference. It aso includes consideration about
characteristics of auditoriums, theatre and studios along with their design.

4.3.1 ldentifying need of Acoustic treatments

Therearevarioussituations needing enhacing the quality of soundinanenclosed
space, tackling theinterference problemsetc. which require acoustictreatment to
bedone. Important roleof studio acoustics(SA) istoidentify such problemsfirst.
Like:

(8 While clapping your handsif afluttering sound is heard because of sounds
bouncing back and forth from hard parallel walls then this needs acoustic
treatment.

(b) If thestudio ismade up like concrete block basement or garage, so you hear
too much room reverberation.

(c) If thestudioistoo small

(d) If you hear, outside voicesin the recordings.

(e) If bass guitar amps & monitor speakers sound booms
(f) If you hear alot of leakagein mic signals.

All these would need attention to be paid to the acoustic aspects to improve the
quality of sound

4.3.2 Factorsgoverning studio and control room acoustics

Studio and control room acoustics, play avery important rolewhilerecording any
musical program. Irrespective of which type of studio facility isbeing designed,
built and being used, therearevariousfactors, which should beaddressed, inorder
to achieve the best possible acoustic results. Such as:

1. Acoustic isolation- appropriate isolation techniques are necessary to
incorporateinto their design, in order to keep external noisesto the minimum.
Whether that noiseistransmitted through the medium of air or though solids
special construction techniques are often required to dampen these external
sounds. Thegoal hereisto build astudiowall, floor, ceiling, window or door
out of thickest and most dense sound absorbant material availabletoimprove
sound isolation
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2. Symmetry in control room and monitoring design-There should be
symmetrical reflections on all axes within the design of a control room or
singleroom project of astudio. The center and acoustic imaging is best when
thelistener, speakers, wallsand other acoustical boundariesare symmetrically
centered around the listener’s position . In arectangular room, the best low
end response can be obtained by orienting the console and loudspeakersinto
theroom’slong dimension. Placing thelistening environment symmetrically
inacorner, isanother example of how theleft/right imagery can beimproved
over an off center placement.

3. Frequency balance: Thefrequency componentsof aroom shouldn’t adversely
affect the acoustic balance of instruments and speakers. The acoustic
environment shouldn’'t alter the sound quality of the original or recorded
performance. Room should exhibit arelatively flat frequency response, over
the entire audio range, without adding its own sound coloration. The most
common way to control thetonal character of aroom, isto use materialsand
design techniquesthat govern the acoustical reflection and absorption factors.

4. Reflection: Reflectionisthe changeindirection of awavefront at aninterface
between two different media so that the wave front returns into the medium
from which it originated. Common examples include the reflection of light,
sound and water waves.

DO YOU KNOW?

Thelaw of refl ection saysthat, for spectacul ar reflection, theangleat whichthe
waveisincident on the surface equals the angle at which it is reflected (both
values measured from the normal N). Light is known to behave in a very
predictable manner. If a ray of light could be observed approaching and
reflecting off aflat mirror, then the behavior of the light as it reflects would
follow a predictable law known asthe law of reflection. The diagram below
(Fig. 4.1) illustrates the law of reflection.

(Normal)

(Incident ray) (Reflected ray)

Fig. 4.1: Law of reflection

Reflection of sound — just as a mirror reflects, light, when sound waves,
radiating out fromasource, strikearigid obstacle, theangleof reflection of the
sound waves is same as the angle of incident, if no absorption occurs)
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Absor ption: Absorption occurs, when only aportion of the incident acoustic
energy isreflected back from amaterial’s surface. The absorption of acoustical
energy isinverse of reflection. Whenever sound strikesamaterial, the amount
of acoustic energy that absorbed, relative to the amount that’s reflected, can
be expressed asasimpleratio known asthe material’ s absorption coefficient.
You have learnt about absorption coefficient in first chapter on Introduction
to sound.

Reverberation: A sound createdinabig hall will persist by repeated reflection
fromthewallsuntil itisreduced to avaluewhereit isno longer audible. The
repeated reflection that results in this persistence of sound is called
reverberation. Reflection of sound waves of the surfaces can lead to
reverberation. A reverberation often occurs in a small room with height,
width, and length dimensions of approximately 17 metersor less. Reflection
of sound waves also |eads to echoes.

Like any wave, asound wave doesn't just stop when it reachesthe end of the
medium or when it encounters an obstacle in its path. Rather, a sound wave
will undergo certain behaviors when it encounters the end of the medium or
an obstacle. Possible behaviorsinclude reflection off the obstacle, diffraction
around the obstacle, and transmission (accompanied by refraction) into the
obstacle or new media.

DO YOU KNOW?

Why the magical 17 meters? The affect of a particular sound wave upon the
brain enduresfor morethan atiny fraction of asecond; the human brain keeps
asoundinmemory for upto 0.1 seconds. If areflected sound wavereachesthe
ear within 0.1 seconds of theinitial sound, then it seemsto the person that the
sound is prolonged. The reception of multiple reflections off the walls and
cellings, within 0.1 secondsof each other, causesreverberations- theprolonging
of a sound. Since sound waves travel at about 340 m/s at room temperature,
it will take approximately 0.1 sfor asound to travel the length of a 17 meter
room and back, thus causing areverberation (t=v/d = (340 m/s)/(34 m) =
0.1s). Thisis why reverberations are common in rooms with dimensions of
approximately 17 metersor less.

7.

Cost factors. Designing acoustical studios can be a costly affair. Studio
designers and construction teams spend alot to create plush décor that has
been acoustically tuned to fit the needs of both owners and budget minded
production facilities, however the same can be done in cost effective ways
also keeping in view the production needs and future prospects of growth.

In addition to above some related factors are explained hereunder.
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4.4 PROPAGATION OF SOUND

Propagation of sound through the air isin the form of longitudinal waves. The
speed of sound depend on the properties of air and not on the frequency or
amplitude of sound waves. Asin case of light same lwaw of reflection appliesto
soundalsoi.e., angleof incidentisequal totheangleof reflection where measured
about the normal.

INTEXT QUESTIONS 4.1
1. Reflectionis................ ?

(@ Changein thedirection of awave front
(b) Changeinsight
(c) both (a) and (b)

(d) noneof these

2. Inacoustics, reflection causes ................ ?
() echoes (b) reflection
(c) wave (d) light
3. The human brain keeps a sound in memory for up to ................ seconds.
(@) 0.2 Seconds (b) 0.1 Seconds
(c) 1 Seconds (d) None of these

4. Reflection of sound wavesasoleadsto................

(@) Echoes (b) Clear Sound
(c) Bad Sound (d) AandB

5. Lightisknownto behaveinavery ................ manner
(a) predictable (b) unpredictable
(c) hypothetical (d) straight

45 REFRACTION

Theturning or bending of any wave, such asalight or sound wave, when it passes
from one medium into another of different optical density, iscalled Refraction.
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Refraction isthe changein direction of awave dueto achangein the medium of
transmission. The phenomenais governed by thelaws of conservation of energy
and momentum. When medium changes, the phase velocity of the sound also
changesbut frequency remainsunaffected, especially at incident anglesother than
90° or 0°. This phenomenais observed in all the waves like sound and water. As
per Snell’slaw for agiven pair of mediaand awave with asingle frequency, the
ratio of sine’sof theangle of incident Q, and theangle of refraction Q, isequal to
the ratio of phase velocities V/V, in the two mediato the opposite ratio of the
indices of refraction (n,/n;)

Normal
Incident
ray
€;
Air
Water
EI’
Refracted

ray

Fig. 4.2: Law of Refraction

Asshowninthediagram (Fig 4.2) above, anormal lineisdrawnto the surface at
the point of incidence. Thislineisaways drawn perpendicular to the boundary.
The angle that the incident ray makes with the normal line is referred to as the
angle of incidence. Similarly, the angle that the refracted ray makes with the
normal lineisreferred to asthe angle of refraction. The angle of incidence and
angle of refraction isdenoted by the following symbols:

0, = angleof incidence
0, = angle of refraction

Theamount of bending that alight ray experience, can beexpressedintermsof the
angle of refraction. A ray of light may approach the boundary of amedium at an
angleof incidenceof 45-degreesand bend towardsthenormal. If themediuminto
which it enters causes a small amount of refraction, then the angle of refraction
might be of avalue of about 42-degrees. On the other hand if the medium into
which thelight enters causes alarge amount of refraction, the angle of refraction
might be 22-degrees. (These values are merely arbitrarily chosen values to
illustrate a point.) The diagram below depicts a ray of light approaching three
different boundaries, at an angle of incidence of 45-degrees. The refractive
medium is different in each case, causing different amounts of refraction. The
angles of refraction are shown on the diagram. (Fig. 4.3) below.

Sound Technician




SudioAcoustics

e =45° e =45° e =45°
Notes
Air Air Air
Water Glass Diamond
e =45° e = 28° e =17°

Fig. 4.3: Different angles of Refraction for different mediam

Of the three boundariesin the diagram, the light ray refracts the most at the air-
diamond boundary. Thisisevident by thefact that thedifferencebetweentheangle
of incidence and the angle of refraction isgreatest for the air-diamond boundary.

INTEXT QUESTIONS 4.2
1. Refractionisthe.................. ?

(8 changeindirection of awave
(b) changeindirection
(c) changein nature of work

(d) al of these

2. Refractionisessentidlya.................. phenomenon
() surface (b) normal
(c) usud (d) transmission

3. InRefractionitsfrequency remains..................

() constant (b) normal
(c) abnorma (d) speedy
4. The speed of asound wavein air dependson the..................
(8) Temperature (b) clouds
(c) rans (d) bandc
5. Theangle of refraction is dependent upon the. ..................
(8) Speedsof light (b) speedof air
(c) speed of volume (d) speed
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4.6 NOISE LEVEL

Notes

Noiseisthe unwanted sound and inmany applicationsnoisereductionisamust.
Noise can cause of loss of hearing power, interfere with sleep, speech, cause
discomfort.. Theimportance of noiseissue could be well understood by looking
at regulationsthat have been passed by governmentsto restrict noise production
or control noise pollution in society.

Active Noise control

Passive noise control refers to those methods that aim to suppress the sound by
modifying the environment closer to the source. Since noinput power isrequired
in such methods, Passive noise control is often cheaper than active control,
however the performanceislimited to mid and high frequencies. Active control
workswell for low frequencies hence, the combination of two methods may be
utilized for broadband noise reduction as shown below Fig. 4.4.

Passive Noise Control

Passive noise control refers to those methods that aim to suppress the sound by
modifying the environment closer to the source. Since noinput power isrequired
in such methods, Passive noise control is often cheaper than active control,
however the performance islimited to mid and high frequencies. Active control
workswell for low frequencies hence, the combination of two methods may be
utilized for broadband noise reduction.

Passive Noise Control

Residual Noise

Absorber

Active Noise Control

AVAV

+ = ———~——

\/\/\ Residual Noise

Fig. 4.4: Passive Noise Control and Active Noise Control
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Sound waves striking an arbitrary surface arereflected, transmitted or absorbed;
theamount of energy goinginto reflection, transmission or absorption dependson
acoustic propertiesof the surface. Thereflected sound may be almost compl etely
redirected by large flat surfaces or scattered by a diffused surface. When a
considerable amount of thereflected sound is spatially and temporally scattered,
thisstatusiscalled adiffusereflection, and the surfaceinvolvedisoften termed a
diffuser. The absorbed sound may either be transmitted or dissipated. A smple
schematic of surface-wave interactionsisshownin Fig. 4.5.

N

Fig. 4.5 Surface wave interaction

Sound energy is dissipated by simultaneous actions of viscous and thermal
mechanisms. Sound absorbersareused to dissi pate sound energy and to minimize
itsreflection.

Furnishing curtain against the walls, absorb high frequency better than lower
areas. When curtains are placed further away fromwalls, lower frequency isalso
absorbed. The amount of sound absorbed will depend upon the type of the
materia used for certainfiberglass (Rockwool) hasthe highest absorbing capacity.
Fiberglassisused with brick, stone, concrete etc. dueto its sharp edges. Timber,
stedl reflectshigher frequenciesbut absorbscertain percentageof lower frequencies,
balance of the lower frequency pass through the wall. Bass frequencies are the
most difficult to absorb.

The 1/4 wavelength rule: Absorbent material (soft or fiberglass) must be kept at
1/4 wavelength of the lowest frequency to be absorbed. This helpsto absorb all
higher frequencies. Thismay maketheroom seem smaller but it will becalmer and
relaxing. Ref. Fig 4.6 below.
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Fig. 4.6: Placement of sound absorbent material

4.6.1 Making a quieter studio

Anideal noiselevel in astudio should be 23-28 dB.As measured on SPL meter.
Following tips will be useful to keep away the noise from studio recordings.

1.

All appliances, air conditions and telephones etc. should be switched off
whilerecording.

All doors and windows of the studio, if any should be closed or cover them
with thick plywood.

Objects that can rattle or buzz should be removed.

There should be carpet or several layersof plywood on the floor above studio.
Moreover, there should bean insulationinthe air space between studio ceiling
and the floor above.

Microphones should be placed, close to the instruments and use directional
microphones. Thiswill reduce noise picked up by the microphonesfrom other
directions/ sources.

INTEXT QUESTIONS 4.3

1.

Modifying and canceling sound field of electro-acoustical approaches are
caled .......co........

(a) active noise control (b) passive noise control

(c) negative voice control (d) mix noise control
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2. Wool (fiberglass) hasthe................... absorption capacity
(a8 highest (b) lowest Notes
(c) medium (d) none of these
3. Passive noise control isoften .................. than active control
(a) cheaper (b) higher
(c) medium (d) within cost
4. Theamount of sound energy absorbed dependsontypeof .................. weight
and pleating width
(8) materia (b) glass
(c) energy (d) none of these

4.7.1 Sound Transmission

Soundisatravelling pressurewavethat can betransmitted throughair, liquids, or
solids and is sensed by the human ear. The wave is avibration or fluctuation in
pressure and can vary in amplitude (i.e. Loudness or volume) and frequency (i.e.
pitch). Sound volume is measured indecibels, while the frequency of sound is
measured in hertz. Thefrequency and amplitude of sound can changeasthewave
travels through different mediums. For example, the loudness of a sound is
reduced asit travels from the air through awall of concrete

Acoustictransmissionin building designrefersto anumber of processes/waysby
which sound can be transferred from one part of abuilding to another. Typically
these are:

1. Airbornetransmission - To isolate one room from the other, so that sound
from other rooms is not heard in the adjacent room, structural isolation is
considered at thetime of design stage of the building, especially intherecording
studios or the highly sensitive areas. A tighten sealed door also helps in
reduction of such air borne sound. Heavy dividing walls, help in effective
reduction of airborne sound transmission better than alight one.

2. Impact transmission - A noise sourcein one room, results from an impact
of an object onto a separating surface, such as a floor and transmits the
sound to an adjacent room. A typical examplewould be the sound of footsteps
in aroom being heard in aroom below. Acoustic control measures usually
include attempts to isolate the source of the impact, or cushioning it. For
example, carpetswill perform significantly better than hard floors.
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3. Flankingtransmission - A morecomplex form of noisetransmission, where
the resultant vibrations from a noise source are transmitted to other rooms
of the building usually by elements of structure within the area.

4. E building. For example, in asteel framed building, oncetheframeitself is
set into motion the effective transmission by vibration can be pronounced.

Sound Absor ption

Sound absorption is the process by which we can reduce the reflection of the
sound energy by the surfaces. Aswe havealready seen the absorption phenomenon
of soundwavefromwhichitisclear that when sound wavestrikestheacoustically
treated surface some of the sound wave penetratesthe acoustic material covering
the wall and portion of that sound energy is retained by the absorbing material.
Thisabsorbed sound energy isconverted into heat energy thereby preventing any
retransmission or reflection of sound wave from the surface. The absorbing
material will be selected on the basis of frequency distribution of noise and
application of the studio. Different absorbers show different absorption
characteristics which are non uniform over the complete frequency spectrum.

For achieving optimum R/T characteristics combination of acoustic absorbersis
usedinthestudio. Every material hassomeabsorptivequalities. Thisisdescribed
by itscoefficient of absorption, anumber between 0 and 1, theva ue 0 corresponds
tototally reflectiveand 1 correspondsto an open window . These numberscan be
used to compare materials and to predict the results of treatment. Some of the
commonly used absorbersare:

(i) PorousMaterials: Porous materials are used for the absorption of Mid and
High Frequencies. Minera wool, glass wool are members of this class.
These materials are very good absorber and are most effective in Mid and
High Frequencies. These absorbers are used with the covering material which
actsasaface of such absorbers. Fabric used asa Carpet and Curtain also act
as absorber for Mid and High Frequencies.

(i) FibrousMaterials: Insulation boards, perforatedtilesfall in fibrous material
category. The tiny holes in the fibrous material acts as a trap which are
responsible for the absorption of sound and dissipation of the sound energy.
TheAbsorption of these materialsincreases with increase in the softness of
thematerial. These materials have very poor absorption on low frequencies.

(iii) Panel/ Resonant Absorbers. Panel absorbers are thin wooden ply/ veneers
withan air cavity behind. Thisisgenerally used as Low Frequency Absor ber
(LFA).
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4.8 BASICS OF PSYCHOACOUSTICS

4.8.1 Psychoacoustics— Threshold of hearing and pain

Theintensity level of aloud sound, which givespaintotheear, isusually between
115 and 140 dB (see graph). For some listeners, with hyperacusis, these levels

may be much lower.
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Fig. 4.7

Thethreshold of hearingisthe Sound pressurelevel SPL of 20 uPa(micropascals)
= 2 x 10" pascals (Pa). This low threshold of amplitude (strength or sound
pressure level) isfrequency dependent. Seethe frequency curvein Fig. 2 below

The absolute threshold of hearing (ATH) is the minimum amplitude (level or
strength) of a pure tone that the average ear with normal hearing can hear in a

noi sl essenvironment.

Thethreshold of pain isthe SPL beyond which sound becomesunbearablefor a
human listener. This threshold varies only slightly with frequency. Prolonged
exposure to sound pressure levels in excess of the threshold of pain can cause

physical damage, potentially leading to hearing impairment.

Different values for the threshold of pain:
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Fig. 4.7: Threshold of audibility
Threshold of pain
SPL Sound pressure
120 dBSPL 20 Pa
130 dBSPL 63 Pa
134 dBSPL 100 Pa
137.5 dBSPL 150 Pa
140 dBSPL 200 Pa

Thethreshold of haring isthe minimum sensitivity of the ear and lieswith 1 kHz
to 5 kHz. It isfrequency dependent (see curvein Fig. 4.5) wherelowest curveis
the absol ute threshold of hearing and the highest curve in the threshold of pain.
Any part of the audio signal whose amplitude is below the ATM level, can be
removed without affecting any change to the signal.
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INTEXT QUESTIONS 4.4

1. Soundisatravelling pressurewavethat can betransmitted through air, liquids,

or solids and is sensed by the human .................. ?
(@) ear (b) eyes
(c) hands (d) tongue

2. Thelntensity level of aloud sound which gives painto the ear, usually between

(@) 115and 140 dB (b) 110& 120dB
(c) 90& 95dB (d) noneof these
3. Thethreshold of hearing isthe................... level SPL
() sound pressure (b) water Pressure
(c) air Pressure (d) wall Pressure

4. Thethreshold of pain isthe SPL beyond which sound becomes..................
for ahuman listener

(8 unbearable (b) easily bearable
(c) adjustable (d) bearable

4.8 WHAT HAVE YOU LEARNT

Inthislessonyoulearnt about the meaning of acousticsand thefactorsgoverning
studio and control room acoustics factors which govern the studio acoustics
include acoustic isolation symmetry in control room and monitoring design,
frequency balance, reflection absorption, reverberation and cost implicationsetc.
In addition to this, noise control and psych acoustics were also discussed.

4.9 TERMINAL QUESTIONS

1. Define acoustics. Discuss why on acoustic treatment is required in a studio
setup?

2. Explain the various factors governing studio and control room acoustics.
3. Write short note on
(i) Psychoacoustics

(i) Refraction
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4.10 ANSWERS TO INTEXT QUESTIONS

Notes

4.1

1. (a 2. (@ 3. (b) 4. (a) 5 (9
4.2

1. (@ 2. (9 3. (8 4. (a) 5 (a
4.3

1. (8 2. (a) 3. (@ 4. (a)

4.4,

1. (@ 2. (9 3. (8 4. (a)
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AUDIO ELECTRONICS

5.1 INTRODUCTION

In the preceding lesson, you have studied the fundamentals of studio acoustics
that includereverberation, soundisolation, noiselevel, basicsof psychoacoustics.
This lesson deals in basic electrical and electronic elements, used in sound
equipmentswhich include varioustypes of electrical and €l ectronic components
and circuits commonly used in sound systems.

Emphasiswill be given on resistors, thermistors and transistors.

5.2 OBJECTIVES

After going through thislesson, you should be able to:

learn the basic concepts of voltage and current as applicable to recording
equipments;

identify varioustypes of components used in electronic circuits;

understand the functions of such components;

identify the type, value and rating of components;

learn some of the important points to be remembered while replacing these
components;

learn about the interference and methods to eliminate such problems;

understand the importance of earthing and the problems that are likely to
occur due to bad earthing;

learn procedure to carry out adjustments of sound levels while using the
equipments.
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5.3 CONCEPT OF VOLTAGE AND CURRENT

Consider aWater tank at thetop of amulti storey building. It supplieswater to all
thefloorsof the building. You would have observed that the pressure with which
water issupplied at the ground floor is more than at the top floor or terrace. This
is because that water pressure is proportional to height difference between top
level of water intank and tap from which water isdrawn. Further, water flow rate
at the outlet (i.e., tap) is proportional to diameter of the pipe and tap.

Analogously, in electrical systems, CURRENT flow (aquantity similar to water
flow rate) is proportional to pressure of the Direct Current (DC) source (e.g., 1.5
VoltsCell, mobilebattery 4.5VDC or car battery 12V DC) or Alternating Current
(AC) source(e.g., AC power supply 220VAC). Similarly, VOLTAGE isanalogous
to height difference of top of water level in tank and water tap.

Voltage

Before learning about voltage, let uslearn Electric Field and Electric Potential.
Electric Field isthe region around a point charge, within which its effect can be
experienced. Electric Potential of apoint (say P) isthework donein bringing, unit
positive charge, from infinity (beyond the electric field of P) to that point (P).
Consider two points P1 and P2 with potentials V1 and V 2, respectively. If there
ispotential difference between P1 and P2, thisistermed as Potential Difference
(PD), defined asV = V1 —-V2. Another term for PD is Voltage. For the flow of
electric current through an electrical element, voltage should exist across the
terminalsof theelement. Insimplewords, voltagein electrical systemistheability
of the energy source (cell, battery, generator, etc.) to produce a current. Voltage
is measured in Volts and is represented by letter *V’ in electrical circuits and
calculations.

Most of the modern day sound/recording equipments operate on DC voltage
sources, obtained either from dry cellsor by converting from AC mainsvoltage.
Emphasis, in this lesson, has been limited to DC voltage sources for easy
understanding.

Current

Current isanalogousto water flow in the example. Before defining current et us
know its genesis. We experience existence of electric charge many timesin our
daily life. If you rub surfaces of ebonite, glassor even acomb, it acquireselectric
charge. Try rubbing acomb for sometime against your hair, the comb can pick up
small pieces of paper. If you watch an aircraft landing in dark, a flash will be
observed near the wheels. All these are exampl es of charge acquired on surfaces
due to friction. The flash observed is due to the flow of charge. Thus, we can
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definethe conventional Current astherate of flow of charge (positive) per unit of
time. 1 Ampere of current is flow of 1 Coulomb of charge per second. Unit of
current is Ampere and is represented by letter ‘I’ in electrical circuits and
calculations. Smaller units such as mA (1milli Ampere =1/1000 A) are most
commonly used in electronic circuits.

The magnitude of the electric current depends not only upon the electromotive
force but also upon the nature and dimensions of the path through which it
circulates. The magnitude of current flowing through a ssmple circuit can be
determined by use of amost important and basic law called as OHM’ S LAW.

Ohm’slaw statesthat the currentinaDC circuit variesin direct proportion to the
voltage and isinversely proportional to the resistance of the circuit. (The term
resistance is analogous to the opposition offered to the movement of water flow
by pipes, bends etc.) Resistance is represented by a letter 'R’ and its unit of
measurement in electrical/electronic circuitsis Ohm (€2).

Mathematically, thislaw can be expressed as
Current = Electromotive force/Resistance

Using the symbols I, V and R to represent current, voltage and the resistance
respectively, Ohm’slaw can be written as:

I=V/IRorV=1xR

Example: If 1voltisapplied acrossaresistor of 1 ohm, acurrent of LAmperewill
flow through thisresistor.

Notethat thislaw not only holdsfor acompletecircuit, but can be applied for any
part of acircuit provided careistaken to usethe correct valuesfor that part of the
circuit.

Note:

1. Conventional current isconsidered to bein adirection oppositeto the flow of
electrons.

2. Electric current flows through a path if path is part of aclosed loop with an
independent supply source.

INTEXT QUESTION 5.1

1. Arecording equipment operateson 12V Battery. If the net resistance offered
by the recording equipment is 300 ohms (resistive), how much current is
likely to flow through the equipment. Answer briefly in the space provided
for the purpose.
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5.4 COMPONENTSUSED IN ELECTRONIC
CIRCUITS

Components used in electronic circuits can be broadly categorized in following
two ways:

(&) Passivecomponents— Resistors, Inductors, capacitors, diodes, thermistors,
varistors and transformers are examples of passive components. Passive
components are those which do not produce or amplify A.C. signals.

(b) Active Components—Active components are those componentswhich can
generate or amplify A.C. signals. It isimportant to notethat power of amplified
AC Signal at the output of an electronic amplifier is not generated in the
device but is drawn from D.C. power supply. The example of active
componentsare Bipolar Junction Transistors (BJTs), Field Effect Transistors
(FETS) , Operational Amplifiers, Analogue ICs and Digital ICs. Integrated
Circuits (1Cs) are devices which integrate thousands of resistor, capacitors
and transistors etc. to perform a desired function.

5.4.1 Passive Components

1. Resistors

Resistors provide means of controlling voltage and / or current in a circuit.
Resistorsaretypically used in electronic circuitsto;

1. Establish biaspotential and current for proper operation of transistorscircuits.

2. Convert collector or emitter current of atransistor into corresponding output
voltage.

3. Toprovide apreset level of attenuation.

Electrical characteristicsof aresistor aredetermined largely by material used and
itsconstruction. Whileselecting aparticul ar typeof resistor following parameters
need to be considered:

(i) Denomination of aresistor in terms of Q (Ohm), kQ (Kilo-ohms), or MQ
(Megaohms) etc.

(i) Its desired accuracy or tolerance (i.e., maximum permissible percentage
deviation from circuit design value). Resistors with tolerance of +/- 2% or
less aretermed as close tolerance resistors.

(iif) Its power rating (which must be equal to or greater than the maximum
expected power dissipation)
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(iv) Its temperature coefficient (expressed in ppm (parts per million) per unit
changein temperature.)

(v) Itsstability (expressedintermsof long or short term percentage variation of
resistance value under specified physical and electrical conditions).
Manufacturers usually specify it to be of “High Stability” if resistance is
stable.

(vi) Thenoise performance (expressed as equivalent noise voltage generated by
resistor under specified physical and electrical conditions). Manufacturers
usually specify it to be of “Low Noise” if itisso.

High stability, low noise and close tolerance resistors are required in critical
applicationse.g. initial stages of amplifier dealing with very small level signals,
input stage of Test and Measuring Instruments (TMIs) etc.

Though high performance (i.e. high stability, low noise, closetolerance) may be
used in less or not so critical applications but it would be uneconomical to use,
since such resistors are expensive.

Aluminium clad wire wound resistors rated for 25 Watts and above should be
mounted on suitable heat sink. Its power rating should be de-rated by more than
50% if itismounted in free air.

Value of Resistors

Resistance values marked on resistors are merely aguide to its actual value. A
resistor marked 220 Q with atolerance of +/- 10% will have avalue falling in
range of 198 Q to 242 Q. In non critical application, where aresistor of say 230
Q isneeded, a220 Q with tolerance of +/- 10% will be satisfactory. However in
critical applications, aclosetoleranceresistor of 220 Q with 1% tolerancewill be
needed.

Resistors are also available in multiple series of fixed decade values (Decadic
means in ratio of 1:10:100: 1000 etc.). However, each fixed decade value is
governed by the tolerancesinvolved.

Resistorsareusually colour coded. These codes are avail ablein terms of number
of colour bands provided on the body of the resistor. Decoding the colour code
helpsin knowing the value of aresistor. In some of the specific casesthevalue of
aresistor are directly marked on its body.

SeeBox: 5.1 below for detail sof the code al ong with aspecific exampleto usethe
code.
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Box 5.1: Colour code of resistors

Colour code of resistors DIGIT COLOUR
MULTIPLIER
Colour Bands Silver 0.01
“I> GOLD 0.1
4[ —— 0 BLACK 1
N — 1 BROWN 10
2 RED 100
FIRST DIGIT 3 ORANGE 1k
4 YELLOW 10K
SECOND DIGIT 5 GREEN 100K
6 BLUE 1M
MULTIPLIER VALUE ! VIOLET 10M
8 GREY
RED = 2% 9 WHITE
COLD =5%
SILVER = 10%| TOLERANCE™
NONE = 20%
EXAMPLE:
BAND COLOUR
VALUE
FIRST BAND RED 2
SECOND BAND GREEN 4
THIRD BAND B;ACL X1
FOURTH BAND SILVER 10%
HENCE THE VALUE OF

INTEXT QUESTION 5.2

1. Inarecording equipment, it is observed that one of the resistor is burnt. The
colour bands provided on the burnt resistor are as given below:
First band = Yellow,
Second Band = Violet
Third Band = Yellow
Fourth Band = Red

Using the Colour Code provided in the Box 1 above, find the value and
tolerance of the resistor to be replaced.

Seriesand Parallel combination of resistors

In some of the cases, it is not possible to have an exact value of resistor that is
required in the electronic circuit. Exact value isthen obtained by use of seriesor
parallel combination of resistorsas showninFig. 5.1.
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RZ
1R =1/R; + 1R,
Or
R = R{R,/(Ry+R,)
A. Series Combination B. Parallel combination

Fig. 5.1: Series and Parallel combination of resistors

In seriescombination (Fig. 5.1A), theresultant value of resistanceisequal to the
sum of value of individual resistors. HareR=R;+ R,

In parallel Combination (Fig. 5.1B), Theresultant value of resistanceisgiven as
/R = 1/R1 + 1/R2

Or R= R1R2/ (Rl + Rz)

Example: A resistance of 4.9 KQ isneeded. What series combination will make
it4.9KQ.

Solution: Any of the aseriescombination of (2.2 KQ & 2.7 KQ) or (3.9 KQ,
1KQ)or (47KQ & 0.2KQ)or or (3.3KQ & 1.6 KQ) etc can be made.
However, tolerance percentage has to be taken into account provided precise
valueisrequired.

Point To Remember

Care should be taken to ensure that power dissipated in each resistor does not
exceed individual power rating of resistors.

Voltage Divider

A very common use of resistor isto providefixed potential division of voltage as
showninFig. 5.2.

in

l e o

Fig. 5.2: Voltage Divider Circuit
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Here

Vou = (RR1+ Ry) X Vi,

Pointsto Note

1. Close tolerance resistors (e.g. +/— 1%) should be used to obtain accurate
value of voltagedivision.

2. A mgor disadvantage of suchasimplevoltagedivisionisthat output voltage
will fall in case more current is drawn from the arrangement. The load
resistance appears in parallel with R, and hence effective resistance of R,
(i.,e. Ry in parallel with RL) decreases. This disturbs the voltage division
ratio Vout/Vin. To ensure that voltage division ratio remain same, RL should
be at least 10 times of the value of R,. In precision applications, RL should
at least 100 times of R,.

3. Itisimportant to note that current drawn by R; & R, in series from Vinput
sourceisnot excessive. In electronic circuit such input current will be of the
order 1 to 10mA.

Current Divider

Another important application of resistorsthat iscommonly used for measurement
of highvaueof currentiscalled current divider circuit. Here, aparallel combination
of resistors is used to divert a portion of current to another branch of circuit.
Figure 5.3 shows one such circuit.

AMMETER (1m A FSD)

Iy = 1AMPERE 1mN ! R, 1 mN

~— S ’V\NV\NV\—@ HE >

4 ¥ 999 mN COIL RESISTANCE 5 099 mny | 1 AMPERE

: A
Vin . SHUNT RESISTANCE -
R1 R

LOAD
RESISTANCE

\ 4

[ 2

Fig. 5.3: Current Divider Circuit
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Here, current through the Ammeter is given as
lout = (R/R1+Ry) x 1,

Shunt provided in parallel with Ammeter, to provide higher measuring capacity,
isan example of parallel combination of resistors.

Pointsto Remember:

1. Closetolerance resistance (+/- 1%) should be used to obtain accurate value
of current division.

2. For precision applications, R2 should be at least 100 times value of R1.

Preset Resistors

Preset resi storsenabl e adjustment of total resistancevaluewithout need to change
the resistance which requires soldering & de-soldering. Preset resistors of
followingtypearecommonly available:

e Open track presets (for horizontal & vertical mounting on PCB)

e Encapsulated carbon & Multi turn cermet type

Variable Resistors

Variableresistors, like presets are commonly availablein variety of forms.
1. Carbon track potentiometers.

2. Wirewound potentiometers.

Potentiometers are 3 terminal variable resistors. Carbon potentiometers are
availableinlinear or semi-logarithmiclaw tracks. They may beinrotary or linear/
slider form.

Sometimes, control of such potentiometers are mechanically linked together to
make identical movement of rotary shaft or slider movement. Such resistors are
called Ganged, tandem or stereo potentiometers. These are extensively used in
StereoAmplifiers.

Pointsto Remember
1. Open carrier track presets arerelatively more noisy & unreliable. So cermet
components should preferably be used.

2. Carbontrack variableresistors suffer from track wear & noise. So these should
not be used for critical application likelow noiseamplifier & for instruments
amplifiers.
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3. Logarithmic law potentiometers should be used in audio equipment for better
controls. Thisisneeded as our hearing is also logarithmic.

4. Carbon track controls should never be used for controlling regulated power
supply voltage because intermittent contact on carbon slider may result in
appearance of full input voltage at the output side of voltage regulator.

Thermistors

Thermistorsarethoseresi storswhoseresi stance changesconsiderably morewith
temperature than normal resistors. Thermistors are therefore, employed as
temperature sensing & temperature compensating elementsin electroniccircuits.
Thermistors are of following two types.

N.T.C. (Negative Temperature Coefficient) Ther mistor

Theresistance of Negative temperature Coefficient resistor decreasesrapidly as
temperature increases as shown in Fig. 5.4.

(ohms)

10004

500

Resistance

100 |

0

0 20 40 60 8  (degrees)
Temperature

Fig. 5.4: Graph showing the characteristics of NTC Thermistor
P.T.C. (Positive Temper atur e Coefficient) Thermistors

PTC thermistors, on the other hand, exhibit atypically flat value say 100 Ohms
over arangefromlow temperaturesto say 80 deg C. Astemperaturerisesfurther,
their resistance increases rapidly to values more than 10k Ohms as shown in
Fig. 5.5.

10K

5K

1K

100
Temperature

0 20 40 60 80 100 (degrees)

Fig. 5.5: Graph showing the characteristics of a PTC Thermistor
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Voltage Dependent Resistors (Varistors)

Varistors are those resistors whose resi stance decreases on applying increasing
voltage. Fig. 5.6 showstypical characteristics of avaristor.

Resistance (Ohms)
A
100

50

10

0 2
0 2 4 6 8 10 12 14

Voltage
(Volts)

Fig. 5.6: Graph showing the characteristics of a Varistor

Varistors are used to suppress high voltage transients borne in AC mains due to
switching On/OFF of inductive loads like motors ,transformers etc. VDRs are
also used in D.C. Power supply to protect against application of high voltage to
sensitiveelectroniccircuits.

Capacitors

Capacitorsarepassivecomponentswhich storeenergy inelectricfield (1/2 CV?).
These components do not dissipate energy like resistors. Typical applications of
capacitorsinclude:

1. Working asenergy reservoir & smoothing circuitsin DC power supply
2. Coupling AC signals between different stages of amplifier
3. Decoupling power supply from one stage of amplifier to another.

Electrical characteristicsof capacitorsaredetermined by physical dimensionand
type of dielectric material used in the capacitors. The capacitors are therefore,
classified according to the type of dielectric used such as paper capacitors or
ceramic capacitors. Both fixed and variable capacitors are commonly used in
electroniccircuits.

The capacitors are represented by a letter ‘C’ in circuit drawings. The actual
measurement of capacity of acapacitor istermed asits' capacitance’. The unit of
capacitanceisthe‘Farad’ and isexpressed asC = Q/V, whereCisinfarads, Qis
inthe charge of coulombsandV isinvolts. Thefarad isarather large unit, sowe
use smaller units such as microfarad (=107 of afarad) or picofarad (=1071? of a
farad).
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Seriesand Parallel combination of capacitors

Notes In order to get arequired val ue of acapacitor asper circuit design, both seriesand
parallel combinationsare commonly used.

A. CAPACITORS IN SERIES
1/C = 1/C1 + 1/C2
or
C = C1 C2/C(C1 + C2)

B. CAPACITORS IN PARALLEL cl
c=Cl+C2 —
— c1 [

Fig. 5.7: Series and parallel combination of capacitors

Asmay be seenin Figure 5.7, the resultant capacitance of two capacitors Cland
C2in seriesisexpressed as

1/C=1/C1+1/C2 orC=C1C2/(CL+C2)

In case of parallel combination, itisexpressedas C=Cl+ C2

Following factors should be considered, while selecting a capacitor, for a
particul ar application:

(@)
(b)

(©)

(d)

(€)
(f)

Required value of capacitor (infarad, micro farad, nanofarad, picofarad etc.)
Required voltage rating (i.e. maximum voltage that can be applied without
falingit)

Accuracy or tolerance of capacitor (expressed as max. percentage variation
fromitsspecified value)

Stability of capacitor (expressed in long term or short term %age variation
of capacitive value under specified physical & electrical operating conditions)

Temperature coefficient (expressed asvariationin ppm per unit temp change)

Leakage current (flowing in dielectric at rated DC voltage at a given
temperature). Alternatively an insulation resistance (ideally infinite) is
specified. Thisisresistance measured between capacitor plates under given
set of physical & electrical conditions.
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Pointsto Remember
Pleasekeepinmind following pointswhile sel ecting/using capacitorsfor different

applications.

1. Itisimportant that capacitor isoperated at voltage well below their nominal

maximum working voltage.

2. Sinceworking voltageisarelated to operating temperature, capacitor should

be de-rated for working at higher temperatures.
54.2 ACTIVE COMPONENTS

1. Transistors

Transistorsfall intwo main categoriesi.e.

1. BJTs—Bipolar Junction Transistors
2. FETs-Field Effect transistors
They are aso classified according to semiconductor material usedi.e.

Silicon transistors and Germanium transistors

Transistors are also classified according to their field of application;

1. Genera purpose application

WD

Audio frequency application
Radio frequency application
Switching application

L ow Frequency
High frequency
Power
Switching

Low noise

High voltage

Drivers

Box: 5.2: Glossary used with transistors
Glossary generally used whilereferring to transistors:

. for audio frequency applications typicaly below 100

kHz.

. for RF applications (typically 100 kHz or higher)
. Transistors operating at significant power levels. Such

transistorsarefurther sub dividedinto AF power typeor
RF power type.

. Transistorsdesigned for switching applications.
: Transistors which have low noise characteristics & are

intended for low level signal applications.

: High voltage transistors are designed for use with high

voltage DC.

. Transistorsoperating at medium power & voltagelevels

as penultimate stage of apower amplifier.
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Transistor Codes
Transistor codes have either

() 2letters& 3figuresfor genera purposetransistors OR
(b) 3letters& 2 figuresfor special purpose transistors

First letter denotes type of semiconductor material used

A —indicates Germanium semiconductor material

B —indicates Silicon semiconductor material

Second | etter denotes applicationi.e.

C —for Low power, low frequency applications

D —for High power, low frequency applications

F —for Low power, high frequency applications

L —for High power, high frequency applications

The third letter does not have a particular significance in case of transistors for
special applications. For example

Transistor AF 115 is a general purpose Germanium transistor for low power &
high frequency applications.

Transistor BC 108 is a genera purpose Silicon transistor for low power & low
frequency applications

Transistor BFY 50 is a specia purpose Silicon transistor for low power high
frequency applications.

Bipolar Junction Transistors(BJTS)

Bipolar Junction Transistors (BJTs) comprise of PNPor NPN junctions made up
of either doped Germanium or doped Silicon material. In both cases, electrodes
arelabelled ascollector, base & emitter. Silicontransistorsaremuch morewidely
used than Germanium transistors in majority of applications. This is because
Silicon transistors do not suffer from the problem of “thermal run away” (see
notel) as much as Germanium transistors. Therefore you may find very few
Germanium transi stors being used now-a-days.

E (emmiter) C (collector) E (emmiter) g C (collectof)
N |P| N PIW| QF
Z

| B (base) | B (BASE)
NPN Type Transistor PNP Type Transistor

N\

Fig. 5.8: Basic junction design configuration of NPN and PNP type of Transistors

Sound Technician




Audio Electronics

Collector C (collector)
Notes
Base B
(Base)
E
B
Emitter E (emitter) C
npn pnp Typcal tansfermar

Fig. 5.9: Symbolic representation of NPN and PNP Transistors

Figures5.8 and 5.9 show basic construction & symbolic representation of NPN &
PNP transistors. Base region of both types of transistors (i.e. NPN & PNP) is
made very thin so that electrons or holes are swept away across the base region
resulting in very small base current. Therefore base current isvery small (say 1/
100 of emitter current). Thus small base current controls 100 times more current
in emitter or collector circuit. Thisformsthe basis of control or amplification of
a larger current (emitter current or collector current) by a much smaller base
current (say 1/100 of emitter current).

Please note that flow of current (conventional) is from collector to emitter in
cased of NPN transistor & from emitter to collector in case of PNP transistors.
Thisisin opposition to the flow of electrons

Note 1: Intransistors reverseleakage current increases astemperaturerises. The
increased reverse leakage current resultsin more heat dissipation & still higher
temperature. This cycle continues & results in phenomenon known as “thermal
runaway” . Thisresultsinimproper operation of transistorscircuit & may result
in damage of the transistor deviceitself.

2. Field Effect Transistors

Field effect transistors (FET) may be divided into two main categories, namely
junction and insulated gate. Basically ajunction FET isasdlice of silicon whose
conductance is controlled by an electric field acting perpendicularly to current
path. Thiselectricfield resultsfrom areversed-biaspn junction and because of the
importance of thistransversefield thedeviceisnamed asField Effect Transistor.
FETsarebasically of two types namely MOSFET (Metal Oxide Semiconductor
Field Effect Transistor) and JFET (Junction Field Effect Transistors). Because of
differenceintheir performance characteristicsthey are used for different specific
circuits.

Oneof themain differencesbetween ajunction FET and aconventional transistor
isthat for the former current is carried by only one type of carrier, the majority
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carriers. In the case of alatter both majority and minority carriers are involved.
Hence the FET is sometimes referred to as a Unipolar Transistor while the
conventional typeiscalled aBipolar Transistor.

Another important difference is that the FET has high input impedance, while
ordinary transistorshavelow input impedance. Because of this, FETsarevoltage
operated as opposed to current operated bipolar transistor.

The electrodes of FET are named as* Source’, ‘ Gate’ and ‘Drain’. The symbolic
circuit representation of FET isshown in Figure 5.10 below.

Drain

E Body
Gate

Source
n-channel MOSFET

Fig. 5.10: Symbolic representation of a Field Effect Transistor (FET)

INTEXT QUESTION 5.3

State whether the following statementsare True or False. Write T or Fin the box
provided against each statement.

(@) Resistance of amaterial always decreasesif the temperature of the material

is decreased. []
(b) Inanéelectriccircuit electronsflow from apoint of lower potential to apoint
of higher potential. [1]
(c) Any amount of current can be passed through afuse wire provided that the
heat is dissipated before the wire melts. []
(d) Inboth NPN and PNP transistors, current flowing through the base is very
small as compared to Collector or Emitter. [1]
(e) FET isaUnipolar device. []

5.5 INTERFERENCE

Whilelistening to radio programmes, you might have observed that the quality of
the recorded message/song you are listening may not be good. It may be noisy or
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may even be suffering from unwanted interfering signals. Sometimesit may beso
annoying that you may be forced to change the radio channel. Any interfering
signal or stray pick up constitutes a form of noise. Here the spectrum and
amplitude characteristics depend on the interfering signal. For example, 50 Hz
pickup from power supply circuit has a sharp spectrum and constant amplitude
whereascar ignition noise, lightning, and other impulsiveinterferencesare broad
in spectrum and spiky in amplitude. Other sources of interference are radio and
television stations, electrical equipment, motors, fans and switching regulators
etc. Many circuits, aswell asdetectorsand even cables, are sensitiveto vibration
and sound. These are called microphonic noises.

Sources of I nterference

e In electronic circuits, the noise can be due to thermal noise produced by
resistors, transistors and other components.

e Carbon potentiometers after along use may give crackling noise.
e Thetransistorsused in amplifiers may not be of low noise characteristics.

e Interfering signals can enter an electronic instrument (for example, a tape
recorder) through the power- line inputs or through signal input and output
lines.

e Bad or loose connections, especially at the connector points usually pick up
theradio frequencies.

e Use of unshielded cables and unbalanced circuits are common sources, for
picking up interfering signals.

e Sometimes, eventhe crosstalk, between L eft and Right channel s of the stereo
system, is also asource of interference.

Eliminatinginterference

Numerous effective tricks have been evolved to handle most of these commonly
occurring interference problems. Many of these noise sources can be controlled
by careful design, selecting of proper components, shielding and filtering.

5.6 EARTHING PROBLEMS

Inthe preceding section, you havelearnt that theinterfering signal's, 50 Hz pickup
(power supply hum), and signal coupling viapower suppliesand ground pathscan
turn out to befar greater practical importance than the noi se sources generated by
discrete components like resistors and transistors. All these problems are due to
bad earthing and are commonly referred as‘ earthing’ problems.
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Eliminating of Earthing Problems

e Theseinterfering signalscanal bereduced to aninsignificant level with proper
layout and construction, earthing and extensive electrostatic and magnetic
shidding.

e A good low resistance separate earth electrode (Earth Pit) may be provided
for Audio equipments as close to the building as possible.

e All the audio equipments should be connected to this earth pit by copper
straps of sufficient thicknessto have low resistance path.

e Thelengths of these copper straps should be as small as possible.
e Separate earth straps should be used for each equipment.

e Ensure good and permanent connection at all the junction points.
e Audio earths should not be looped with power and RF earths.

e Usegood quality shielded cablesfor audio interconnection between various
equipments.

e Ensure the connections at the connectors are well soldered and not loose.

5.7 CARRY OUT ADJUSTMENTS

Recording of programmes by use of recording equipmentsisahighly skilled job
which is mastered only by practice. Controls provided on various types of
equipmentsareto beadjusted for proper alignment of audio signals. Manufacturers
of equipmentsusually specify certain controlsand commandsfor initial alignment
and calibration. Suchinstructionsand guidelinesmust befollowed. For example,
adigital recorder may requirealow level input signal than an analogue recorder.
Every equipment isspecified for itsminimum and maximuminput level. Deviations
from these minimum and maximum input levels may deteriorate the quality of
programmes.

Thefeeding of audio signalsfrom one equipment to the next isusually controlled
by volume control s (faderscommonly calledinaudio consoles). Thisarrangement
isshowninFig. 5.11.

M

Signal in

Signal out

Volume R,

(Adjustable)

Fig. 5.11: Schematic drawing for audio signal level control
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Asmay beseeninFigure5.11, output signal to next stageiscontrolled by variable
resistor R2. In case of stereo recordings, volume controls of both left and right
channels are ganged to have equal alignment levels of both lines.

Similarly VU (volume Units) meters or PPM (Peak Programme Meters) are
provided on consoles and recorders to know the exact input/output levels.

TERMINAL QUESTIONS

1. A moving coil meter, with 1 mA FSD (Full Scale Deflection) and 200 2 coil
resistance is required to read 1A. Determine the value of shunt resistance
required. (Refer Fig. 5.3 for circuit drawing)

2. Withreferenceto Figure 5.12, calculate the following values:
(i) ResistancebetweenterminasB& C
(i) Resistance betweenterminalsA&C
(iii) Total current flowing through the circuit
(iv) Voltage drop from A to B point
(v) Voltagedrop acrossB & C

(vi) Currentin 3 Ohm resistor

2 Ohm

A MWW B C
L]

B.8 Ohm
3 Ohm
+° 12 Volt 5
Supply
Fig. 5.12

5.8 WHAT HAVE YOU LEARNT

Inthislesson, on basic electronics, you havelearnt the basic concepts of voltages
and currents as applicable to recording equipment. Modern day recording
equipments operate on DC voltage sources, obtained either from dry cellsor DC
supplies obtained from AC mains voltage (220 VAC). Rate of flow of positive
charge per unit of time is called conventional current. Magnitude of current
through acircuit or part of it, can be determined by use of Ohm'’slaw. According
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to thislaw, current in aDC circuit is directly proportional to its applied voltage
and inversely proportional to the resistance of the circuit.

All electronic circuits are made up of passive components (resistors, capacitors,
diodes and thermistors etc.) and active components (transistors, ICsetc.). These
circuits can be analysed if the properties and functions of components are
understood. M ethod of seriesand parallel combination of resistorsand capacitors
helps usin finding a suitable combination if the exact replacement of adesired
value is not available. By use of colour code, the value of a resistor can be
determined easily. Some circuits operate on different supplies. Voltage divider
circuits help in providing the desired voltages from the available DC supply
source.

Any unwanted signal, getting mixed with wanted signal, istermed asinterfering
signal. Thisinterfering signal can bedueto circuit noise generated by components,
RF pickup from aradio transmitter or power hum fromAC mains. Many of these
noise sourcescan be controlled by careful design, selecting of proper components,
shielding andfiltering. By taking necessary steps, like earthing of equipmentsby
providing low resistance pathsto nearest earth el ectrode and use of good quality
shielded cables, the problems due to bad earthing can be solved. Necessary
precautions and stepsto be taken while carrying out adjustments and alignments
have al so been described.

5. 9ANSWERSTO IN-TEXT QUESTIONS

5.1

According to Ohm’slaw current flowing through the circuit = Voltage Applied /
Resistance of thecircuit. Therefore, Current | = 12/300 Ampere = 12X 1000/300
MA=40mA

5.2

Using the colour code we can find its value as follows:

First band = Yellow =4

Second Band =Violet =7

Third Band (multiplier) = Yellow = X 10K

Fourth Band (Tolerance) = Red = 2%

Hence the Value of Resistor is=47 x 10K=470 K with tolerance of +/- 2%

5.3
@ [F] (D) [T] (©) [T] (d) [T] (&) [T]
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5. 10 ANSWERS TO TERMINAL QUESTIONS

1.

(i)

(iii)

(iv)

(v)

(vi)

(Refer Figure 5.3 for circuit drawing)

Let shunt resistancevaluebe R1Q. Sincecoil resistanceis200 Q. Therefore
R2is200 Q. Since Full Scale Deflection of meter is ImA, therefore lout =
1mA.

Now, Since

lout= (Ry/Ry+Ry) X Iy

Therefore, ImA = (R4/R;+200) x 1000mA

Therefore, R1+200 = 1000 R1

Therefore 999R1 = 200

Therefore R1 (Shunt Resistance) = 200/999 = 0.2 Q (approx).

You must note that, R2 is coil resistance and not some individual discrete
component.

Resistance between B& C. Usingtheformulal/R=1/R1+1/R2, weget 1/R
=% +1/3 = (2+3)/6 =5/6 or R = 6/5 = 1.2 Ohm

Resistancebetween A& C = Resistance between A& B +Resi stance between
B&C=3.8+1.2=50hm

Total currentincircuit = Voltage between A & C/ Resistance betweenA & C
=12V/50hm = 2.4 Ampere

Voltage drop from A to B = Current flowing between A& B x Resistance
between A&B =2.4x 3.8=9.12V

Voltage drop across B& C = Voltage across A& C — Voltage acrossA& B =
12Vv-9.12v = 2.88 V

Currentin 3 Ohmresistor = VoltageacrossB& C/Resistance=2.88/ 3 =0.96
Ampere
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MICROPHONES

6.1 INTRODUCTION

Inthepreviouslessonsyouwereacquai nted with princi plesof sound, soundtechnol ogy,
digital vsanaogetc. Youlearnt about theimportance of acoustics.

Inthislesson, youwill learn about themicrophones, their classificationetc. Alsoyou shall
learn about themaj or differencesbetween dynamicand condenser microphonesalong
withkey considerationswhilesal ecting aparticular typeof microphone.

6.2 OBJECTIVES
After studyingthislessonyouwill be ableto:

e Definesmicrophoneand explain thefunctioning and working of microphones.
e Identify and explainthedifferent typesof microphones.
e Categorizethemicrophoneshbased ontheir polar patterns.

6.3 CONCEPT

Themicrophones (mic or mikein short) and the speakersare very common audio
equipment. You seethemnot only in public meetingsand conferences, you comeacross
them even when you useyour phone. Thework of amicrophoneand aspeaker are
oppositeof each other. A microphone convertssound vibrationsinto el ectrical entity
(voltage/current) whileaspeaker convertsthevoltage/ current into soundvibrationsby
moving thediaphragm of the speaker and producingvibrationsintheair. Basically a
microphone has a diaphragm which moves when sound pressure pushesit. This
movement can beconvertedinto proportiona voltageusingseverd possibletransducers.
Here, atransducer isadevicewnhichreceiveselectrical, mechanical or acousticwaves
fromonemediumand convertsthemintore atedwavesfor asmilar or different medium.
Thus, it can be said that amicrophone (mic) isatransducer that convertsacoustical
sound energy into el ectrical energy. Itsbasicfunctionisthereforeto convert sound
energy into el ectrical audio signalswhich canbeusedfor further processing.
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6.4 CLASS FICATION

Wecan classify themicrophonesbased on contructiory directivity asshownbe ow: Notes
Microphones
On the basis of
Construction/type of Pick up or directionality
transducer used properties
(@ Condenser Microphone (@ Omni-directiona

(b)
©
(d)
©
(f)
)
(h)

(also capicitor/electrostatic microphone) (b) Unidirectional

Dynamic microphone (c) Bidirectional

Ribbon microphone
Carbon microphone
Piezoel ectric microphone

Fiber optic microphone
Laser microphone

MEMS (Micro electrical mechanical sysstem

6.4.1 Microphones based on type of transducer /construction

1. Condenser Microphonecalled asCapacitor Microphoneor Electrostatic
Microphonealso, ismade up of two parallel very thin plates, positively and
negatively charged respectively. The diagram 6.1 below shows acondenser
microphone.

Sound waves Current

e+ttt +

An\wplifier

[\

Backplate

Fig: 6.1: Condenser microphone
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It hasa very thin digphragm of thickness 1 to 10 micrometers. One micrometer
(or micron) isonemillionth of ameter or onethousandth of amillimeter. Closeto
this plate (metallic or metalised plastic) standsanother metallic platewith holes.
These 2 platesact aselectrodesand are kept at opposite polarities by supplying
D Ctobehave asacondenser, they should beinsulated from each other. When
sound wave pushesthediaphragm, it vibratesand the cgpacitance of the condenser
(or capacitor) changes. Thisisbecause the capacitanceisproportional tothe
potentia differenceandinversaly proportiona to the separation betweentheplates.
Any changein the separation changesthe capacitance. The capacitanceisaso
dependent upon the medium but asthe medium here remainsthe same, sowe
ignorethisparameter. Thevaluesof theres stance and the capacitance are chosen
suchthat the changeinvoltageisimmediately reflected inthevoltage acrossthe
resistancein series. Any changein sound leadsto change of the capacitanceand
leadsto voltage change. Thevoltageisfed to an amplifier toamplify thelevel of
thesignal. Condenser microphoneswereinventedin Bell Labsin 1916.

DynamicMicrophone: workson the principle of e ectro-mechanica induction.
Thistypeof microphoneiscalled moving coil microphonedso. Hereavery small
coil isused whichisattached to adigphragm and suspended inamagnetic field of
amagnet asshowninthediagram: 6.2 below. When sound wavesimpingeonthe
diaphragmit vibrates and attached coil moves. Thismovement of thecoil insde
themagneticfield producesaemf acrosstheterminasof thecoil. The current so
produced inthecoil isin proportionto the sound.

Magnet

N VI
R
N

|
L CURRENT
SOUND WAVES 7

NSSNNNNNNNN

N
\
N

DIAPHRRGM

Fig. 6.2: Dynamic microphone
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Ribbon Microphone: A ribbon microphone usesacorrugated ribbon made of
ametal issuspended inamagnetic field as shown inthe diagram: 6.3 bel ow.
Sound causestheribbon to vibrate. Thismeanschangein magnetic flux through
theribbon. Thisinducesan e ectric current which drives aspeaker. When this
current isflown through acoil attachesto diaphragm of the microphone, the
diaphragmvibratesand produces sound. Special material sdevel oped using nano
technol ogies are being used to makeribbonsthat will belight but strong. Being
light improvesthe responseto sound. Theribbon microphone senses pressure-
gradient and not just pressure. Therefore, it detects sound from both sides.

Magnet
y
/7 Pole Pieces
Ribbon output )
Connections FIeX|k_)|e _
Aluminum ribbon

¥— Magnet

Fig. 6.3: Ribbon microphone

Carbon micr ophoneisa so known asacarbon button microphone (or sometimes
just abutton microphone), use acapsule or button containing carbon granules
pressed between two metal plates.

Piezoel ectric micr ophone usesthe phenomenon of piezod ectricity—theability
of somemateriasto produce avoltage when subjected to pressure—to convert
vibrationsintoanelectrica sgnd.

Fiber optic microphoneconvertsacousticwavesinto e ectrica sgnalsby sensng
changesinlight intensity, instead of sensing changesin capacitance or magnetic
fieldsaswith conventiona microphones

L aser microphonesare often portrayed in moviesas spy gadgets, becausethey
can be used to pick up sound at adistance from the microphone equipment.

MEM S (Micro Electrical-Mechanical System) microphoneisalso called a
microphonechip or silicon microphone. The pressure-sensitivedigphragmisetched
directly into asilicon chip by MEM Stechniques, and isusually accompanied
withintegrated preamplifier.
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6.4.2 Microphone Classification based on Polar Patterns

A microphone sdirectionality or polar patternindicateshow sensitiveit isto sounds
arriving at different anglesabout itscentral axis. Somemicrophonedesignscombine
severa principlesin creating thedesired polar pattern. Generally the pick up pattern/
Polar pattern of microphonesfall infollowingthreecategories:

() Omni-directiona
(i) Uni-directiond
(i) Bi-directiond

(i) Omnidirectional

AnOmni directiond (or non-directiond) microphone sresponseisgenerally considered
tobeaperfect sphereinthreedimensionsasshowninthediagram: 6.4 below. Inthe
real world, thisisnot the case. Aswith directional microphones, thepolar patternfor
an“omnidirectional” microphoneisafunctionof frequency.

Fig.6.4: Omni directiona
(i) Unidirectional
A unidirectiona microphoneissenstivetosoundsfromonly onedirection. Thediagram
6.5 below showsaphoto and Diagrams6.7 to 6.11 illustratesanumber of these

patterns

Fig. 6.5: University Sound US664A dynamic supercardioid microphone
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Themost common unidirectional microphoneisacardioid microphone, so named
becausethesensitivity patternisacardioid. A cardioid microphoneiseffectively a

superposition of an Omni directional and aFig. 6.8 microphone; for sound waves Notes
coming fromtheback, thenegativesignal fromtheFig. 6.8 cancelsthepositivesignal
fromtheomnidirectional € ement, whereasfor soundwavescomingfromthefront, the

two add to each other.

Fig. 6.6: Bi-directional Fig. 6.7: Subcardioid

Fig.6.8: Cardioid

Fig. 6.10: Supercardioid Fig. 6.11: Shotgun
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A hyper-cardioid (Fig6.9) microphoneissimilar, but withadightly larger figure-8
contribution leading to atighter areaof front sensitivity and asmaller lobe of rear
sengitivity. A super-car dioid microphoneissimilar toahyper-cardioid, exceptthereis
morefront pickup andlessrear pickup. Whileany pattern between omni andFig. 6.8
ispossibleby adjusting their mix, common definitionsstatethat ahypercardioidis
produced by combiningthemat a3:1 ratio, whilesupercardioidisproducedwitha5:3
ratio Shotgun

Fig. 6.12: An Audio-Technica shotgun microphone

Shotgun microphones(Fig6.12 above) arethemost highly directional. They have
smdll lobesof sengitivity totheleft, right, and rear but aresignificantly lesssensitiveto
thesideand rear than other directional microphones. Thisresultsfrom placingthe
element at the back end of atube with slots cut along the side; wave cancellation
eliminatesmuch of theoff-axissound. Duetothenarrownessof their sensitivity area,
shotgunmicrophonesarecommonly used ontelevisionandfilmsets, in stadiums, and
forfieldrecording of wildlifeetc.

(iii) Bi-directional

“Figure6.8” or bi-directiona microphonesreceivesound equally from both thefront
and back of theelement. M ost ribbon microphonesareof thispattern. Inprinciplethey
donot respondto sound pressureat al, only tothechangein pressure between front

and back; sincesoundarrivingfromthesi dereachesfront and back equally thereisno
differencein pressureand thereforeno sensitivity to sound fromthat direction.

INTEXT QUESTIONSG6.1

1. A microphone(mic) isatransducer that convertsacoustical ....... energy into
electricd energy

(& sound (b) noise (c¢) mechanicd. (d) Kinetic
2. Condenser microphonewasinvented at Bell Labsin......
(@ 1917 (b) 1916 (c) 1918 (d) 1919
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3. A microphon€e sdirectionality or polar patternindicateshow sengitiveitisto

@ ligt (b) wind (0 sound (d) energy

4. A unidirectiond microphoneissenstivetosoundsfrom........ direction/directions

(@ one (b) b (© muf (d) corner

5 . microphonesarethemost highly directional
(& Ribbon (b) Carbon () Cadiod (d) Shotgun

6.5 FACTORSTOBE CONSIDEREDWHILE
SELECTING MICROPHONES

Selecting onappropriatetypeof microphoneisanimportant factor to control noiseand
produce quality sound. Factors which should be considered before selecting a

microphoneare;

() I'mpedance: Generally, resistanceisconsidered for circuitswidth dc source. In
case ac supply isused and circuit containsinductor and capacitor in additionto
resstors, impedanceiscons dered. While sel ecting microphonesimpedance has
involvement of frequency factor. Thelength of the cable used for microphone
variesasper theimpedance needed for aparticular circuit or load. Inmost of the
casesthewireimpedanceiskept low to increasethe length of the cablefor mic

system.

(i) Frequency response: Frequency responseisamicrophone scapability to service
high and low frequency sounds, Ideadlly, quality microphone can receive

frequenciesranging from 20to 25,000 Hz.

(i) Pick up pattern: Thisrefersto choiceof soundfromoneor dl directions. Different

microphonesare used to cater such varied requirement.

(iv) Balanced and unbalanced microphone: Balanced microphonesare used for
professional recording purposes and they carry three wireswhile unbal anced
connection use 2 wiresi.e. central conductor carrying audio signal whileshield/

basket carrying ground wire.

(v) Sengtivity: itistheability of microphoneto pick upfaint soundsand thustermed
assengtivity Highly sensitivemicrophonesare used instudiowhileinfield, low
sensitivity based microphones are used as the chances of microphone being

affected by strong wind are higher.
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6.6 WHAT HAVE YOU LEARNT

Inthislesson you havelearnt about microphonesand fundamental principleof working
of microphone. Different types of micsbased up on their working principlewere
discussedtofamiliarizewiththebas cdifferencesof microphones. Later pickup patterns
of microphoneswerediscussed based up ontheir applications. Different micsand ther
applicationswereal so discussed.

6.7 TERMINAL QUESTIONS

1. Whatisamicrophone?

What do you understand by ribbon microphone?

2

3. Explainabi-directiona microphone.

4. Differentiate between Omni and Uni-directional microphones
5

What arethe precautionsto be taken while handing microphones.

6.8 ANSWER TOIN-TEXT QUESTIONS

1A 2.B 3.C 4.A 5.D

6.9 REFERENCES

1.  AudioProduction/Moduled/Unit 13 Certificatein Community Radio Technology
CEMCA
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LOUDSPEAKERS

7.1 INTRODUCTION

In the previous lesson, you have studied about microphones, their classification
along with working principle. As a microphone converts sound vibrations into
electrical entity (voltage/current), a speaker converts the voltage/current into
vibrationsin the air.

In thislesson, you will learn about the various categories of loudspeakers, their
working, classification and specifications etc.

7.2 OBJECTIVES

After studying this lesson you will be able to:

e define aloudspeaker.

e identify what aloudspeaker is.

e explain the working procedure of |oudspeakers
e classify the types of loudspeakers.

7.3 MEANING OF LOUDSPEAKER

Loudspeaker is an equipment that converts electrical signals/ impulses into
sound. The term “loudspeaker” may refer to individual transducers, which are
popularly known as “drivers’ or to complete speaker systems consisting of an
enclosure containing one or moredrivers. Intechnical terms, aloudspeaker (Fig.
7.1) is an electro acoustic transducer that produces sound in response to an
electrical audio signal input.

Therefore, it can be said that the loudspeaker is an equipment where the sound
chain begining with the microphone, whose signal is sent to a console or mixer,
hardware or software based for routing and then processed, recorded and isheard
through aloudspeaker.
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7.4 USES OF LOUDSPEAKERS

Notes

Primarily loudspeakers are used for following four purposes:

(@ Aural Communication : Loudspeakers have been an integral part of our
day to day life, serving the purpose of aural communication systems,
conferencing systemsetc., therefore, they perform thefunction of information
dissemination through sufficient sound level to alargeaudience/ groupina
convenient and safer way.

(b) Sound reinforcement : In various locations such as in auditoriums,
amphitheatres etc., the sound created by the voiceisnot of sufficient loudness
to be heard or understood satisfactorily, thus in those locations sound
reinforcement system can provide the acoustic gain to overcome such
problems and produce sound at sufficient level.

() Sound production : Invarious stages of musical production, aloudspeaker
can supplement recording the sounds of varioustypesof musical instruments
such as guitars, bass and keyboards etc.

(d) Sound reproduction : Sound reproduction system is required where the
recorded sound or music has to played again and again. For example, in
movietheatres, announcement systemsat railway or metro stations, recording
studios, etc.

REMEMBER

There are many factors deciding which loudspeaker is the “best”. Among
them are: frequency response, linearity, amplifier power, distortion, dynamic
range, sensitivity, polar response, and polarity; the interaction between the
room’s acoustics and loudspeaker; the loudspeaker’s placement within the
room; and how the loudspeaker is mounted.

a

Fig. 7.1: A horn loudspeaker
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DO YOU KNOW?

Johann Philipp Reis installed an electric loudspeaker in his telephone in
1861.

Alexander Graham Bell patented hisfirst el ectric loudspeaker (capable of
reproducing intelligible speech) as part of his telephone in 1876, which
was followed in 1877 by an improved version from Ernst Siemens. The
modern design of moving-coil (also called ‘dynamic’) drivers was
established by Oliver Lodge in 1898. The first practical application of
moving-coil loudspeakers was established by Danish engineer Peter L.
Jensen and Edwin Pridham, in Napa, California. Jensen was denied patents,
for years after the invention of the loudspeaker.

The moving-coil principle commonly used today in direct radiators was
patented in 1924 by Chester W. Rice and Edward W. Kellogg.

About the same period, Walter H. Schottky invented the first ribbon
loudspeaker together with Dr. Erwin Gerlach.

7.5 COMPONENTS OF LOUDSPEAKERS

A loudspeaker comprises of various parts . These are transducer, radiator,
enclosure and crossover

(@)

(b)

(©

(d)

Transducer: Anelectro-mechanical transducer containsthree elements: coil,
diaphragm and suspension. The coil converts electrical energy into
mechanical energy and the diaphragm converts mechanical energy into
acoustic energy. A suspension supports the digphragm, allowsit to movein
an appropriately constrained fashion , exerts arestoring force proportional
to displacement from its equilibrium position and provides a dampening
force proportional to the velocity of motion that serves to prevent the
diaphragm from oscillating in an undesired manner.

Radiator: A Cone type structure that help radiate sound energy at awide
angle.

Enclosure: To house the loudspeaker body and reinforce the sound signal
aswell as provide front to back isolation.

Crossover: Multi way loudspeakers incorporate crossover network which
isacollection of electrical filters each of which allows a specific portion of
the frequency spectrumto passthroughit. Thefiltered signal isthen applied
to one of the bands in the loudspeakers. The types of electrical filters used
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to execute the crossover function are low pass, high pass, and band passto
reproduce the sound in respective bands. Accordingly, using the speakers of
smaller size cone reproduce higher frequencies and are called ‘treble
loudspeakers’ While speakers with larger size cone reproduce lower
frequencies and called ‘bass loud speakers'. Rest are called ‘midband
loudspeakers'.

INTEXT QUESTIONS 7.1

Choose any one of the following:

1.

A loudspeaker isthe equipment that converts .............. into sound
(a) electrical impulses (b) magnetic impulses
(c) ultrasonic impulses (d) electro-magnetic impulses

The term “ Bass loudspeaker” may refer to a type of loudspeaker which
enhances ..........c....... frequencies

(& Tracks (b) Low

(c) high (d mid

.................. installed an electric loudspeaker in his telephone in 1861
(@ Albert Einstein (b) Walter H. Schottky

(o) Alexander G Bele (d) Johann Philipp Reis

The ...cccveee. commonly used today in direct radiators was patented in
1924,

(& moving-cail principle (b) Moving-coil galvanometer

(c) Moving-coil aerostat (d) Moving-coil magnetism

Walter H. Schottky invented the first .................. together with Dr. Erwin

Gerlach

(@) ribbon loudspeaker (b) Carbon loudspeaker

(c) silicaloudspeaker (d) magnetic loudspeaker

7.6 CONSTRUCTION OF LOUDSPEAKERS

The cone of aloudspeaker, usually made of paper, plastic or metal, isattached on
the wide end to the suspension. The suspension, or surround, isarim of flexible
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material that allowsthe coneto move, and isattached to thedriver’smetal frame,
called the basket. The narrow end of the coneis connected to the voice coil. The
coil is attached to the basket by the spider, aring of flexible material. The spider
holds the coil in position, but allows it to move freely back and forth (as shown
inFig. 7.2 and 7.3) and opened out detailsin the Fig. 7.4 and Fig. 7.5 show you
the different parts/ components of loudspeaker, their mounting and working

Frame of basket

Pole piece

Surround

Fig. 7.2 : Constructional details of Loudspeaker

Basic speaker SSTETtety Dust cap

Suspension
Basket

Fig. 7.3: Parts of aloudspeaker
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Speaker Driver
Cross Section

Cone

Front Plate
Rear Plate
—
\ Voice Coil
Vent—— Pole Piece e Dust Cap
Former
Gap—==
Magnet
Surround

Fig. 7.4: Inside components of aloudspeaker

Electrical signals
to coil

magnet l.l'.Cone

vibrate A vabrates
Magnet : / and
attached 2 makes
to cone sound

Fig. 7.5: How loudspeaker works

7.7 WORKING OF ALOUDSPEAKER

Whenever an electrical audio frequency signal isapplied to theterminals/ coil of
theloudspeaker, Fig. 7.5above, theinteraction between theforce produced by the
flow of currentinthecoil and the magnetic force of the magnet in theloudspeaker
makes the suspended body of the coil to exhibit displacement motion or vibrates
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in proportional to the strength and frequency of the audio signal. This motion of
the coil through a diaphgram and the attached cone produces vibrations in the
surrounding air converting the electrical energy into acoustical energy thus
producing high level sound waves, The loud speaker thus reproduces the sound
signal in correspondenceto theaudio signal applied whichwasinturnthereplica
of original low level sound signal.

7.8 SPECIFICATIONS OF SPEAKERS
Speaker specifications depend on -

e  Speaker or driver type

e Size

e Rated Power

e Impedance

e Baffleor enclosuretype

e  Number of drivers

e Crossover frequency

e Frequency response

e Senditivity

e Maximum sound pressure level

7.9 LOUDSPEAKER

Classification based on mounting arrangement:

1. Floor standing Speakers

Floor standing or tower loudspeakers are a set of loudspeakers which have been
mounted in avertical enclosures/boxes for floor stand as shown in Fig. 7.6.

Advantages

An extremely wide frequency response and dynamic range make floor-standers
the choice where performanceisthe primary purchasing criteria. And whilethey
tend to be large, many current models feature slender cabinets with small
footprints, minimizing placement difficulties and visual impact.

Disadvantages

When spaceis at a premium towers simply might not fit. Floor-standers should
be located 2-3 feet from nearby walls for best performance.
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Notes I

Fig. 7.6: Floor standing speaker
2. Bookshelf Speakers

Bookshelf speakers (Fig. 7.7 below) work where towers do not. These speakers
are not only more placement friendly but, since small enclosures are morerigid,
they produceless sonically degrading box resonance than all but the best towers.

Advantages

Usually modest in priceaswell assize, bookshelf speakersfit roomsand budgets
that cannot accommodate a pair of towers. The small, solid cabinets are both
versatile and able to excel in bookcases, atop shelves or hung on walls-and
feature excellent midrange clarity.

Disadvantages

Reduced cabinet volume and driver surface area limit the dynamic and bass
frequency range of bookshelf speakers, and can al so compromise power handling
and efficiency. Fortunately, the addition of a subwoofer can overcome these
problems.

Fig. 7.7: Bookshelf speaker
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3. Subwoofer/Satellite Systems

When even the smallest bookshelf speakers are too visibleto fit one’slifestyle,
a subwoofer/satellite (sub/sat) system is required. By combining pam sized
satellites with a subwoofer designed specifically to work with them, sub/sat
systems have become one of the most popular categoriesin home audio. Seefig
7.8 below.

Advantages

The big advantages here are size, placement flexibility and cosmetics. The
satellites can be placed just about anywhere, on ashelf, onthewall, in a cabinet
or on atable. Most are small enough to fit anywhere and are hard to spot when
placed alongside books and bric-a-brac.

Disadvantages

Those little satellites cannot reproduce bass of their own, making it tough to
achieve aseamless blend between satellite and sub. A sub/sat system may not be
right for a very large room to fill with sound. The other issue is bass response.
Some of the so-called subwoofersin these systems are passive.

Fig. 7.8: Subwoofer/Satellite System
4. In-Wall Speakers

For environments where box-type (tower or bookshelf) loudspeakers are
unacceptable, in-wall speakers’ flush-mount in holes cut into the walls are used
(Fig. 7.9 below). Even the area of bass reproduction can be addressed with in-
wall, in-floor and in-ceiling subwoofers. A completely invisible, no compromise
sound system can be fairly easily obtained with thistype of speaker.

Advantages

Sincethey consume no floor or bookshelf space and can be easily concealed, in-
wallswork when and where other speakerswill not. They are also useful asrear
surround speakers when the room configuration makesit impossible to properly
place box speakers.
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L oudspeakers

Disadvantages

Thesedaystherearen’t very many sincethisspeaker category hasmadesignificant
stridesinthepast few years. They can producethesamelevel of high performance
sound quality as any other type of speaker.

Fig. 7.9: In-wall Speaker

7.10 TYPESOF LOUDSPEAKERS

1.

Hor n loudspeaker s are the oldest form of loudspeaker system. The use of
horns as voice-amplifying megaphones dates at least to the 17th century,
and horns were used in mechanical gramophones as early as 1857.

Piezoelectric speaker sare frequently used as beepersin watches and other
electronic devices, and are sometimes used as tweeters in less-expensive
speaker systems, such as computer speakers and portable radios.

Magnetostrictive transducers, based on magnetostriction, have been
predominantly used as sonar ultrasonic sound waveradiators, but their usage
has spread also to audio speaker systems.

Electrostatic loudspeaker s use a high voltage electric field (rather than a
magnetic field) to drive athin statically charged membrane they are driven
over the entire membrane surface rather than from a small voice coil.

Ribbon speaker consistsof athin metal-film ribbon suspended inamagnetic
field. The electrical signal is applied to the ribbon, which moves with it to
create the sound.

Bending wave transducer s use a diaphragm that is intentionally flexible.
Therigidity of the material increases from the center to the outside. Short
wavelengthsradiate primarily from theinner area, whilelonger wavesreach
the edge of the speaker.
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Flat panel loudspeakers, most accurately called exciter/panel drivers can
be madein aneutral color and hung on wallswhere they areless noticeable
than many speakers, or can be deliberately painted with patterns, in which
case they can function decoratively.

Heil Air Motion Transducer, apleated diaphragm ismounted in amagnetic
field and forced to close and open under control of a music signal. Air is
forced from between the pleats in accordance with the imposed signal,
generating sound.

Plasmaarcloudspeaker suse e ectrical plasmaasaradiating element. Since
plasma has minimal mass, but is charged and therefore can be manipulated
by an electricfield, theresultisavery linear output at frequenciesfar higher
than the audible range.

Digital speakers have been the subject of experiments performed by Bell
Labs as far back as the 1920s.The design is simple; each bit controls a
driver, which iseither fully ‘on’ or ‘off’.

Transparent ionic conduction speaker was introduced in 2013, which is
a 2 layers transparent conductive gel and a layer of transparent rubber is
therein between to make high voltage and high actuation work to reproduce
good sound quality. The speaker is suitable for robotics, mobile computing
and adaptive opticsfields.

Thermo-acoustic speaker isbased on the working mechanism of ‘thermo
acoustic effect’. Sound frequency electrical currentsare used to periodically
heat the Carbon Nanotube (CNT) thin film of the speaker and thusresultin
sound generation in the surrounding air.

7.11 HEADPHONESY EARPHONES

Headphones/ earphones are very small size paired speakers mountable over the
head or placein the ears. These work on the same principle as aloudspeaker of
converting an electrical audio signal into sound waves. Since headphones are
worn over the ears directly, their sound is not affected by the environmental
interference from the room. Headphones help prevent feedback when live
microphones are around. These requirelow power drivers asthe output required
isnot high. These are widely used in the studios for sound monitoring etc.

There are three types of headphones:

(@ Ear bud headphones: These are mostly used with al kinds of portable

music players and mobile phones. Also known as earphones. (Fig 7.10)
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Fig. 7.10: Ear phones

(b) On ear headphones. These headphones sit on the ears rather than over
them; thusthey are smaller and lighter than over the ear models. Since they
don’'t cover the ears, ambient noisetendsto enter the ears, making it difficult
to monitor audio in critical conditions.

Fig. 7.11: On ear headphone

(c) Over theear headphones. These headphonesweretraditionally used, which
enclose whole ear thus making them comfortable to wear for long. Such
headphones are best suited for audio monitoring purposes in the studio as
well asinthefield. .(Fig. 7.12).

»

Fig. 7.12: Over the ear headphone

Sound Technician




7.12 WHAT HAVE YOU LEARNT

Inthislesson, you have learnt about |oudspeakers and their classifications based
upon the working principle and mounting arragement. The construction details
and thecomponentsof |oudspeakerswasexplained to providein-depth knowledge
about loudspeakers. L ater inthe section different typeof other loudspeakerswere
also discussed based upon their working principle.

7.13 TERMINAL QUESTIONS

1. How does al oudspeaker work?

2. What do you mean by drivers?

3. Mention the specifications of speakers

4. What are the different types of loudspeakers?

5. Discuss the advantages and disadvantages of floor standing speakers?

7.14 ANSWERSTO IN TEXT QUESTIONS
1. A 2.B 3.D 4.A S5A

7.15 REFERENCES

http://en.wikipedia.org/wiki/L oudspeaker
http:Jen.wikipedia.org/wiki/t.oudspeaker#Other driver designs
Atlen, S (2013). Audio in Media. Boston : Cengage Learning.
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4. http://electronics.howstuffworks.com/speaker.htm

5.  http://www.nyu.edu/classes/bello/fMT files/4 Loudspeaker.pdf
6

http://www.pol kaudio.com/polk-universityjarticles/speaker-types
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OTHER SOUND EQUIPMENTS

8.1 INTRODUCTION

In the previous lesson, you have studied the detail s about |oudspeakers. Now, et
us learn about the other sound equipment. In thislesson, we will cover what are
the other sound equipment arelikeamplifiersand their types, working, and other
recording and playback equi pment. Other sound equipment like CD player, DVD
Player, sound mixershavebecome part and parcel of theoverall sound system may
bein ahome or a big auditorium.

8.2 OBJECTIVES

After reading thislesson, the learner will be ableto :

e understand basics of audio recordersand DV D playersetc.
e describe pre-Amplifiersand amplifiers

explain frequency response of sound equipment

explain Total Harmonic Distortion and Signal to Noise Ratio(SNR)

8.3 PRE-AMPLIFIERS

A preamplifier (preamp) isan electronic amplifier that preparesasmall electrical
signal for further amplification or processing. A preamplifier isrequired toamplify
asignal, when the source level istoo low and hasto be pre-amplified in order to
be able for further processing, control or any other use. The short form used for
preamplifier, preamp, has become more used in spoken and written language
simply because it is shorter. Other spellings are pre amp /pre-amp and pre
amplifier /pre-amplifier.
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DO YOU KNOW?

A preamplifier measures signalsfrom sensorsor other devicesin a variety of
situations such as sound, temperature, light, movement, pressure etc. In the
equipmentsfor industrial, scientific, telecommunications, space, fiber optics
or data links, the frequency range may cover from dc up to many hundred
GHz

REMEMBER
Preamplifiersare of threetypes.
e thecurrent-sensitivepreamplifier
e theparasitic-capacitance preamplifier
e Chargesensitivepreamplifier

8.4 WORKING OF PRE-AMPLIFIERS

Voltageand Current

A pre-amplifier, or preamp, takes electrical current from a transducer and
increasesitsvoltage gainto ahigher level.

Audiosignals

Many electronic audio devices have weak audio signal output. A preamp boosts
that signal to what is called line-level. Line-level essentially means, the sound
coming though the speakers or amplifier isloud enough to be heard at the sound
systems’ nominal voltage output level or good eough to befed to main amplifier.

8.5 AUDIO AMPLIFIERS

DO YOU KNOW?

Theaudio amplifier wasinvented in 1909 by L ee De Forest when heinvented
the triode vacuum tube. The triode was a three terminal device with a control
grid that can modul ate theflow of electronsfrom thefilament totheplate. The
triode vacuum amplifier was used to make the first AM radio. Audio power
amplifiers based on transistors became practical with the wide availability of
inexpensivetransistorsin the late 1960s.
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8.6 POWER AMPLIFIER

Notes A power amplifier is an electronic device that receives an electrical signal and

reprocessesit toamplify, orincrease, itspower. Theboost in power isachieved by
significantly increasing the input signal’s voltage. A power amplifier is used to
power an output source, such as a stereo speaker, a relay or a motor. Its
applications include public address systems, theatrical and concert sound
reinforcement systemstoo.

Amplifier classification

e ClassA: Single-ended; the amplifier deviceis biased about the center of the
input signal swing.

e ClassB: Push-pull; each device conducts over half theinput signal swing.

e ClassAB: Push-pull; each device conducts over slightly more than half the
input signal swing to simplify crossover.

e Class C: Used in radio-frequency applications, the output device drives a
resonant “tank” circuit consisting of an inductor and one or two capacitors.
It conducts for only a short portion of each input cycle.

e ClassD: It'sfound primarily in audio applications—either in vehicles, where
it achieveshigh output levels, or in personal audio devices, whereitsefficiency
contributes to long battery life. In a class D amplifier, power field-effect
transistors (FETS) aredriven to produce an output square-wave that switches
between a high and low level at a frequency outside the range of human
hearing. Instead of modulating the amplitude, internal circuitry modulates
the duty cycle of the square-wave at arate corresponding to the level of the
input signal when the output isfiltered down to audio band.

Classes E and F are subsets of Class C. Classes G and H are like class AB
amplifiers, but with multiple power rails.

INTEXT QUESTIONS 8.1

1. A preamplifier isaan ................ amplifier that prepares a small e ectrical
signa
(a) electronic (b) electrica
(c) electro-static (d) magnetic

2. A pre-amplifier takeselectrical current froma................

(a) transistor (b) capacitor
(c) transducer (d) timer
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3. Theaudio amplifier wasinventedin1909 by .................

(8 CDas (b) LeeDe Forest

(c) JCBose (d) JamesWatt
4. Mostaudioamplifiersare.............. amplifiers

(@ linear (b) pardld

() modular (d) parabolic

5. A power amplifier isused to power an ..................
(a) input source (b) aternate source

(c) output source (d) external source

8.7 FREQUENCY RESPONSE

Frequency response is the quantitative measure of the output spectrum of a
system or device in response to a stimulus, and is used to characterize the
dynamicsof the system. Frequency responseisaspecification usedinamplifiers,
pre-amplifiers, CD players, tape decks and other audio components to measure
how uniformly it reproduces sounds from the lowest tones to the highest.

Expression of Frequency Response

Frequency response is usually measured within the range of hearing, from alow
of 20Hz to a high of 20kHz, although some believe that frequencies above and
below thisrange, known as wideband frequency response are equally important.
Freguency response specificationsindicate how well thedeviceremainsuniform.
For example, afrequency response specification of 20Hz-20kHz +/- 3dB indicates
that themaximum variationinlevel or volumefromthelowest to the highest tone
(frequency) will not exceed three decibels. A range of three dB is common in
frequency response specifications.

Uniform or flat frequency response is important because every instrument or
voice should be heard as originally recorded. The delicate sound of atriangle
should be heard as well as the crash of acymbal. The amplifier or other device
should not raise or lower the level of any sound from the original recording.

Nonlinear Frequency Response

If thesystem under investigationisnonlinear then applying purely linear frequency
domain analysis will not reveal al the nonlinear characteristics. To overcome
theselimitationsgeneralized frequency responsefunctions, and nonlinear output
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frequency response functions have been defined that allow the user to analyze
complex nonlinear dynamic effects. The nonlinear frequency response methods
reveal complex resonance, inter modulation and energy transfer effects that
cannot be seen using a purely linear analysis and are becoming increasingly
important in anonlinear world.

Need for Wideband Frequency Response

As you are already aware, frequency is a term used to describe tone and it is
measured in Hertz. Low tonesare known asbass, midrangetonesareintherange
of thehuman voice, and hightonesare musical instrumentssuch asacymbal. The
human ear iscapabl eof hearinglow tonesfrom approximately 20 Hertz (abbreviated
20H2z) to high tones up to 20 kilohertz (abbreviated 20 kHz). 20 Hz is very low,
deep bassand 20 kHz is probably beyond the range of human hearing. Therange
of human hearing is dependent on the health of the ear and age. As we age, our
range of hearing is reduced.

8.8 TOTAL HARMONIC DISTORTION (THD)

Total Harmonic Distortionor THD isan amplifier specification that comparesthe
output signal of the amplifier with the input signal and measures the level
differencesin harmonic frequenciesbetweenthetwo. Thedifferenceiscalledtotal
harmonic distortion.

Total harmonicdistortionismeasured asapercentage, suchas0.004% THD. This
means that the level of harmonic distortion is 0.004% of the total output signal.
Lower percentages are better.

DO YOU KNOW?

In reality, total harmonic distortion is hardly perceptible to the human ear.
Every component adds some level of distortion, but most distortion is
insignificant and small differencesin specificationsbetween componentsmean
nothing. Some components have distortion so low it cannot be accurately
measured. Listeningtoacomponent and eval uating itssound characteristicsis
the most important way to judge a product. Other considerations, such as
room acoustics and selecting the right speakers are more important than the
percentage of total harmonic distortion

8.9 SIGNAL TO NOISE RATIO (SNR)

Signal to noiseratio is a specification that measuresthe level of the audio signal
compared to the level of noise present in the signal. Signal to noise ratio
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specificationsarecommoninmany components, including amplifiers, phonograph
players, CD/DVD players, tape decksand others. Noiseisdescribed ashiss, asin

tapedeck, or simply general el ectronic background noisefoundinall components. Notes

Thesignal to noiseratioisthedifference between thenoisefloor and thereference
level. Thereferencelevel isdetermined by the person making the measurements.
For amplifiers, thereference may befull power, onevolt, and onewatt intoagiven
load or any number of other things. For you to compare two pieces of equipment
which weretested by different methods, you must know precisely what reference
was used.

8.10 RECORDING AND PLAYBACK EQUIPMENT
Turntable

Turntablismistheart of manipulating soundsand creating musi c using phonograph
turntablesand aDJmixer. Theword turntablist was coinedin 1995 by D JBabu
to describe the difference between a DJ who just plays records and one who
performs by touching and moving the records, stylus and mixer to manipulate
sound. The new term coincided with aresurgence of theart of hip hop style-style
DJinginthe1990s. John Oswald described theart: “ A phonograph in the hands
of a‘hip hop/scratch’ artist, who playsarecord like an el ectronic washboard with
aphonographic needl e as a plectrum, produces sounds which are unique and not
reproduced the record player becomes amusical instrument.” Some turntablist
DJs use turntable techniques like beat mixing/matching, scratching and beat
juggling. Some turntablists seek to have themselves recognized as traditional
musi cians capabl e of interacting and improvising with other performers,

Operation of a Turntable:
. Lift the dust cover from the turntable
. Place the record onto the platter
. Put the platter into motion

1
2
3
4. Lift or cue the tone arm
5. Lower the stylus onto the record
6

. Put the tone arm back into place when the record is over

8.11 GRAMOPHONE RECORD

A gramophone record is a type of analog storage medium. It stores recorded
music (or other sounds). It was popular during most of the 20th century.
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Gramophonerecordsare played on aphonograph (“record player”) showninFig
8.1. A gramophone record is a flat disk that is made of plastic. The sound is
recorded on avery fineline or groove which goes around and around in a spiral
from the outside edge of the disk to the center. The phonograph plays the sound
with aneedlethat touchesthegroove. A record usually hasdifferent musiconeach
side. Whenmadeof vinyl they werea soknown asvinyl records. M ost music made
in the 20th century used this format.

Gramophone

Fig. 8.1: Gramophone record player

8.12 AUDIO TAPE RECORDER

An audio tape recorder is an audio storage device that records and plays back
sounds, including articul ated voi ces, usual ly using magneti c tape, either wound on
areel or in acassette, for storage. Inits present day form, it records afluctuating
signal by moving the tape across atape head that pol arizesthe magnetic domains
in the tape in proportion to the audio signal. Figure 8.2 and 8.3 below show
cassette and spool tape recorders respectively.

Fig. 8.2: Cassettee Tapr Recorder Fig. 8.3: Spool Tape recorder
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An audio tape recorder, tape deck or tape machineisan audio storage device that
recordsand playsback sounds, including articul ated voi ces, usually using magnetic
tape, either wound on areel or in a cassette, for storage. In its present day form,
it recordsafluctuating signal by moving thetape acrossatape head that polarizes
the magnetic domainsinthetapein proportiontotheaudio signal. Tape-recording

devicesinclude reel-to-reel tape deck and the cassette deck.

REMEMBER
Earliest variant: non-magnetic wax strip recorder

The earliest known audio tape recorder was a non-magnetic, non-electric
versioninvented by Alexander Graham Bells' Voltalaboratory and patentedin
1886 (U.S. Patent 341,214

Photoelectric variant

INn 1932, after six yearsof developmental work, Merle Dust on, aDetroit radio
engineer created ataperecorder that used alow-cost chemically treated paper
tape, capable of recording both sounds and voice.

Magnetic recording

Magnetic recording was conceived of as early as 1877 by the American
engineer Oberlin smith and demonstrated in practice in 1898 by Danish
engineer Val demar Poul sen. Anal og magnetic wirerecording, and itssuccessor,
magnetic tape recording, involve the use of a magnetizable medium.

Steel wiremagnetic recorder variant

The first wire recorder was the Valdemar Poulsen Telegraphone of the late
1890s, and wire recorders for law/office dictation and telephone recording
were made almost continuously by various companies (mainly the American
Telegraphone Company) through the 1920s and 1930s.

8.13 COMPACT DISC

Compact disc, or CD for short, isadigital optical disc data storage format. The
format was originally developed to store and play back sound recordings only
(CD-DA), but was later adapted for storage of data (CD-ROM). Several other
formats were further derived from these, including write-once audio and data
storage (CD-R), rewritable media(CD-RW), Video Compact Disc (VCD), Super
Video Compact Disc (SVCD), Photo CD, Picture CD, CD-i, and Enhanced
Music. Audio CDsand audio CD playershave been commercially availablesince
October 1982. Standard CDshaveadiameter of 120 milli metres (4.7 in) and can
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hold up to 80 minutes of uncompressed audio or 700 MiB (actually about 703
MiB or 737MB) of data. The Mini CD has various diametersranging from 60 to
80 milli metres(2.4t0 3.1in); they are sometimes used for CD singles, storing up
to 24 minutesof audio or delivering devicedrivers. Figure 8.4 showsaCD player.

Fig. 8.4: AC D Player

Variations of compact discs designed for use with computersinclude CD-ROM,
CD-R, CD-RW, DVD-ROM, DVD-RAM, DVD-R, DVD+RW and Photo CD

DO YOU KNOW?

Thefirst CD recordersweremadeavailablein 1988, but were not an optionfor
the average homerecorder because, with therequisite hardware and software,
they cost upwards of $100,000. At aweight of 600 pounds, the Meridian Data
CD Professional was the first CD recorder. Today’s CD recorders typically
weigh afew pounds and can be bought for less than $300.

8.14 DVDS

DVD isadigital optical disc storagesformat, invented and devel oped by Philips,
Sony, Toshiba, and Panasonic in 1995. DV Ds offer higher storage capacity than
compact discswhile having the same dimensions.

Formats

DVD-Video is the format designed for full-length movies that work with your
television set.

DVD-ROM isthetypeof driveand discfor useon computers. TheDVD drivewill
usually aso play regular CD-ROM discs and DV D-Video disks. Fig. 8.5 below.
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Fig. 8.5: ADVD

DVD-RAM isthewriteable version.

DVD-AudioisaCD-replacement format.

8.15 RECORGING AND EDITING SOFTWARES

Audacity isafree, easy-to-use, multi-track audio editor and recorder for Windows,
Mac OS X, GNU/Linux and other operating systems. Theinterfaceistranslated
into many languages. You can use Audacity to:

Features of Audacity

e Recordliveaudio.

e Record computer playback on any Windows Vista or later machine.
e Convert tapes and records into digital recordings or CDs.

e Edit WAV, AIFF, FLAC, MP2, MP3 or Ogg Vorbis sound files.

e Cut, copy, splice or mix sounds together.

e Change the speed or pitch of arecording.

e Import and Export Import sound files, edit them, and combine them with
other files or new recordings. Export your recordings in many different file
formats, including multiplefilesat once. Import and export WAV, AIFF, AU,
FLAC and Ogg Vorbisfile

e Sound Quality Supports 16-bit, 24-bit and 32-bit (floating point) samples
(thelatter preserves samplesin excess of full scale). Sampleratesand formats
are converted using high-quality resampling and dithering..Tracks with
different sample rates or formats are converted automatically in real time
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8.16 WHAT HAVE YOU LEARNT

Notes

A preamplifier (preamp) is an electronic amplifier that prepares a small
electrical signal for further amplification or processing.

e AnAudioamplifier can be classified into many classes depending upon the
class of operation likeA,B,AB,C,D,Efand G

e Frequency response is the quantitative measure of the output spectrum of a
system or device in response to a stimulus, and is used to characterize the
dynamicsof the system.

e Frequency responseis usually measured within the range of hearing, from a
low of 20Hz to a high of 20kHz

e Total Harmonic Distortion or THD isan amplifier specification that compares
the output signal of theamplifier with theinput signal and measuresthelevel
differencesin harmonic frequencies between thetwo. The differenceiscalled
total harmonic distortion.

e Signal to noise ratio is a specification that measures the level of the audio
signal compared to the level of noise present inthe signal.

e Turntablism is the art of manipulating sounds and creating music using
phonograph turntables and a DJ mixer.

e A gramophonerecord isatype of analog storage medium. It stores recorded
music (or other sounds).

e Anaudiotaperecorder isan audio storage devicethat records and plays back
sounds, including articul ated voices, usualy using magnetic tape, either wound
on areel or in a cassette, for storage.

e Compact disc, or CD for short, isadigital optical disc data storage format.

e DVD isadigital optical disc storages format, invented and developed by
Philips, Sony, Toshiba, and Panasonic in 1995.

e Audacity is a free, easy-to-use, multi-track audio editor and recorder for
Windows, Mac OS X, GNU/Linux and other operating systems

8.17 TERMINAL QUESTIONS

1. Describethe history and operation of aturntable

2. Give classification of Audio amplifier on the basis of class of operation in
brief.
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3. Explaintheterm signal to noiseratio ( SNR) .

4. DescribeAudacity highlighting the various features of Audacity. Notes

8.18 ANSWER TO IN TEXT QUESTIONS

8.1
1. (@) 2. (c) 3. (b) 4. () 5. (c)
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AUDIO CONSOLE

9.1 INTRODUCTION

Previously, you studied about various sound equipments such as microphones,
loudspeakers etc. As understanding these equipments is very important for the
soundtechnician, therefore, here, youwill learn about audio mixing consol e, their
different parts or sections, working and their uses etc. You will aso learn about
different types of audio consoles, i.e., analog and digital, with their respective
layout of controls, switches and operation etc.

9.2 OBJECTIVES

In thislesson, you will be ableto
e explainthe function and signal flow of an audio mixing console
e defineand compare different types of mixing consoles

e identify different parts/sections of typical analog/digital console and explain
its different controls with their usage

9.3 ASIMPLE ANALOG MIXER/ (STEREO)
MIXING CONSOLE

A simple analog audio mixer combines several incoming signals into a single
output signal. This cannot be achieved simply by connecting al the incoming
signalsin paralel and then feeding them into a single input, because they may
interfere with each other. The signals need to be isolated from each other
providing individual control of at least, thelevel of each signal.

Practically speaking, mixing consolesnot only allow simplemixing but they can
also provide phantom power for condenser/capacitor microphone, pan-control
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(where by each signals can be placed in any desired position in the stereo field),
filtering, equalization, routing and monitoring facilitieswhich enabl erouting any
number of sound sourcesto adesired |oud speaker for listening without affecting Notes
the mixer’s main output.

L et usdiscussasimplesix channel anal og audio mixer. Thisparticular mixer will
havesix inputsand two outputs. Professionally wecalled it asasix-into-two (6:2)
mixing console. Theinputswill usually be XL R, TRS(tip-ring-sleeve) or balanced
and TS(tip-sleeve) or unbalanced. According to the input source (microphone or
line) the connectorsvary (see Fig. 9.1).
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The outputs are also in three pin XLR Type connectors. The outputs are XL R-
Male connectors having three pins. The inputs will be having XLR- Female
connectors. There is a phantom power of +48V (DC) Switch for Microphone
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selection, if and when required. If we are using condenser Microphone we need
to supply the microphone with a +48V DC current from the Audio Mixer to
operate the microphone. The signal received from this microphone will then be
routed to a stereo or master bus.

Bus: A busis a section in the signal path of an audio mixer which is used to
combine different audio sources and deliver them as a whole to a specific
destination.

Let ustake alook at the signal flow in asimple analog audio mixer through its
different sections.

9.3.1 I nput Section

In the signal flow, the first section is the input gain control (rotary fader type)
whichiscommonly known asPre—Amp (pre-amplification). Thiscontrol adjusts
the degree of amplification provided by the input amplifier and is labeled in
decibels(dB) either increasing or decreasing steps. Continuously variableinputs
arenormally switchabl e between Microphone and line position, depending upon
theoutput level of themicrophoneor line connected tothe channel input. We have
to choose the *Microphone’ or ‘line’ input as per requirement.

For a‘ microphone’, highamplificationisrequired asthe microphoneinputislow
and for ‘line" inputs, little amplification is used and the gain control normally
provides adjustment either side of unity gain ( 0 dB ) perhaps ( £20dB ). This
process of controlling theinput levelsis called asinput gain control.

9.3.2 Equalization

Then the next section is equalization. This section will have controls for two
frequency bands (in the case of the figure provided), the high and the low
frequency. Boost and cut of around £12 db over low and high frequency bandsis
available. In this section we can control the tone of the signal through boosting
and cutting of the high and low frequencies.

9.3.3 Channdl Fader

Thelast control of theinput sectionisthe channel fader which controlstheoverall
level of the channel. It providesasmall amount of gain (up to 12 db) and infinite
attenuation (decrease). Thefader control isspecially designed for the purposes of
level control

There are two types of Faders:
1. Rotary Faders. For example — Input gain control, equalization, etc.

2. Straight Movable Faders or Channel Faders. For example— stereo bus, etc.
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9.3.4 Pan Control

Pan control onaMixer isused for placing asignal anywhere between left or right
in the stereo field. It works by splitting a single signal from the input into two
signas.

These two outputs of the pan-pot, usually feeds the left and right channels of the
stereo Mix bus. Also the signal can be placed in the centre which resultsin equal
level in both L and R and hence no change in the perceived level.

Only 18 dB of level difference, isrequired between left and right channelstogive
theimpressionthat asourceiseither fully left or fully rightinaloud speaker stereo
signal. But most pan-pots are designed to providefull attenuation of one channel
when rotated fully towardsthe other, thereby changing thelevelsasshowninthe
Fig. 9.2.

R channel

L channel

GAIN (db)
AN
(o]

Left Center Right
Fig. 9.2

9.3.5 PFL/Pre Fader Listening

Thisisafacility which providesasignal to be monitored without routing it to the
main outputs of the mixer. It also provides a means for listening to asignal in
isolation in order to adjust itslevel or EQ.

A PFL switch on each channel routesthe signal beforereaching the channel fader
to the PFL bus. There is a'so a master PFL switch which switches the mixer’s
monitor output to monitor the PFL bus as shown in the Fig. 9.3.

PFL
bus

ny
{

Channel
fader

3%
238

Fig. 9.3
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In case of high quality audio mixing and live console a separate small PFL loud
speaker is provided on the mixer itself so that the input signal can be checked
without affecting the main monitor.

PFL has great advantages, in live work and broadcasting since it allows the
engineer to listen to sources before they are sent to the master fader. It can also
be used in studio recording to separate any source from all the others, without
cutting al the other channels to adjust equalization and other processing with
greater ease.

9.3.6 OutPut Section

The two main output faders control the overall level of al the channel signals
which have been summed on the left and right mix buses. The outputs of these
faders, feed the main output on the back panel of the mixer. The monitor gain
control adjusts the loudspeakers output level, without affecting the main line
output level but if we make any change in the main Fader gain, it will affect the
monitor output.

Thereisan option of date, whichis used by the sound engineer/ sound operator
and comprises of isasmall microphone, mounted on the audio mixer, whichis
routed to the main outputs, so that commentsfrom the engineer or operator (such
astake number, announcement) can be recorded on atape machine connected to
the main outputs. Thereisarotary level control to adjust the slate level.

Signal path from channel input to main output on a simple mixer is shown in
Fig. 9.4.

. Master section
Mix bus

LR
To monitor

selector

SRl I

Input channel To PFL

Input Fader Pan T >
amplifier control Main
7 oP
i >
Right output
lader
Fig. 9.4
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INTEXT QUESTIONS 9.1

Choose any one of the following: Notes

1.

In amixer, thefirst section of the signal flow is

(8 Equdization (b) Input gain control

(c) Routing (d) buffer

Equalization can control the................ of the signal through boost or cut of
frequencies

(@ Volume (b) Levd

(c) Tone (d) amplitude

............... is specially designed for the purpose of level control

(@) Fader (b) Pan

(c) Pad (d) Sate

Inamixer ............... is used for placing of an audio signal to left, right or
centre

(@) Fader (b) Pan

(c) PFL Switch (d) Potentiometer

The option used by sound engineer/operator to record any comments on
tapeis

(@ Bus (b) Slate

() Pan (d) Mixer

PFL or Pre Fade Listening has great advantages in which type of work
(@ Livework and broadcasting

(b) FilmProduction

(c) Radiobroadcasting

(d) Mixing

Phantom power in microphoneis............... volt DC
(& +45 (b) +48

() +50 (d) 48
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9.4 CONCEPT OF MULTI-TRACK MIXING
(Multi -track Mixer)

Music recording generally requires two distinct stages.

1. Tracklaying
2. Mix-down

1. Track laying: The Musical tracks are recorded on a Multi-track Recorder
separately. Theseinclude background tracks, rhythm tracksfollowed by lead
tracks and vocals.

2. Mix down Sage: All the recorded tracks (Vocal and Music) are played
back through the Mixer and combined into a Stereo or Surround Mix, to
make the finished product, which ismade into a Commercial Release.

In Multi-track Recording, two signal paths are processed. One from Mic/Line
Input and another isfromthe M ulti-track recorder. Thesetwo signalsarethen sent
to the Stereo Mix down (Monitor path). Fig. 9.5.

Mic i —

or I To

line 5 MT
|| || >

Source Input Processing Fader Pan Routing

. ] b
Multitrack f To
replay stereo mix

Fig. 9.5

We record the microphone signal into Multi-track, while also mixing the return
signa from the multi-track recorder into one stereo signal, so that the Sound
Engineer or Operator can hear what thefinal product will sound like. If any kind
of overdubbing is required, then that has to be done at this stage. This stage is
called“ Track Laying”.

Then comes the Mix-down stage which forms the basis of Stereo Mix down.

There will be two signal paths, one from the microphone or line source to the
Multi-track Recorder (called as the channel path) and one from the Multi-track
recorder back to the Stereo Mix (called as the Monitor Path).

Somebasic signal processing such asEqualization, will berequiredinthechannel
path to the multi-track recorder. Whereas more signal processing features are
usually applied at thetime of theMix down. In some caseslikelive Broadcasting,
basic processing is used during the live work rather than the mix down stage.
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9.4.1 Grouping

Grouping meanssimultaneouscontrol of morethan onesignal at atime. It usually
means that one fader controlsthe level of anumber of slave channels.

It is usually used for reducing the number of Faders that the sound Engineer/
Operator hasto handle. Thisis applied when there are more number of fadersto
be operated. So we need to make a group of faders and control by one fader.

There are two types of grouping:

1. Audio Grouping

2. Control Grouping

Audio Grouping: Audio Grouping means making a single audio output to take
anumber of channel inputs. A singlefader controlsthelevel of the summed signal
& therewill be agroup output from the Console. Fig. 9.6.

The Stereo mix output from the Consoleis an effective audio group, one for the
left and onefor theright, asthey constituted asum of all the signalsrouted to the

stereo output andincludestheoverall level control. Someolder consoleswill have
routing buttons on top of each channel module.

Channel outputs

Subgroup
I fader
s I
s I
Group
----- tput
Summing outpu
amlifier
Fig. 9.6

The Master Fader, for audio groups, will bein the form of four or eight fadersin
the central section of the console ( Fig. 9.7). They can be arranged in such away
that we can pan achannel between odd and even groupsand it would be common
for two of these groups. It is common for eight audio group fadersto be used as
subgroupsthemsel ves having routing to the stereo Mix so that the channel signal
can be made more easily manageabl e by routing them to asubgroup & heretothe
main—mix viaasinglelevel control.
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Channel outputs Subgroup iy bus

faders
L H
- Left output

1>7
.i—2>_f fagl;r
4

\/

3
o—>
y U
'—>— Right output
fader

— ~ Main
f _f o/P

—/I——»

Fig. 9.7

From Fig. 9.7 without pan control the subgroup 1 and 3 goesto the left Mix bus
and 2, 4 goes to the Right Mix Bus.

Control Grouping: Control group is different from audio grouping, because it
doesn’'t giveriseto asingle summed audio output for the group. Thelevelsof the
Faders in the group are controlled from one fader. But these outputs remain
separate. Generally its effect isto alarge hand moving many faders at the same
time. Each Fader maintaining its own level in relation to the others.

DC voltages
from group
faders
Channel l l l
fader
Y Thumbwheel switch
Resistive DC
network

Audio in

Fig. 9.8

Control group is controlled by voltage controlled amplifier (VCA). Itsgain is
controlled by a DC voltage applied to a control pin.

InVCA, Fader audio is not passed through the fader itself but is routed through
VCA, so the Fader carries DC instead of Audio and the audio is controlled
indirectly (Fig. 9.8).
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The latest alternative to the VCA Fader isthe DCA Fader (Digitally Controlled
attenuator) whose gain is controlled by digital values (binary) instead of DC
voltage. Thisiseasier toimplement in digitally Controlled Mixer.

Normally therearededicated V CA group master Fadersin non automated system,
it will control the overall levels of any channel faders assigned to them. The
channel audio outputswould normally be routed to the main mix directly and the
grouping affecting thelevelsof theindividual channelsintheir mix.

INTEXT QUESTIONS 9.2

Choose any one of the following:

1. How many signal paths are processing in multi-track recording?
(@ One (b) Two
(c) Three (d) Four
2. Signal processing features are usually applied morein which stage?

(@ Tracklying stage (b) Mix down stage
(c) Multi-track recording (d) Background track recording

3. Control grouping is controlled by

(@ DCvoltage

(b) ACvoltage

(c) VCA (Voltage Controlled Amplifier)
(d) Noneof above

9.5 DIGITAL MIXER

A Digital Mixer would normally compriseof number of similar sections/modul es.
The main section would comprise of number of Channel strips for control,
processing and monitoring of each channel .

The digital audio mixer will have eight sectionsin its channel strip

Input section

Routing Section
Dynamic section
Equalizer section
Channel & Mix Controls
Auxiliary section

Master Controls
Metering Section

© N UMM E

Channel Strip: Typical layout of achannel stripisshowninFig. 9.9.
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Fig. 9.9
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9.5.1 Input Section

Thissection includesthefollowing components: Notes

1. Input Gain Control : It setsthe Mic or line input amplifier gain to match
the level of theincoming signal, this control is often a coarse control in 10
db steps, sometimes accompanied by Finetrim, stepsof 5dB or 10dB make
for easy reset of control to an exact gain setting, and precise gain matching
of channels.

2. Phantom power: Many professional Micsrequire 48V Phantom powering
and, sometimes switch on the module to turn it on/off . Occasionally this
switch isre-attached on the console, may bein a central assignable switch
panel.

3. MIC/Line Switch: It switches between the channels, MIC input and Line
input. Thelineinput could be the playback output from atape machine. On
another line, signal such as synthesizer, guitar (electronic) or sound effect
devices.

4. PAD: usualy used for attenuating(decreasing) the highlevel micinput signal
by something like 20db, for situationswhen themicisinfromakick drumor
when the micisin the field of high sound pressure. For example its output
may be so high asto cause the mic input to chips, requiring that the pad be
used on some occasions.

5. HPF/LPF : High PassFilter/ Low Pas Filter can sometimes be switched in
at the input stage to pass only high frequency or low frequency component
of the signal. These can be used to filter out unwanted rumble. Filtering
rumble at this stage can be an advantage becauseit savesclipping later inthe
chain.

9.5.2 Routing Section
This section includesthe following components/ Controls:

1. Track Routing Switches. The number of Routing Switches dependson the
Console; some will have 24, some 32 & some 48. The switches route the
channel path signal to the multitrack machine, and it is possible to route a
signal to more than one track, the track assignment is often arranged as
panes of track, so that odd and even track can be assigned together with a
pan-pot used to pan between them as a stereo pair.

2. Mix Routing Switches: Sometimesthereisafacility for routing the channel
path output signals to the main monitor Mix, or to one of perhaps four
output groups and these switcheswill often be located along with the track
routing.
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3. Channel pan switch: used for panning channel signals between odd and
even tracks of the multitrack in conjunction with the routing switches.

4. Odd/Even/Both switch: This switch will determine whether the signal is
sent to the odd channel only, the even channel only or both (In which case
the pan control is operative)

5. Direct switch: used for routing the channel output directly to the
corresponding track on the multi-track machine without going via the
summing buses. This can reduce the noise level from the console since the
summing procedure used for combining a number of channel output to a
track bus can add noise of achannel, isrouting directly to atrack no other
signal can be routed to that track.

9.5.3 Dynamic Section

Some advanced consol esincorporate dynamics control on every module. So that
each signal can be treated without resorting to external devices. These normally
incorporate compressor and expander sections, which can act as limiters and
gatesrespectively. If required, systemallowsthat EQtobeplacedinthesidechain
of the dynamic section also, providing frequency sensitive limiting among other
things. Itisusually possibleto link the action of one channel’s dynamicsto the
next in order to “gang” stereo channel so that the image doesn’t shift when one
channel hasasudden changein level whilethe other doesn’t. When dynamicsare
used on stereo signal it isimportant that left and right channels have the same
setting otherwise the image may be affected.

9.5.4 Equalization Section

The EQ sectionisusually split into three or four sub sections, each operating on
adifferent frequency band and to have similar functions. Thesewill be described
ingenera here.

(@) HF, MID1, MID2, LF

A highfregquency band, highMid, Low Midand L ow frequency band equilizations
are often provided. If themodeis parametric, these bandswill alow continuous
variation of respectivefrequency ‘ Q' and boost/cut. If not parametric, thenthere
may befew switched frequenciesfor the Mid frequency band and perhapsafixed
frequency for LF and HF bands.

(b) Peaking/Shelving or Bell

Often provided on the upper and lower bands for determining whether the filter
will provide boost/cuts over afixed band ( whose band width will be determined
by ‘Q’ ) or whether it will act as a shelf with the response rising on nothing off
above or below a certain frequency.
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The'Q’ of afilter isdefined asits center frequency divided by its bandwidth (the
range between frequencies where the output of the filter is 3db lower than the
peak output) in practice this affects “the sharpness’ of the filter peak or notch,
high* Q' giving thesharpest responseand Low Q giving avery broad response.Fig.
9.10.

Low ‘Q would be used when Boost/Cut over a relatively wide range of
frequenciesisrequired.

Whilehigh*Q’ isused to Boost/cut one short specific region
(d) Frequency Control

Sets the center frequency of peaking filter or the turn over frequency of ashelf

12 Low O

9 J oaf, o High Q
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Fig. 9.10: (Equalization Section)
(e) Boost/Cut

Determines the amount of boost or cut applied to the selected band usually up to
maximum around +15db

(f) HPF/LPF

Sometimesthehighand low passfiltersarelocated hereinstead of at theinput. In
addition they normally have afixed frequency turnover point and afixed roll-off
of either 12 or 18db per octave. Thesewill often operateevenif theEQisswitched
off

(@) In/Out

Equalization circuits can introduce noise and phase distortion, so they are best
switched off when not required, by input cut off switch.
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9.5.5 Channel and Mix Control Section
Thissection generally hasfollowing controls/ components
(&) Pan

This control isacontinuous rotary & knob and is used to place the signal of that
channel in any desired position in the stereo picture.

(b) Fader Reverse

Swaps the faders between mix and channel paths, so that the large fader can be
made to control either the mix level or the channel level.

Some systems defeat any fader automation when the large fader is put in the
channel path. Fader reverse can often be switched globally and may occur when
the console made is changed from recording to mix down.

(c) Line/Tape or Bus/Tape

InLineor Busmodethemonitor pathsareeffectively ‘ Listeningto’ thelineoutput
of the consol€’s track assignment buses while in ‘ Tape’ mode the monitor paths
arelistening to the off tape signal.

(d) Busor Monitor Bus

It routesthe output of the monitor fader to theinput of the channel path (channel
fader) sothat the channel fader will be used asapost-fader effectssend to any one
of the multi-track buses.

(e) Mute or cut

There are two types of cut switches one for cutting the channel signal from the
multi-track send the other for cutting the Mix signal from the mix.

(f) PFL

Pre fade listen is the signal monitoring without pass through fader, the signa
coming from the source without routing to fader.

(g) AFL/Solo

After fadelistenissimilar to PFL thisis sometimes called as solo, which routesa
panned signal of the track to the main monitor, cutting all other signals, these
functionsare useful for isolating signalsat thetimeof setting. In most of consoles,
the AFL Bus will be stereo. Solo functions are useful when applying EQ and
effects, onemay hear theisolated sound and treat individually without hearing the
rest of Mix.
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INTEXT QUESTIONS 9.3

Choose any one of the following: Notes

1. Signalscoming from tape recorder or CD player will be fed to which input
of themixer?

(8 Microphoneinput (b) Lineinput

(c) Auxinput (d) Metringinput

2. is used for removing of rumble or hissfrom signal.
(@ Filter (b) PAD
(c) Phantom power (d) Liveswich

3. Compressor and Expander coming under which section of the audio mixer?

(@ Input (b) Output
(c) Master control (d) Dynamic
4. Generaly egualization explainedinto ................... (o] G section
(@ Oneor Two (b) Two or Three
(c) Threeor Four (d) Oneor four

5.  Themaximum boost or cut applied to aselected band is
(@ Plusminus10 (b) Plusminus15
(c) Plusminus20 (d) Plusminus25
6. AFL or after fadeListeningisalso called?
(@ Pan (b) Pot
(c) Solo (d) Aux

9.5.6 Auxiliary Sends

Auxiliary sends referred as Aux Sends, are taking the signals from either the
channel or Mix paths and appear as outputs from the console which can be used
for fold back to the vocal booth musicians, effects ends, cues and so on.

Each aux will be a master gain control, usually in the centre of the console for
adjusting the overall gain of the signal, sent from the console.

Aux sends are often a combination of mono and stereo buses Mono sends are
usually used asroutesto effects, whil e stereo sendsmay haveonelevel control and
apan control per channel. The no of Auxiliary sends depends on the console, but
there can be up to ten on an ordinary console.
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Aux Sends: It controlsfor thelevel of eachindividual channdl inthe numbered
aux mix.

Pre/Post switch: It determines that whether the signal send in taken off
before or after the fader. If it is before, then the send will still belive, even
when the fader is down, effects sendswill normally be taken post fade.

Mix/Channel: Determineswhether the send istaken fromthe Mix or channel
paths: it will often be sensible to take the send from the channel path, when
effects are to be recorded on to multi-track rather than on to the Mix. This
functionislabeled ‘WET’

MUTE: It will cut the numbered send from the aux mix.

9.5.7 Master Control Section

Thissection normally placed on theright hand end of the Audio Console or now,
inthedigital Mixers, itisonthemiddle of the Console. It hasfollowingfacilities:

(@

(b)

(©)

(d)

(€)

(f)

Monitor Selection: Monitor selection means it will feed the signal to the
loud speaker of the control Room/Studio but not the mix output, there are
many switchesto select the source to be monitored like. Aux sends, themain
stereo mix on Tape Machines etc.,

DIM: It decreases the level of the signal feed to monitor around 40db, for
quick silencing of the room.

Record/Overdub/Mix Down: This Facility, dependsthe mode of operation,
the Mic/Line input switching, large and small faders and auxiliary sends.
Thiswill over write the signal on one another or it will dub the signal onan
appropriate position (between memories we have given)

Auxiliary Level Control: Thisisthe master control for setting the overall
level of each Aux send output.

Talkback or Fold back: Talkback isusually placed on the console, having a
small builtin Microphone, whichisusually used for giving instruction to the
studio hands ( instrumentalist ) from the control room and which can be
routed to anumber of destinations like Aux sends, Mix busor studio loud
speakers etc.,

Oscillation: For analog tape recording, we need the magnetic tape to be
givenbias, whichisalining/ signal of frequency of accurate 1khz and 10khz
tone. The 10khz toneisthe accurate setting the bias of an ana og tape machine,
inwhich thetone (1khz, 10khz) isfed to thetapefrom the Mixers* oscillator”
option or sometimesit is given from the Tape Recorder facilities option.

Sound Technician




Audio Console

(g) Slate: Theslate would be used for recording or take information on to tape:

(h) Master Faders. There may be either one stereo fader or |eft and right faders,
to control the overall Mix output level. Often the group master fader will
residein thissection.

INTEXT QUESTIONS 9.4

Choose anyone of thefollowing

1. Inanordinary mixing console the number of aux send presentis................

(@ One (b) Two
(c) Ten

2. Auxsendinthe mixer are normally used for ................
(a) Recording (b) Playback

(c) Fold back or Talk back
3. Monitor selectionisfed thesignal to ................

(@ Channel path (b) Auxsend
(c) Loud speaker
T isused for quick silencing of the room
() Attenuation (b) Pad
(c) DIM
5. Sound engineer givesinstruction to studio through
(8 Oscillation (b) Tak back/Fold back
c) Sate
6. Theprocessusing for biasing the magnetic tapeis
a) Ogcillation b) DIM

c) Attenuation

9.5.8 Metering System/ Section

Metering system is placed on audio consoles to measure the level of the audio
signal feedingin & coming out from the Mixer. Thisisimportant for measuring
the audio level without noise & distortion and to record the correct sound.
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Usually two types of metering are provided in the audio console.

1. Mechanical Meter
2. Electronic Bar — graph meter.

Mechanical Meter: Generally two types of Mechanical meter have been used.
Fig. 9.11.

(@ VU (volumeunit) Meter
(b) PPM ( Peak Program) Meter

In the VU meter, there is associated variable attenuator, which could vary the
electrical alignment level for O VU up to +24dBu. Now it iscommon for thisto
be fixed these days at OVU = +4 dBu

Disadvantage in Mechanical Meters

PPMs respond well to signal peaks, that is they e

have a fast rise time, where as VUs are quite Yo +3
opposite, they have a very slow rise time. This ~ g — 0
means that VVUs donot give atrue representation e

of the peak level going on tape. Many people are — -3
used to working with VUs, they are good to s

measuring continuous signal s such as tones, but — =
their value, for monitoring program material, is

dubiousin the age of digital recording. a5

VUs have no control over fall time of the needle, — -10
whichismuch the sameastherisetime. Whereas
PPMshavefastrisetime& longer fall time, which

ismore useful. - - 20
Normally PPMs are designed to graduate peaks Peak vu

that would cause audible distortion but doesn’t

measure the absol ute pesk |level of thesignal. Fig. 9.12
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Itisimportant to note that meters can takealot of space onthe console & it may
be impossible to find space for one meter per channel, in case of multi-track
consoles.

Electronic Bar graph Meter

In Electronic bar graph meter (Fig. 9.12) there can be aninfinitely fast risetime,
although thismay not beideal in practice but cheaper bar graphs are made out of
new of LEDS (Light Emitting Diode) & the resolution accuracy depends on the
number of LEDs used.

Thereisafacility provided to switch the peak response of these metersfrom peak
to VU mode. where they will imitate the scale and ballistic response of aVU
meter.

Themain advantage of theBar graph vertical VU meter isthat it takesalittle space
on the audio mixer.

9.6 AUTOMATION

In Mixers, theautomation meansstoring fader positionsdynamically against time
of reiteration at alater point in timesynchronous with recorded material.

The purpose of automation hasbeen to assist the engineer/operator, in mix down,
the no of fader’s that need to be handled at once, become too difficult for one
person.The fader automation has resulted in engineers being able to concentrate
on sub areas of amix at each pass, gradually building up the finished product and
refiningit.

Fader Automation: Therearetwo common means of memorizing and controlling
the gain of achannel

1. Which storesthe positions of the fader and usesthis datato control the gain
of aVCA or DCA ( digital controlled attenuator )

2. Which aso storesthe fader movements but usesthisinformation actually to
drive the fader’s position using a motor?

Common Operational Mode' s are:
Write: It memorizesthelevel of the channel corresponding to the fader position
Read: Channel level controlled by datareceived from previously stored Mix.

Update: Channel level controlled by acombination of previously stored Mix data
and current fader position

Group: channel level controlled by combination of channel fader position and that
of agroup master
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INTEXT QUESTIONS 9.5

Notes 1. How many typesof level meters are therein the audio mixing console?

2. Which type of meter istaking alot of space on the audio mixing console?
(@ Mechanical Meter
(b) Electronic Bar — graph meter.
3. Which type of meter uses LED
(@ Electronic bar-graph meter
(b) VU meter
(c) PPM meter

9.7 WHAT HAVE YOU LEARNT

In thislesson you have |earned following aspects of Audio Mixing Consoles

e Different sections of an anal og audio mixing console with their functions.
e Different stagesof multi-track mixing.

e  Grouping of faders during multi-track mixing, their types and how they are
operate.

e Digital mixing console and itsdifferent sectionswith their functions.

e Different types of meter, their advantage and disadvantages.

9.8 TERMINAL EXERCISE

Briefly explain the sectionsinvolved in ssmple analog mixer.

Briefly discussthe two distinct stages during music recording.
What isgrouping? Briefly describe types of grouping?

How many sectionsaretherein adigital mixer?

Briefly explain different sections of aninput section?

Briefly explain different sections of routing section?

What isdynamic control in thedigital mixer?

Briefly explain different sections of equalization section?

© © N o o o w DR

Briefly explain different sections of channel and mix control section?

10. Discussthefour pointsinauxiliary send?
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11.
12.

13.
14.

Briefly explain different sections of master control section?

What is the function of metering system in the mixer? How many type of
meter generally present in the mixer?

What are the disadvantagesin mechanical meter?

What isautomation? Briefly describe the four operational modesaretherein
the automation process

9.9 ANSWER TO INTEXT QUESTIONS

9.1

1.
5.

9.2

1.

9.3

1.
5.

94

1.
5.

9.5

1.

© 2. (© 3. (3 4. (b)
(b) 6. (3 7. (b)

(b) 2. (b) 3. (o)

(b) 2. (a 3. (d) 4. (0)
(b) 6. (0

(d) 2. (© 3. (9 4. (0)
(b) 6. (3

(Two) 2. (a) 3. (@

9.10 GLOSSARY

1.

N o o~ D

Phantom power: It is a +48V DC power supply which is given to the
microphone to operateit. (i.e., for condenser or capacitor microphones)

Routing: Assigning into desired position or track

Monitoring: Listening the sound signal or the sound track

XLR Connector: Typeof 3-pin connector for connecting audio signals
Module: apart of asection

Frequency band: aset/ range of frequencies

Pre/Post: before/after.
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AUDIO CHAIN SETUP

10.1 INTRODUCTION

In the previouslessons, you have studied about different audio equipment like
consoles, mixers, amplifiersand recording/playback equipment etc. Inthislesson,
you will learn how to install and disassemble the audio chain/ setup equipment.
Public address system or sound recording equipment setup is used in two ways,
either permanently fixed or movableto different locations as per requirement. In
both the cases, the installation of the sound equipmentsis very important. Right
from taking the equipmentsout of boxes, assembling, positioningtothefixingand
testing, avery preciseknowledgeand practiceisrequired. Invery largeevents, the
sizeof speakersand other equipmentsisvery hugehenceextrapractical knowledge
isrequired to handle such large equipment. Dismantling the sound equipments,
storing them along with the accessories, connectors etc. and transporting them
properly isabig challenge.

10.2 OBJECTIVES

After reading thislesson, thelearner will be ableto :

e install and assemble arange of sound/ audio equipments
e estimate power requirement for different sound/ audio equipments

perform appropriate placement of power fitting

e implement techniquesfor performing sound checks

e disassemblethe sound/ audio equipment and store these properly
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10.3 AUDIO CHAIN

Audio chainrefersto a studio or outside setup of audio equipment arranged for
the purpose of public address/recording/broadcast of the required programme
.In this section we would learn about aspects to be taken care of when different
audio equipment are integrated to form a audio chain. As mentioned earlier,the
programmefrom sourceto listener involvesthe use of adevicesto pick up sound
that may be microphone, recording/playback and signal processing equipment.
Figure10.1lisasimplified block schematic diagram of audio chain of abroadcast
studio.

) ———— E —_— A
Faders Signal —>D—+
>
Microphone Processor
STL
CD player I

Sl

Audio
Console

| Monitoring Speaker |

Fig. 10.1: Audio chain of broadcast studio

Audio chain of abroadcast studio is basically alinkage of various equipments,
involving various sound sources, such as microphoneto pick up the announcer’s
voice, CD player or adigital audio work station (DAW), mixer or audio control,
signal processing equipment, monitoring speakers and a studio transmitter link.

Similar setup would bethere for PA system and recording chain, except STL and
Transmitter, whichwould bereplaced by PA amplifiersand recording equipment.

10.4 SETTING UP YOUR STUDIO

Once you have your equipment, you need to connect it together with cables and
possibly install equipment racks and acoustic treatment to complete the setup .
Let’sconsider thefeatures of important componentslike Cables, Connectorsand
other equipment to install the audio chain setups.

10.4.1 Cables

Cables carry electric signals from one audio component to another. They are
usually made of one or two insulated conductors (wires) surrounded by afine-
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wire mesh shield that reduces hum. Outside the shield is a plastic or rubber
insulating jacket. On both ends of the cable are connectors.

Cablesareeither balanced or unbalanced. A balanced lineisacabl e that usestwo
wires(conductors) to carry thesignal, surrounded by ashield. Eachwirehasequal
impedanceto ground. An unbalanced line hasasingle conductor surrounded by a
shield (see Fig. 10.3). The conductor and shield carry the signal. A balanced line
rejectshum better than an unbal anced line, but an unbalanced linelessthan 10feet
long usually provides adequate hum rejection and costs | ess.

A cable carries one of thesefive signal levelsor voltages:

e Miclevel: about 2 mV (0.002 volt) to about 1V depending on how loud the
sound sourceis, and how sensitivethemicis

e Instrument level: typically 0.1V to 1V for passive pickups; upto 1.75V for
active pickups

e Semipro or consumer linelevel: —=10 dBV (0.316 volt)
e Prolineleve: +4 dBu (1.23 volts)
e Speaker level: about 20 volts.

Cable Jacket  Insulation

\

Hot Conductor

/
N

Cold Conductor

Shield

Fig. 10.2: A2 conductor shielded, balanced line.

Cable Jacket
"l_ Conductor

. /

Shield

Fig. 10.3: A1 conductor shielded, unbalanced line.

10.4.2 Equipment Connectors

Recording equipment also has balanced or unbalanced connectors built into the
chassis. Be sure your cable connectors match your equipment connectors.
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Balanced equipment connectors:

e 3-pin (XLR-type) connector

e 1/4-inch TRS (tip-ring-sleeve) phone jack-
Unbal anced equipment connectors:

e 1/4-inch TS (tip-sleeve) phonejack-

e Phono jack (RCA connector)-Figure 10.4

A jack isareceptacle; aplug insertsinto ajack.

& (Push|

Fig. 10.4: A3-pin XLR-type connector used in balanced equipment.

Left: male output connector. Right: female input connector.

Fig. 10.5: A 1/4-inch phone jack used in balanced and unbalanced equipment.

Fig. 10.6: A phone (3CA) jack used in unbalanced equipment.

Connectorsare confusing because a single connector can have several functions

(usually not the same time).: Here are some examples:

e XLR: Baanced lineinput at +4dBu, balanced mic input at 2 mV to 1V, or

balanced line output at +4dBu
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e TS (mono 1/4-inch phone jack): Unbalanced mic input, unbalanced line-
level input or output (+4dBu or —10 dBV), instrument input, or low-cost
speaker connector

e Combi connector: An XLR micinput plusaTRSinput (instrument level or
linelevel)

e RCA (phono): Home stereo line-level input or output at -10dBV, composite
video input/output, or SPDIF digital-audio input/output

Equipment connectorsarelabeled according to their function. If you seean XLR
connector with thelabel “MIC,” you know it'sabalanced micinput IFit'sa1/8-
inch connector on a sound card, look at theicon near the connector. It's either a
mic input, line input, line output, or speaker output.

INTEXT QUESTIONS 10.1

Fill intheblanks:

1. DAW standsfor digital ............... work station.

2. Voltage level of amicrophoneisabout ...............

3. Athreepin (XLR) connector isatypeof ............... equipment connector.

4. A combi connector consist of an XLR micinput plusa............... input.

10.4.3 Cable Types

Cablesarea soclassified accordingtotheir function. Inastudio, you' |l useseverd
types of cables: power, mic, MIDI, speaker, USB, FireWire, S/PDIF, TASCAM
TDIF, Alesis Lightpipe, guitar cords, and patch cords.

A power cable, such asan AC extension cord or apower cord onadevice, ismade
of threeheavy-gaugewiressurrounded by aninsul ating jacket. Thewiresarethick
to handle high current without overheating.

A mic cableisusually 2-conductor, shielded. It hastwo wiresto carry the signal,
sur-rounded by afine-wirecylinder or shield that reduces hum pickup. On oneend
of the cableisaconnector that plugsinto the microphone, usually afemale XL R-
type. On the other end is either a 1/4-inch phone plug or a male XLR-type
connector that plugsinto your mixer or audio interface.

Rather than running several mic cables to your mixer or interface, you might
consider using asnake, which isabox with multiple mic connectors, all wired to
athick multi-conductor cable. A snakeisespecially convenient if you' rerunning
long cablesto recording equi pment from another room. It’sessential for most on-
location recording.
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A MIDI cable usesa5-pin DIN connector on each end of a2-conductor shielded
cable. The cable connectsMIDI OUT to MIDI IN, or MIDI THRU to MIDI IN.

A speaker cable connects a power amp to each loudspeaker. To avoid wasting
power, speaker cables should be as short as possible and should be heavy gauge
(between 12 and 16 gauge). They can even be made from lamp cord (zip cord).
Number 12 gauge isthicker than 14; 14 isthicker than 16.

A USB cable or aFireWire cable connects aperipheral device.

An S/PDIF cable transfers a digital signal from one device's S'PDIF output to
another device’'s S/IPDIF input. It uses a shielded unbalanced cable (ideally a
75-ohm RG59 Video cable) with an RCA plug on each end.

10.4.4 CableConnectors

Several typesof cableconnectorsareusedinaudio. Figure10.7 showsal/4-inch
mono phoneplug (or TSphoneplug), used with cablesfor unbal anced microphones,
synthesizers, and electric instruments. Thetip terminal is soldered to the cable's
center conductor; the sleeve terminal is soldered to the cable shield.

Stage Box _Connectors to
Mic Cables

-
[ -
[ l—
-
Connectors to “L
Mixer A
-_
-

Fig. 10.7: A stage box and snake.

Figure shows an RCA or phono plug, used to connect unbalanced line-level
signals. Thecenter pinissolderedto the cabl € scenter conductor; thecup terminal
is soldered to the cable shield.

Cup
Center Pin ¢ Center Pin

|
|

Cup Terminal

Fig. 10.8: An RCA (phono) plug
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Flex Relief Shf"

@)

Side View

Fig. 10.9: A A3-pin pro audio connector (XLR-type) (A) female (b) mae

(b)

Figure 10.9 showsa3-pin pro audio connector (XL R-type). Itisused with cables
for balanced micsand bal anced recording equipment. Thefemal e connector (with
holes; Figure) plugs into equipment outputs. The male connector (with pins;
Figure) plugsinto equipment inputs. Pin 1 issoldered to the cable shield, pin2is
solderedtothe*hot” red or whitelead, and pin 3issoldered to theremaining lead.
Thiswiring appliesto both female and male connectors.

Figure shows a stereo (TRS) phone plug, used with stereo headphones and with
some balanced line-level cables. For headphones, the tip terminal is soldered to
the left-channel lead, the ring terminal is soldered to the right-channel lead, and
thesleeveterminal issoldered to thecommon lead. For balanced line-level cables,
the sleeveterminal issoldered to the shield, thetip terminal issoldered to the hot
red or white lead, and the ring terminal is soldered to the remaining lead.

Some mixers have insert jacks that are stereo phone jacks; each jack accepts a
stereo phone plug. Thetip isthe send signal to an audio device input, thering is
the return signal from the device output, and the sleeve is the ground.

10.4.5 Equipment Connections

The instruction manuals of your equipment tell you how to connect each
component to the others. In general, use cables that are as short as possible to
reduce hum, but that are long enough to let you make changes.

Besuretolabel all your cableson both ends according to what they plug into-for
example, MIXER CH1 MONITOR OUT or ALESIS 3630 IN. If you change
connectionstemporarily, or the cable becomes unplugged, you' [I know whereto
plug it back in. A piece of masking tape folded over the end of the cable makesa
stay put label.

L et’ssay you haveahardware mixer inyour recording setup. Here’ satypical way
to hook up the gear :
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1. PlugtheAC power cordsof audio equipment and el ectric musical instruments
into AC outlet strips fed from the same circuit breaker. Make sure that the

sum of the equipment current ratings does not exceed the breaker’s amp Notes
rating for that outlet. Plug the power amplifier or powered speakers into

their own outlet on the same breaker so that they receive plenty of current.

Consider using an AC power conditioner such as made by Furman
(www.furmansound.com). It provides clean, steady AC power to sensitive

€l ectronic equipment. Surge protection and noise filtering are included.

2. Connect mic cablesto mics. Use mic cableswith amale XL R connector on
one end and afemale XLR connector on the other end.

3. Connect mic cablestothefemale XL R connectorsin either the snakejunction
box, or directly into mic inputs on amixer or mic preamps. Plug the snake
connectorsinto themic inputs. If your mixer has phone-jack micinputs, you
may need to use an impedance-matching adapter (female XLR to phone)
between the mic cable and the mic input jack.

4. Settheoutput volume of synthesizersand sound modulesabout three-quarters
up. Using a guitar cord, connect their audio outputs to instrument or line
inputs on your mixer. If this causes hum, use a direct box. Using a MIDI
cable, connect the MIDI OUT of aMIDI controller to the MIDI IN of your
audio interface or MIDI interface.

5. Ifyouarerecording aguitar direct, connect itscord either to (1) aninstrument
input on your mixer or audio interface (1/4-inch phone jack), or (2) adirect
box. Connect the XL R output of the direct box to amic input onyour mixer
or audio interface.

6. If the mixer isastandalone unit (not part of arecorder-mixer), connect the
mixer’s stereo line outputs to the inputs of an audio interface. Use a stereo
RCA-to-RCA cable or two phone-to-phone cables. If the mixer hasa USB
or FireWire connector, connect that to the mating connector in your computer-
you don’t need an audio interface.

7. Connect theaudiointerfaceline outputsto the mixer’s 2-track or tapeinputs,
or directly to powered speakers. Use a stereo RCA-to-RCA cable or two
phone-to-phone cables. Again, if themixer hasaUSB or PireWire connector,
connect that to the mating computer connector and omit the audio interface.

8. Connect the mixer’s monitor outputs to the power-amp inputs. Connect the
power-amp outputs to loudspeakers. Or if you are using powered (active)
monitors, connect the mixer monitor outputs to the monitor-speaker inputs.

9. If the mixer does not have internal effects, connect the mixer aux-send
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connectorsto effects inputs (not shown). Connect the effects outputsto the
mixer aux-return or bus-in connectors. Use phone-to-phone cables.

If you're using a separate mixer and multitrack recorder, connect mixer bus
| to recorder track | IN; connect bus 2 to track 2, and so on. Also connect
the recorder’s track 1 OUT to the mixer’s line input |; connect the track 2
OUT to the mixer’slineinput 2, and so on. Use cables with RCA or phone
connectors. As an aternative, connect insert jacks to multitrack inputs and
outputs. At each insert plug, connect thetip (send) terminal to atrack input
and connect the ring (return) terminal to the same track’s output. Use a
TRS-to-2-TS cable (stereo phone plug to two mono phone plugs).

If you have several headphonesfor musicians, connect the mixer’s headphone
jack toasmall amplifier to drivetheir headphones. Useacablewith astereo
phone Plug on one end and two mono phone plugs on the other end (TRS-
to-2-TS cable). Or it the: mixer’s headphone signa is powerful enough,
connect it to abox with several headphone jackswired in parallel.

Figure 10.10 showstypical connectionsin aDigital Audio Workstation (DAW)
recording studio with amultichannel audio interface.

Computer
Monitor

. Right

—— Monitor
ereo Ou
To Powered Speaker

Monitor Speakers

USB
Fire Wire

Left ‘
Monitor -

Speaker

= .
T T o i Wt
I':q_.'. i

Tiaa
g i

Optional
Controller
Surface

Audio
Interface

To Interface
Mic Inputs

Computer
Computer Mouse |

Keyboard
Head

Phones

Mics

Figure 10.10: Typical layout of a DAW recording studio

Asshown in Figure above, you might connect the equipment like this:

1.

Using aguitar cord, connect el ectric instrumentsto instrument inputs on the
audiointerface. If aninstrument ismorethan about 15 feet from theinterface,
connect its output to adirect box (using guitar cords), and connect the direct
box XLR output to a snake or to an audio interface mic input.
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2.

Using an XLR mic cable, connect each micto amicinput ontheaudiointerface.
If the mics are more than about 15 feet from the interface, connect each mic
to a snake box, and connect the snake XLR connectors to the interface mic
inputs. If you prefer to use a separate mic preamp and A/ D converter, plug
the mic into the preamp, and connect the preamp’s line output to the A/D
converter’slineinput using an XLR or phone-to-phone cable.

Using a MIDI cable, connect the MIDI OUT of a MIDI controller to the
MIDI In of the audio interface.

Using two phone-to-phone Cables (stereo or mono), connect the stereo output
of theinterfaceto two powered monitors. If your monitor speakersare passive
connect the interface stereo outputs to the line inputs of a stereo power amp.
Use speaker cable to connect the power-amp outputs to the speakers.

Plug headphones (or a headphone amplifier or junction box) into the head-
phone jack of the interface.

UsingaUSB or FireWire cable, connect the USB/FireWireport intheinterface
to the mating port in the computer.

Using a USB cable, connect the USB port of an external hard drive to a
mating port inthe computer. That hard drive can be used for audiofilesor for
backup.

Hooking up a recorder-mixer studio can be quite ssimple. Plug mics into mic
inputs, plug headphones into headphone jacks, and plug powered speakersinto
the mixer monitor outputs.

10.5 ASSEMBLING AND INSTALLING SOUND/

AUDIO EQUIPMENT AT SITE

Following points may be observed before assembling sound equipment

1.

You must know and visit the place in advance where the sound equipment
needs to be assembled and ascertain the following

(@) Contact the person who will authorize you to work at site

(b) Know the exact place where the sound equipment i.e. Loudspeakers,
Amplifiers, Signal processing equipment, Microphoneswill berequired
to be placed.

(c) Know the sockets from where the power supply will be drawn. You
draw power from 5A socket if the total power to be drawn isless than
say 900W. If the total power to be drawn is 1IKW or more it should
drawn from 15 A sockets.
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(d) Plan layout of power supply cables and power outlets to equipment.
Similarly plan layout of Microphones cables (from Microphones to
Amplifiers) & Loudspeaker cables (from Amplifiersto Loudspeakers).

(e) Ascertain the movement of people during the programme. This will
help you tolay power supply cable, Microphone cables & L oudspeaker
cablesin amanner to avoid disturbance and disruption of the programme
and damage to cables. In some cases carpets may be laid on cables to
avoid disruption of cables due to heavy movement of people (dancing
etc).

(f) To ascertain the requirement and arrangements for placing equipment
(Microphone Stand booms, Amplifiers, Sound processing equipment
etc.) ontable of appropriate size. Table height of 30" isquite appropriate
for operating the equipment.

10.6 TRANSFERRING THE SOUND EQUIPMENT

TOTHE SITE

Following points should be taken care of while moving the Equipment to site:

(@

(b)

(©)

(d)

(€)

(f)

Fragile, delicate and costly equipment should be transferred in their own
boxeswhich have suitable casing lined with foam to avoid any transit damage.

Other equipments should also be transported in suitable boxes made for the
purpose and lined with foam cushion (e.g. Amplifiers, Loudspeakers, Tape
Recorders, CD players etc.)

End connectorsof Microphone cables, L oudspeaker cables should be checked
for appropriate connections to avoid embarrassment at last moment.

Always carry appropriate tools (Screw drivers, soldering Iron, Solder, Flux
etc) to carry out minor repairs at site if need be.

Always reach the site in advance to set up, and test the equipment. Keep
sufficient margin of time for some unforeseen problems, repairs at site.

Makealist of Inventory issued from Stores. It will help you to return back
al theitemsto Stores.

10.7 CONNECTING THE EQUIPMENTS FOR

FUNCTIONING

Following points should be taken care of while connecting the equipment for
actual functioning:

(@

Place the equipment appropriately on atableto ensure ease of operationi.e.

Sound Technician




Audio Chain Setup

Microphones should be placed where the singer or speakerswill sit or stand.
Amplifier Speech Processing Equipment should be placed where Sound
Assistant is to sit. Loudspeakers should be placed to enable equitable
distribution of Sound energy.

(b) Microphones should be connected to MIC inputs. Equipment like Tape
Recorders, CD Players, Gramophone Players(Record Players) etc. should
be connected to LINE Inputs.

(c) Loudspeakers should be connected to appropriate level Output Impedance
terminals of Power Amplifiers.

(d) Power supply switch of al the Equipment should be checked to have been
turned to 220 VoltsA C.(Someimported Equipment isdesigned for 110 Volts
AC, itstransformer setting should be changed to 220 VoltsAC.) In case 110
V AC Equipment does not have a selector switch, a 220Volts-110Volts
Transformer isrequired to be used between Power Supply of 220 Voltsand
110 Volts Equipment.

(e) Operatethe Equipment for rehearsal, judging the settings of various controls
of Equipment for suitablelistening.

(f) Obsevethe safety precautionsas mentioned in thelesson on safety instructions

10.7.1 Phantom Power

Phantom power, in the context of professional audio equipment, isamethod for
transmitting DC el ectric power through microphone cables, to operate microphones
that contain active electronic circuitry. It is best known as a convenient power
source for condenser microphones, though many active direct boxes also useiit.
Thetechnique is aso used in other applications where power supply and signal
communication takes place over the same wires.

Phantom power suppliesareoften builtinto mixing desks, microphonepreamplifiers
and similar equipment. In addition to powering the circuitry of a microphone,
traditional condenser microphones also use phantom power for polarizing the
microphone’stransducer element. Three variants of phantom power, called P12,
P24 and P48, are defined in the international standard IEC 61938.

10.8 SOUND CHECKS OF EQUIPMENTS

Beforetheactual operation of sound equi pmentsasound check isrequired sothat
any problem either minor or major can be detected and rectified. The problem of
Humisoften seen. Inall themodern signal audio equipments, self testing feature
isin built and its users friendly. In just one click all the features of the sound
equipment areself tested. Evenin some of the equipmentstrouble shootingisalso
inbuilt.
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10.8.1 Hum Prevention

You patch in apiece of audio equipment, and there isasound - HUM! It'salow-
pitched tone or buzz. This annoying sound isatone at 60 Hz (50 Hz in Europe)
and multiples of that frequency.

Humiscaused mainly by

Cables picking up magnetic and electrostatic hum fields radiated by power
wiring-especialy if the cable shield connectionis broken.

Ground loops. A ground loop is aconductive loop or circuit made of acable
shield and a power-ground wire. A ground loop occurs when two or more
separated pieces of audio equipment are each connected to power ground
through a 3-prong power cord, and are also connected to each other through
acable shield. The ground voltage may be slightly different at each piece of
equipment, so a 50- or 60-Hz hum signal flows between the components
along the cable shield.

These are the most important points to remember about hum prevention:

To prevent ground loops, plug al equipment into outlet strips powered by
the same AC outlet or AC circuit.

Do not usean AC (electrical) 3-to-2 adapter to disconnect the power ground-
it causes a safety hazard.

Some power amps create hum if they don’t get enough AC current. So connect
the power amp (or powered speakers) AC plug to its own wall outlet socket-
the same outlet that feeds the outlet strips for the recording equipment.

If possible, use balanced cables going into balanced equipment. Balanced
inputs have XLR or hRS connectors and two conductors surrounded by a
shield. At both ends of the cable, connect the shield to ascrew in the chassis,
not to XLR pin 1. Or use audio gear whose XL R connectors are wired with
pin | to chassis ground, not to signal ground.

Transformersisolate unbalanced connections. If that isnot an option, usethe
cableassemblies..

Don’'t use conventional SCR dimmers to change the studio lighting levels.
Use Luxtrol® variable-transformer dimmers or multiway incandescent bulbs
instead.

Evenif your systemiswired properly, ahum or buzz may appear when you make
a connection. Follow these tips to stop the hum:
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e If thehumiscoming from adirect box, flip its ground-lift switch.

e Check cablesand connectors for broken leads and shields. Notes

e Unplug al equipment from each other. Start by listening just to the powered
monitor speakers. Connect a component to the system one at atime, and see
when the hum startsto identify the hum generating equipment and isolating.

e Removeaudio cablesfrom your devicesand monitor each device by itself. It
may be’ defective.

e Lower thevolume onyour power amp (or powered speakers), and feed them
ahigher-level signal.

e Useadirect box instead of aguitar cord between instrument and mixer.

e To stop aground loop when connecting two devices, connect between them
al:lisolation transformer, direct box, or hum eliminator (such asthe Jensen
CI-2RR, Behringer HD400, RollsHE13).

e Make surethat the snake box is not touching metal.

e Toprevent accidental groundloops, do not connect XLR pin 1 to the connector
shell except for permanent connections to equipment inputs and outputs.

e Try another mic.

e If you hear ahum or buzz from an electric guitar, have the player moveto a
different location or aimin adifferent direction. You might also attach awire
between the player’s body and the guitar strings near the tailpiece to ground
the player’sbody.

e Turn down the high-frequency EQ on a buzzing bass guitar track.

e To reduce buzzing between notes on an electric-guitar track, apply a noise
gate.

e Route mic cables and patch cords away from power cords; separate them
vertically wherethey cross. Also keep recording equipment and cables away
from computer monitors, power amplifiers, and power transformers.

By followingall thesetips, you should be ableto connect audio equipment without
introducing any hum.

10.9 DISMANTLING THE EQUIPMENT AFTER
THE PERFORMANCE

You should observe following points for dismantling the Equipment:
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(©)

(d)
(€)

(f)
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You should seek approval or consent of the Contact Person before starting
the dismantling Process.

Once permission of the Contact Person has been obtained, disconnect Power
supply and then Grounding arrangement if an additional Grounding
arrangement has been done.

After disconnecting Power supply, remove delicate and costly equipment
and pack them in their respective packing's.

Remove the cables from site and wind them in suitable cable drums.

Check theinventory with respect to List of Inventory got issued from Stores
before starting return journey from the site.

Hand over all theitemswhich weretaken on loan from storesfor the purpose
of the event.

10.10 WHAT HAVE YOU LEARNT

In thislesson you learnt about the components of audio chain, different types of
cables and connectors, installing and assembling various equipments, phantom
power etc., connecting thevari ous equi pmentsfor functioning, performing sound
checks and hum prevention and finally dismantling the equipment after the
performance.

10.11 TERMINAL QUESTIONS

1.

3.
4.

Define Audio Chain . List the various components used to connect studio
equipments.

What are the different types of recording devices that can be put to usein a
recording studio ?

Discuss the importance of performing sound checks.

What factors should be considered to prevent Hum Sound ?

10.12 ANSWERS TO INTEXT QUESTIONS

1.

2
3.
4

Audio
2MV
balanced
TRS
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HEALTH AND SAFETY

11.1 INTRODUCTION

Safety considerations are integral part of any technical working area/ setup.
Mediaand Entertainment industry or any studio technical production facility too
has some safety issues. It isvery important for asound assistant or technician to
know about related health and safety considerations and care required to be
taken, to prevent the possibility of accidents. Inthissection, youwill learnabout
the preparations which are made at the sound studio and precautions taken for
varioustypes of health and safety considerations.

Theaim of thislesson isnot only to let you know asto what measures should be
taken to prevent bad happenings or accidents at production but also Do’'s and
Don’'tsto befollowed inwork environment. Itisalsoto let you know about good
habits/ precautions to be followed in arecording studio.

11.2 OBJECTIVES

After going through this lesson you will be able to:

e explainthe necessity of safety inthe studio area.

e describethe details of safety measureswhich are required to be taken for the
safety at production area.

e enlist the safety measures to be taken care of while handling various sound
recording equipments

e explain safety measures to be followed while handling electrical mains
equipments

e describe how to handlefire fighting equipment and providefirst aid.
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In previous lessons, you learnt about the working and components of various
audio equipments. But, in order to get maximum yield from such equipments, it
isnecessary tofollow certain preventivean corrective maintenance proceduresto
maintain healthy and safe work environment.

11.3.1 Observation of the Health and Safety I nstructions

Safety instruction and guidelines should be observed by each and every person
religiously infull manner, asnon-observance of statutory ordersof safety by any
person causes accidents. Accidentsdo not differenti ate between thelevel/ category/
gender of the person. In studio one should beaware of electrical hazardsand risk
of electronic malfunctions. As discussed previously, in any studio, you will see
following equipments:

e Microphones

e Recorders

o Amplifiers

e Sound Mixers

e Speakers

e Routers

e WirelessCommunication Devices
e Cablesand batteriesetc.

All these material s are packed with safety instructions and these instructions are
availableontheusers’ manual. It isadvised that you study all the health and saf ety
instructions during the installation or later as per your requirement. All manuals
arealsoavailableontheir websites. Theseinstructionscan be printed out for study
and training purposes.

11.3.2 Role and Responsibility of Sound Technician

Soundtechnicianisrequiredto bealert at all thetimes, during recording hoursand
also after the recording hour to ensure that no lapses occur on the safety part at
the recording area. It is the responsibility of the sound assistant/technician to
instruct and make the crew aware about safety directives.
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Sound Assistant has additional responsibility to:

Impart awareness at the production area about the health and safety
requirements.

Procureall typesof genera and personal security/ safety devicesfor production
crew.

Non technical/untrained person should not be allowed to operate any
production equipment like, mixers or recorders etc.

Apart from these, other provisions to be taken care of with regard to safety
have been discussed further.

11.4 SAFETY DURING SOUND RECORDINGS

All electrical equipments, like recorders, mixers, should always be kept at
proper place.

At the time of necessity, the personal safety equipment must be used.
Compulsory observance of safety warning symbols must befollowed

Prohibited materials like liquids and shoes must not be brought at the
production area.

Smoking is strictly prohibited at the production area.

Don't adopt any short cuts, it may be dangerous. Its aways advisable to
follow laid down procedure instead of shortcuts.

11.4.1 General Health and Safety Procedures
The General Health & Safety proceduresinclude :

Do not wear anything with fringe or hanging material, that might get caught
on equi pment asyou aretrying to move something and might cause an accident.

Wear closed toe, non-conductive shoes.
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Anything with open toes or that can conduct electricity is not permitted in
studio area. Thispreventsinjurieswhile equipment isbeing moved and protects
you from being electrocuted.

Never ever move thing by yourself. Most of the recording equipment in the
sound studio, isvery large and heavy.

Avoid back strain or other bodily harm by working with a partner.

Never move anything, if you have previousinjuries. If you have pre-existing
back injuries, physical injuries or health issues that may be aggravated by
moving an object, notify the Studio Production manager.

Follow the safety instructions given in studios. Thiswill decrease therisk of
injury.

Keep all food and drink in the designated areas. Food is banned on the
recording area of the studio during production, practice, or preparation.

Keep all exitsfree of obstruction and keep belongingsin a designated area,
out of the way of the main studio floor area.

Turn off al cell phones or other electronic devices or set them to silent or
vibrate mode.

Never wear conductive shoes or clothing when operating equipment.

11.4.2 Sound Studio Safety

Individual technical person, production managersand production crew also have
key health and saf ety responsibilities:

Please be mindful of the plug you connect your audio cordsinto. If thereis
anything suspiciouslikeaunusual smell or sparks, notify the Studio Manager
immediately. This could mean that a plug is defective and might be a fire
hazard.

Make sure that the audio cords from the pillar to the talent are safely out of
the way from people tripping on them.

Take reasonabl e care of themselves and otherswho may be affected by what
they do or fail to do/ to co-operate with the employer in carrying out activities
intended to meet the employer’s health and safety responsibilities, e.g. by
following instructions, using personal protective equipment, reporting
accidentsand near-missincidents.

Work within thelimits of their competence; to attend training asrequired by
the employer.
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Other aspects of sound studio safety include:

(a) Protecting Studio Hardware

You must have seen that sometimes there are lot of harmful line voltage
fluctuations, above or below the normal power levels. These are very harmful to
the studio equipment. Therefore in such circumstances one should use an
adequately powered uninterruptible power supply (UPS).

A good quality UPS constantly chargesthebatteriesso asto provide uninterrupted
regulated power supply. This battery supply is again regulated and used to feed
sensitive studio equipment such as computer etc. with a clean and constant
voltage supply. This helps protect studio hardware equipment

(b) Protecting studio software

Software which initially come along with the equipment gets usually outdated
after few years, therefore, one should periodically update it from time to time.
Also, it should be ensured that it ismalware free.

(c) Reading Manualswhileinstalling and disassembling sound equipments

Before installation or disassembling, one should go through al the instructions
written on theaccompanied manual, in hard or soft copy, for better understanding
of the finer points of the studio system.

(d) Protecting recorded data

To protect the recorded data, there should be rigorous and straight forward back
up scheme. Generally data should be backed up at three places and one of these
should be offsite.
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11.5 PRECAUTIONSWHILE WORKING WITH

Notes ELECTRICAL MAINS OPERATED
EQUIPMENT

After considering the practical aspects of the safety of the personnel, handling
electric equipment at work, the following points are summarized:

1. Turnoff the breaker to the circuit you are working on. Don'’t trust the labels
inthe breaker box. The preferred thing to do isfirst turn on someload (light,
radio, etc) that is at the actual location that you are going to work on, and
then observe that it goes off. It is difficult to work on old wiring as the
previous repairs might have meshed up the wiring to the extent of creating
chaos.

2. Confirm that the electricity is actually off by testing at the fixture you are
working on with a voltage tester or seriestest lamp.

3. After following steps 1 and 2, use an insulated tool to short the live wire to
the ground in the equipment you are working on.

4. MakeSurethat the Electricity staysswitched off all thetime, whilethewiring
work is going on.

5. Notify everyoneintheareathat you are working on the el ectricity, and warn
everyone not to fiddle up with it.

6. Unlessyou can clearly seethe breaker panel fromwhereyou will beworking,
put abreaker lock on your breaker. If you don’'t have abreaker lock, then at
least seal the breaker box with tape and place a bold note warning not to
turn the electricity on. A breaker lock with the key in your pocket is best.
Otherwise, atape with anote may be used.

7.  Whileat work keep in mind that power isavailable at the main switch. Make
sure that nobody switches it on unknowingly. But, work very cautiously,
assuming that you are working on live wire.

8. Asapart of safety measures, wear shoes or boots that have thick insulated
soles.

9. Avoidworking onwet ground or floors. Never work on apanel or other live
wire while standing in water, or while you are wet.

10. Usetoolswith insulated handles. You can observe senior electriciansusing
screw-driversthat haveinsulated conducting part. Such measureswill protect
you from accidental physical contact with the metal part of the screw-driver
in case it comesin contact with thelive wire.
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11. Make sureto useal the tools which are properly insulated asillustrated in
Fig.11.1.

Notes

N\ £ =

(@) Insulated Plier (b) Nose Plier (c) Neon Tester
(d) Wire Cutter (e) Crimpimg Tool (f) Hand Gloves

Fig. 11.1: Insulated hand tools used in electrical wiring.

12. Avoid overloading on an el ectrical socket by connecting several loadsin one
socket. Refer to Fig. 11.2.

Fig. 11.2: Overloaded power stripper.

13. Makeahabit of not touching the ground with one hand while you work with
the other hand. That way if you aget shock it won’t be as severe. Some guys
put one hand in their pocket if they are working on something live.

Sound Technician
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The leading causes of electrical fires are loose connections. The leading
causes of loose connections are distracted el ectricians. Theelectrician should
develop good work habits, and eliminate distractionsfrom work place usually
due to presence of end usersi.e., the customers.

Wear eye protection. Spark melted copper during electrical fire hazards
adversely effectsthe human eye.

If you use aladder, it should be made of wooden or another non-conductive
material.

11.5.1 Additional Tipsfor Safety

1.

Electrical safety is without question, the most important aspect of any
electrical work. And just like anything we do in life, fear comes from *not
knowing'.

All it takesisone mistake. Some of the senior electriciansusually boost and
dare to work at live circuit with leniency. 230 volt AC is lethal. Shut the
power off to any circuit that you are working on . Confirm the power is off
with a simple pocket tester, a multi-meter, or lamp, blow dryer or another
similar appliance.

Keep atorch near your electrical panel at all times. It will be useful during
night hoursjust in case of apower failure.

Beextracareful and precautiouson electrical systemsintherain, or in damp
or wet locations, or where power is not completely shut off.

The best types of shoes are rubber-soled shoes and when possible stand on a
rubber mat, or dry wooden floors or sub-floors. Never work barefoot or in
socks or dlippers and don’'t assume that it's safe to work without rubber-
soled shoes on concrete floors. Concrete is conductive, particularly when
it'sdamp.

Anything can conduct electricity if the conditionsareright. Even aninsulator
also. By definition, aconductor alowsthe flow of electron and an insulator
resists the flow of electrons. Similarly, dry concrete is bad conductor of
electricity, while wet concrete conducts.

As soon as you turn off the power to an MCB, put a tape on the breaker.
Provision to lock it off is even safer. Tag it out. This procedureiscaled as
lock out/tag out.

If you are working with fuse panels instead of breaker panels, when you
remove afuse, use only one hand to removeit. Put your other hand either in
your pocket or behind your back, and that’s a good practice to develop
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anyway. This helpsto keep you from grabbing acircuit with two hands and
providing apath for the el ectricity to flow through your heart. Now, el ectricity
can still flow through one hand and one foot and pass through your heart,
but if you've taken the other precautions as mentioned above, you will
minimize your exposure to that hazard.

Last but not the least isan important tip about tool use. It isworth spending
alittleextramoney to purchase quality tools. Hand toolslike lineman pliers,
screwdrivers, wire strippers, and other hand tools are used for electrical
work. For instance, Good wire strippers will prevent you from nicking or
skinning the wires. Good screwdrivers will prevent slipping out of screw
heads or rounding them out. Good tools not only improve the quality of
your workmanship, but improve your confidence aswell.

INTEXT QUESTIONS 11.1

1.

2.

One of the following statementsis not true about electrical wiring:

() Notify the persons orally in the area that power is switched off for
electrical maintenance.

(i) Switchoff theMCB, put sticker and fix atag with the caption * Electrical
Maintenance in Progress, Please, DO NOT OPEN’.

(iii) Keepinmind that other side of the main switchisLIVE.

(iv) Take written permission from the shift incharge before starting
maintenance work.

Write in your own words the steps of precautions, in sequence you should
follow, in order to avoid electrical accidents?

State whether the following statements are true or false.
(i) OneMCB may be connected to more than one sub-circuit at atime.

(i) Once MCB is switched off, it is not important to test the load end for
accidental presence of potential.

(iii) The bare steel rod of neon tester or screw driver may be covered with
PV C tapeto avoid accidental shock whileworking with live wire.

(iv) Thedamp cemented wall of your bathroom can never conduct el ectricity.
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11.6 HANDLING ELECTRIC SHOCK
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Thisisbio-medically proved that the current that ahuman body can safely endure
is5milli amperes(mA) at 50to 60 Hertz of supply frequency. When aperson gets
an electric shock, most often, the current passes through the breathing centre at
the base of the brain and causing the centre to stop sending out nervousimpulses
which act upon themusclesresponsi blefor breathing. Asaconsequence, breathing
stops abruptly.

If the shock has not been severe, after atime the breathing centre recovers and
resumes the necessary duty of sending impulses to the muscles of breathing. In
severe cases, the immediate use of artificial respiration, substitutes the natural
breathing blocked by the shock. The current may paralyze the breathing centre
which may require even 8 hours of artificial respiration without a stop, for again
causing the natural respiration to take place. Victims of electric shock are
unconscious but in most of the cases, their hearts are working and blood
circulation continues.

In case, the breathing centre has stopped working, thistreatment requires prompt
artificial respiration with greatest possible promptness. If at al, the heart is
effected intheel ectric shock, greatest precautions prescribed by theexpertsisthat
no time should bewasted in trying to find out if heart is beating and working and
cardio —pulmonary resuscitation (CPR) should be started. All staff should have
prior training in CPR

11.6.1 How to Disengage a Person
1. Theman connected to the supply should not be touched with bare hands.
If the switches are nearby, they shall beimmediately put off.

2.
3.  Remove the person to a safer place.
4,

If the switches are however not close or nearby and if they are unknown to
first reaching person, he/she should make use of some insulating material
such as wood, dry cotton or cloth, dry rope etc. to pull the person away
fromthemains.

11.6.2 Methods of Artificial Respiration and First Aid

There are three well known methods of artificial respiration. Just as soon asthe
person is disengaged from the mains, he should be laid prostrate. The mouth
should be examined with a finger, if any false teeth, betel leaf, tobacco and
chewing gum etc. are present. They should immediately beremoved. Thetongue

Sound Technician




Health and Safety

should also be examined and if it isin twisted position, then it should be brought
into correct position.

1. Schafer’s Prone Pressure M ethod

1. Thepersonto giveartificia respiration should seat himself over the patient
with his/her knees spread around the hips of the victim and his two hands
should be straightened.

2. He should lean forward exerting pressure with his hands on the small of
back of the victim.

3. Thisway the chest of the victim should be pressed and he would artificially
exhaleasshowninFig. 11.3.

Fig. 11.3: Schafer’s Prone Pressure Method — step 1.

4. The operator should release the pressure and lean backward, the chest of
victimwould expand and hewould artificially in-haleasshowninFig. 11.4.

Fig. 11.4: Schafer’s Prone Pressure Method — step 2.

5. Theoperator should synchronizetheforward and backward motion with his
own exhaleand inhale, respectively.
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6. Thiscycle of motion should be about 15 times a minute as normal rate of
breathing is 15 timesaminute.

Normally one person cannot givethisdrill continuously for an indefinite period,
S0 at convenient interval s persons must change hands at the drill and continueit
without abreak. The convenient interval may befrom 45 minuteto 1 hour. While
changing turns, the cycles of artificial respiration should not be broken.

This method is considered as best method.
2. Silvester’'s M ethod

1. If itisnot possibleto lay the person prostrate because of injuries or burns,
he/sheislaid on his/her back as shownin Fig. 11.5.

Fig. 11.5: Schafer’s Prone Pressure Method — step 2.

2. The person to give this drill should seat himself on the side of head of the
victim. He should hold the arms of the victim below the elbows.

3. Pressthearmson thechest of thevictim and turn to bring toward hishead as
far aspossible.

4. While pressing the arms, the chest of the victim would artificialy exhale
whilein backward motion of the arms, the patient would artificially inhale. It
should be remembered again that the operator synchronizes hisinhale and
exhaleto the pressing of the arms of the victim to his chest and flaring them
backward. The cycle should be 15 timesin minute.

11.7 EXTINGUISHING ELECTRIC FIRE

The following steps should be observed for putting out electric fire:
() Switch off electric supply to the affected area.
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(i) Usefire extinguisher meant for dousing electric fire e.g., carbon-di-oxide,
dry-chemical powder etc. Other fire extinguisherse.g., water, sodaand foam
type are not suitable for electric fire.

(iii) After extinguishing fire, isolate the system and do not switch on till it is
thoroughly checked by aqualified el ectrician/supervisor.

11.7.1 Typesof Fire Extinguishers

Fireextinguishersaredevicesused for putting-out fires. Thereare good numbers
of fire extinguishersavailable but all of them are not suitable for electric fires.

(i) Water: Water isacheap and easily available medium to extinguish fire. But
it cannot be used on electric firesasit may cause death dueto electric shock.

(i) Sand: Sand buckets are kept in the substation to extinguish fire. Sand can be
used on electric firesaswell.

(iif) Sodia-acid extinguisher: Thistype of extinguisher consists of metal cylinder
filled with sodium bicarbonate and water, when plunger mounted on the
cylinder is actuated by striking the plunger over a hard flooring, a small
container insidethemetal cylinder containing H,SO,, isbroken. Thiscauses
chemical reaction of sodium bicarbonate and acid resulting in formation of
carbon-di-oxide which is used to extinguish fire. This extinguisher is not
suitablefor electricfire.

Itsgood to have practical demonstration of firefighting and first aid arranged for
all the staff working in the studio area at regular intervals.

INTEXT QUESTIONS 11.2

1. A human victim has undergone shocking current of 300 mA between hand
and chest. Consider hischances of survival.

2.  Writethe stepsto put off electric fire.
3. Why water cannot be used for electric fire?
4. Fill theblanks:
() Sand buckets are kept in the substation to ...................

(i) Onpassageof ........ccce..... mA of current uncontrolled movementswill
take place due to fear.

(iif) Improper/no earthing in appliances, apparatusand installationisasource
(o] [N
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11.8 WHAT HAVE YOU LEARNT
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Safety precautions to be observed while working in studios

e Basic safety measuresto be taken in order to avoid any electrical accidents
during work.

e Stepsof first aid in order to minimize theinjuries after electrical accidents.
e Application of artificial respirationto thevictim.

e Stepsof fireextinguishing in case of electrical accidents.

11.9 TERMINAL QUESTIONS

What are various factors affecting severity of electric shocks?
Explain various sources of electric shock and how to avoid them.

1

2

3. Describevarious methods of providing artificial respiration.
4. What arethe causes of electric firesand how to avoid them?
5

What are varioustypesof fireextinguishers?List any two fire-extinguishers
suitable for use on electricfire.

6. What are the specific safety precautions to be observed while working in
studios.

11.10 ANSWERSTO INTEXT QUESTIONS

111
3. (i) Fdse (i) fase (i) true (iv) fdse
11.2
4. (i) extinguishfire
(i) 20mA
(iii)  electric shock

11.11 REFERENCES

1. Electrical technician (601, 602) NIOS, August 2011.
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RECORDING AND CAPTURING
SOUND

12.1 INTRODUCTION

Recording and capturing sound isacomplex processwith alot of considerations
tobemadeprior totherecordingitself. For example, thereisthe need to know the
typeof sound or “ production” that isrequired, the usage of thefinished recording,
etc. These are just afew of the considerations that are taken into account before
the recording process actually starts.

In this lesson you will learn different production types and their respective
requirements. You will also learn the process of recording sound, the techniques
used to achieve optimum results during recording and the qualities required for
any sound recording to be up to the professional standards.

12.2 OBJECTIVES

After reading thislesson, the learner will be ableto :

e discussdifferent production typesand their process
e explaintherecording process

e explain how to achieve ahigh quality recording

12.3 PRODUCTION TYPES

Theforemost part of any production isto contemplateitstype. Every production
typehasitsown requirements, itsown target audience, itsown production values
and its own equipment setup. For example, if the production is talk or speech
based, the production requirements will be an audible vocal range with no
unnecessary noises. The target audience group will be people looking for
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information, such asstudents, newsenthusiastsetc. The productionvaueswill be
information based such as educational, news, discussions, etc. The required
equipment will be considerably very limited. The maximum list you might need
will be a microphone, a mixer, a headphone, speakers, a recorder, an audio
compressor, an expander and alimiter. Ontheother hand, for amusical production
you might haveto useaconsiderably larger setup. The equipment list might beas
follows. A multichannel mixer with at least 16 inputs, microphones as per the
instruments involved in the show, multiple headphones, external effects like
reverb, delay, etc.. speakers, amplifiers, compressors, limiters, and thelist might
go on to cover cross faders, equalizers etc. Thiswill be arelatively larger setup
than a speech based production.

There are basically three types of production scenarios. They are,
1. Studio Sound

2. FilmSound

3. LiveSound

These can be further categorized into

(d) Speech based content; or

(b) Music based content

Let ustake alook at these production types one after the other.

12.3.1 Sudio Sound

Studio Sound production has high standards. The final product has to be of the
highest quality in terms of sound and production values. The requirement is to
have areally good sound with good frequency response a good dynamic range,
good signal to noise ratio (SNR), etc. Basically, the end product has to be of
industry/ professional standards. Such asound can beonly obtainedinacontrolled
environment (astudio is built as a controlled environment to avoid unnecessary
reverberations and noise).

Thisproduction typeisused for recording different audio contents such asmusic
albums, speech, dialogues, film scores, etc. If you notice these contents, when
usually heard, arerecorded in high quality. The usage of these contentsisusually
for commercia purposesand also for community servicesaswell. For example,
the film score asthe name suggestsis used as the background music for an entire
movie. This production will involve amixture of acoustic or “real” instruments
anddigital instruments. Usually these productionsaredone onahigh scale, which
requires a controlled environment. Thus a studio is used. For community uses
specia non - profit based,fully equipped studios are used to produce content.
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Based on the studio’s size and its amenities, the studio will be limited to one or
severa production types. For example, if the studio is 20ft x 30ft, the resulting

areais not big enough for a 20 piece orchestra. Hence, recording afilm scorein Notes
suchasmall studioisvery difficult. The studio, however, can be used for mixing

the recordings done involving the 20 piece orchestra. The studio with the above

mentioned measurements can beeasily used to record amusic album or dialogues

for afilm or television.

12.3.1.1 Production Process

This particular production type involvesthree stages:
1. Recording

2. Mixing

3. Mastering

1

. Recording: Inthisstage only therecording isdone. The main point that isto
be kept in mind isto have an optimum level from the microphones without
any distortion or “clipping”. Thisisthe most critical stage of the production
process since without a good recording the next two stages will not be very
effective. If acertain effect isto be recorded permanently during therecording
process then it should be applied or included in the signal path at this stage.

2. Mixing: In this stage, the recorded material is mixed according to the
requirements of the production. During this process, the final product is
achieved partially with room for modifications. Any or every effect unit is
applied during thisstage. The program producer works closely with the editor
and the final product starts to take shape. Until the mixing is finalised, the
product cannot be forwarded to the third stage which is mastering.

3. Mastering: In this stage, the mixed product is “sweetened” in other words
finalised without any further changes to be made. The only effects applied
here will be for enhancing the final product for the target audience to hear.
The audible “power” which is heard in commercial songs or film scoresis
achieved in this stage. The finalised product or “master” is further sent for
multiple copy making or any other purpose (broadcasting, etc.).

12.3.1.2 Featuresof Sudio Sound

The features of the studio sound production type are:
1. Highquality results

2. Non-chronologica workflow

3. Better control on the production process
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High Quality Results: The main production valueto usethe studio sound is
torecordin high quality. Theend product, asaresult, is of high standardsand
quality.

Non-Chronological Wor kflow: Thisisregarded asthe best characteristicin
studio sound. The production does not necessarily haveto start at the beginning
and then go towards the end. In a studio, you can record the ending first and
then go on to record the beginning and then record the in - between pieces.
For example, in asituation of recording dialogues, oneartist isavailablewhile
the other is not. Thiswill not be a problem as you can record the available
artist at thetime and then | ater record the other artist when he/sheisavailable.
The two artists might not even be involved in the same scene together!

Better Control on the Production Process: In studio sound thereisahigher
level of control on the production process. If we consider the above mentioned
example, if the scene comprises of more than five people involved, the
recording becomes difficult. The use of a studio enables the producer to
schedule the artists to avoid such problems.

INTEXT QUESTIONS 12.1

1.

Classify thefollowing production types based upon their work environment,
whether they are outdoor or indoor or both:

(i) Studio Sound

(i) Film Sound

(iii) Live Sound
Classify the same above given optionson their content type, whether they are
speech based or music based or both.

Pacethefollowing stepsin the studio sound production processin the correct
order.

() Mastering
(i) Recording
(iif) Mixing

4. List the features of studio sound.

Let us go ahead and look at the second production type which is Film Sound.

12.3.2 Film Sound

As the name suggests, this production type isfor films only. In this production
type, the soundswhichwill berequired inthefilm are decided and then recorded
acoustically using livesound or reproduced digitally. These soundsinclude sound
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effects, room ambiences or room tone, dialogues, background noises, etc. The
sound designer, director and the producer work together with the script and
decide the necessary sounds that are required. This process is called sound
spotting. Once the sound spotting is done, the sounds are recorded and alibrary
ismade. Thislibrary inreturn will be used for the sound effectsin thefilm or for
any other purpose as well.

Inthisparticular type of production, some of the soundsare recorded outdoorsin
the field and some are reproduced digitally indoors in a studio. For example, a
gunshot sound effect cannot be recorded indoors but can easily be recorded
outdoors whereas a foot step can be recorded indoors and has no need to be
recorded outdoors. These kinds of decisions are made during the sound spotting
stage. Sound spotting isthe processinwhichthefilm’sproducer, director and the
sound designer have a meeting and decide the required sounds for the film
according to the script of the film.

12.3.2.1 Production Process

This production type has three stages as well:
1. Pre-Production

2. Production

3. Post-Production

1

. Pre-Production: During this stage the sound spotting takes place and the
required sounds are decided. It isduring this stage that the sound team isalso
finalised and assigned to different jobs. Thelocationsa ong with the equipment
requirements arefinalised at this stage.

2. Production: Thisisthemost essential stage of the entire production process.
The soundsare actually recorded using | ocation recording equipment (portable
recorders, microphones, etc.). The sound effects are recorded, the dialogues
are recorded and the room tone or ambience is recorded. A detailed Edit
Decision List (EDL) isalso kept with all the details of the recorded files. For
example, an on screen artist takes five attempts to achieve a perfect scene.
Each take is recorded by the sound team. A log is made with each video
recording or “take” and itsrespective sound recording. After thisaparticul ar
recording isfinalised as the “perfect take” and entered into the EDL. At the
post production processthe EDL will be helpful tolocate and sel ect the specific
sound filefor any given sceneinthefilm. Onceall therecordingsarefinished
then the post production process starts.

3. Post-Production: Thisisalso avery important stagein the production process.
In this stage thefinalised recordings are synchronised with thefinal cut of the
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film. If there were any problems during the production stage, they will be
solved hereinthisstage. For example, if thedialogue of oneartistinaparticular
scene was not recorded properly because of too much of background noise
likeatrain or an overhead airplane;then this particular dialogueisrecordedin
the post - production stage with the artist watching the film and re—enacting
the scene. Thisprocessis called Dubbing. Sometimesthe dialogues arere—
written and are recorded at this stage while the artist watches the film. The
background music of thefilmisalso recorded and synchronized to thefilm at
this stage. The surround sound encoding is aso done (if necessary) at this
stage. This stage takes the longest time of the production process. During
this stage the sound track of the film,comprising of dialogues, music and
sound effects, will be finalised and then the film is sent further for making
multiple copies.

12.3.2.2 Featuresof Film Sound

The features of afilm sound production type are as follows:

1.

Industry Standards are met and sometimes are newly created

. Combination of Studio and L ocation Recording

2
3.
1

Non — Linear Workflow

. Infilm sound theindustry standards are met all the times and sometimes new

standards are defined or created during somefilm'’s production. For example,
aparticular scenein amovie requires you to apply a certain method which
has never been used or not used in the particular scenario; you create or
“define” anindustry standard at that very moment. The current standardsthat
areprevalent inthefilmindustry were defined previously by someone or the
other.

Thisparticular production typeisamost always acombination of studio and
location recording. Most of the sounds are recorded at locations but a few
which are not available in the outside world have to be created digitally and
henceastudioisused. Also, thefinal stagein the production process, namely
post — production, requires the use of a studio.

This particular production type takes full advantage of the non — linear
workflowmethod. Any film is not always recorded one scene after the other
asthefilmschronology demands; but rather the scenesare recorded according
totheavailability of theartists. If oneartistisavailablethen his/her scenesare
recorded on that occasion.

L et usnow look at thethird and thefinal typeof production scenariowhichisLive
Sound
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12.3.3 Live Sound

Thistypeof productionisusedfor live showsor programmes. Almost all thework
is done in “reatime”, which means on the go. This is the most challenging
production type. This production type makes everyone involved to be on high
alert at all times. The program that will be performed will belive and hencethere
isvery low opportunity for any mistake. The processinvolvesthe assembling of
the equipment. Thenext stageisto do asound check. Thentheprogramisactually
performed liveinfront of anaudienceor broadcasted liveonthetelevision. There
isvery littleroomfor error in this production type. The sound engineer will beon
the mixer controlling all the mixing whilethe sound assistant will be responsible
for helping him with all the requirements for the event. A sound assistant will
mostly haveto hel p with the setting up of the equipment and hasto make surethat
everything works properly as per the orders given by the engineer or the
performer. This particular production type also has three stages, namely,
Assembling, Performance and Pack up.

12.3.3.1 Production Process
1. Assambling

2. Performance
3. Pack up
1

. Assembling: Thisprocessincludesthe planning of the setup, determining the
requirements of the event and then the assembling of all the necessary
equipment. Thisisthe most time consuming stage of the production process
since the production team will face a lot of problems and they have to
troubleshoot them as well in order to carry out the event successfully. This
stage requires the maximum man power to do all the setup process. Thisis
also a stage requiring due care as the equipment handled will be very heavy
and hasto be set up /wired. If proper careisnot observed then the results can
be harmful (dueto use of high power supply).Due care thereforeisrequired
to betaken as per safety precaution detailed in Chapter on Health and Safety
considerations

2. Performance: Thisprocessisthe most crucial stage of the entire production
process. Since the event islive, thereis next to no room for any errors. This
stage relatively is simpler than the setting up stage. Only a few people are
required to carry out this stage of production. The people usually involved
are the sound engineer, the sound assistants and the stagetechnicians. Thisis
the most challenging and the most entertaining stage in this production.

3. Pack Up: Thisisthefinal stage where the event is over and the equipment
that was used hasto be packed up. This stage al so requires more man power.
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It isalso astage requiring due care and attention since any equipment can fall

and hurt someone. Most of the equipment used for live sound is very heavy
Notes and needsto be handled carefully.

12.3.3.2 Featuresof Live Sound

The features of the live sound production type are:
1. Reatimeperformance

2. Noroom for error

3. Timelimit

1. Realtime performance: The program will be performed in real time, this

means that all processing and decisionswill be done or taken at the moment
while also trying to achieving the best sound quality possible.

2. Noroom for Error: Asthe production is live, there is no scope for errors
during this production. Any errors committed during the production will not
be correctable in comparison to the other two production types.

3. TimeLimit: The production hasto be finished within atime limit. Thereis
no freedom to make later changes to the content that was performed. All the
processing has to be done simultaneously with the production.

12.3.3.3 Outdoor Recording

Recording outdoorsisachallengeinitsown. Therearealot of mattersto betaken
into account. There are a few parameters to be kept in mind while recording
outdoors. These are as follows:

1. ThelL ocation: Alwayskeep thelocationin mind. Every location will haveits
own limitations for recording sound. For example, every restaurant can vary
one to another in its loudness. Every room will have its own reverberation
time. Thetimetaken for asoundto dieinaroomiscalled reverberationtime.
Do select an appropriate location as per the recording to be made.

2. Thenatural circumstances: These might not be suitablefor arecording but
the location could be perfect. This situation demands the use of certain
equipment to neutralize these natural circumstances. For example, if the
location istoo windy, then acover/wind shield can be placed on the microphone
to take care of this problem.

3. Equipment: Theequipment used for outdoor recording will be different than
the onesused inastudio. They haveto be rugged and sturdy for transportation
and functioning. Always keep in mind to choose the right equipment while
recording outdoors.
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4. MultipleRecordings. Alwaysrecord the same part at | east twice like standby
recording. Thiswill help to have achoicewhen using therecording el sewhere.

INTEXT QUESTIONS 12.2

1. Whichof thethree stages of film sound productionisthe most time consuming?

2. Enumerate the features of film sound and live sound.
3. Which isthe most dangerous stage(s) of the live sound production process?
4

. What are the parameters to be kept in mind while recording outdoors? List
two.

12.4 RECORDING PROCESS

In the previous sections you have learned the different types of productions and
you must have aobtained asimple understanding of the sound requirementsfor all
of these production types.

In thissection you will learn the most basi c recording processwhich will slightly
vary according to the various production processes. The recording processis as
follows:

Know the e Microphone
Production =3 Salection [ q Assembling 3 Place_men,t, [ ¥ Rehearsal [ Recording
Type or "Miking

Let us take alook at these steps one after the other.

1. Know the Production Type: The first step in the recording process is to
know the production type of the program to be recorded. This will help
significantly in the next step of equipment selection. Every production type
will change the list of equipment that will be required during the recording
process. Knowing the production typeisthefirst and the most important step
in the recording process. Every decision taken afterwards will be on this
step’sbasis.

2. Equipment selection: The next step in the recording processisto select the
equipment required for the recording. Here, you will select your equipment
keeping the production typein mind. For example, therewill bearequirement
of one or two microphones during a speech based program but asignificantly
larger number of microphoneswill be required for amusic based program.

3. Assembling: The next step in this processisto assemble the equipment in a
proper chain as mentioned in lesson on Assembling and disassembling of
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equipment. This process is very critical as you will have to decide which

equipment comes after another. The audio chain has to be decided in this
step. The most basic chainisasfollows:

Microphone COmpressors, Cross s
CEUGIS
Reverbs Etc, Faders P

4. Microphoneplacement or “Miking”: Thisprocessisavery important step.
The concept behind this step isthat the microphone captures certain frequencies
of the same source at different positions which then results in the source
sounding different with every microphone placement. Theaimto be achieved
in this step is to attain a natural sound of the sound source. Try several
microphone placements and experiment with the placement of the sound source
itself!

Notes

You have learned different “miking” techniques in the lesson discussing
microphones. Therearealot of waysyou can“mikeup” asound source; and
every time the source will sound a bit different. Do not be afraid to try new
miking techniqueshere.

5. Rehearsal: It is always important to have a rehearsal before the actual
recording starts. If the different microphone placementsdid not work to attain
the desired sound, then this can be achieved using the other equipment. This
step will enable you to tweak the sound source through the mixer and other
outboard equipment to achieve the required sound. This process will aso
allow the sound source to practice with the new modifications around them.
It isalways helpful to request the artist to perform asif the recording isgoing
on. Thiswill help in setting up of the headroom for the recording process.
Headroom isrequired to avoid sudden peaksin the recording signal. Thisis
achieved by observing the loud parts of the program and then reducing the
master fader to acomfortablelevel wherethese peakswill not distort even if
they occur during the recording.

6. Recording: Oncetherehearsal iscomplete, you will be ready to record the
sound source. In the previous steps have been followed accurately, then the
recording will be high quality and there will hardly be any requirement to
tweak the equipment during the recording process. There are afew pointsto
be kept in mind during recording. The studio hasto be silent and the artistes
haveto betold not to make unnecessary sounds during the recording process.
The headroom hasto be constantly monitored asto avoid peaks. At the same
time the audio signal should not become very weak asto not be audible.

Oncethesestepsare carried out accordingly, theresulting sound or recording will
be of ahigh quality and of professional standards.
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125 THE PERFECT SOUND

In order to achieve a perfect “take” or “Sound”, you will have to have a good Notes
knowledge of thetheory part of Sound whichyoumust havelearnedintheearlier
chapters. The key elements to observe in a perfect take are asfollows:

. The Frequency Response

. Distortion

1
2
3. Noise
4. Signal to Noise Ratio (SNR)
5

. Headroom

6. Dynamic Range

A brief re-capulation of these parameters in the context of recording is given
below:

1. TheFrequency Response: Thefirst and foremost factor to watch out for is
the frequency response. Any good studio recording will have a noticeably
good frequency response. This means that the frequencies recorded during
the recording process are asflat or natural or “uncoloured” as possible. This
process will include determining a good microphone to capture frequencies
and “recreate” or record the sound source as accurately or natural sounding
aspossible. The equipment used to achievethiswill haveto be of high quality.

2. Distortion: Any sound which goes above the maximum amplitude acceptable
inarecording is called asadistortion. This recorded sound will be too loud
and eventually givea“tearing” sound when played through the speakers. To
prevent such unwanted sounds, a brick-wall limiter is used or the headroom
ismanaged to accommodate theseloud sounds. Alwaystry to avoid distortion
while recording.

3. Noise: Any sound which should not be present in the recording is called a
noise. This can be a crackle sound, a “pop” sound, hiss, hum, rustling of
clothes, etc. these unwanted sounds are very unpleasant to hear and need to
betaken care of. Usually these soundsare very low in amplitude but that does
not mean that they are not there; but when amplified, these sounds can be
heard. A simple Noise Gate can achieve the result of reducing these noises.
What this effect doesisto find anoisefloor and then reduce any sound below
that level toinfinity, thereby eliminating these unwanted sounds.

4. Signal toNoiseratio (SNR): This parameter definesthe overall quality of a
recording. What it means is the sound level between the noise floor and the
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desired audio signal. You must have learned the concept behind thisin the
chapter discussing the measurements of sound. A good studio recording will
have ahigh SNR whereas an outdoor recording might not have agood SNR.

Headroom: Always give a little bit of headroom when recording to
accommodate loud sounds. These can belater edited and reduced to adesirable
amount but while recording these loud sounds should not clip (see glossary).
Thisfactor isvery important for live sound sincethereisawaysapossibility
for loud noisesduring alive event. Always keep the master fader of theAudio
mixer at least 3dB bel ow the maximum setting on the board.

Dynamic Range: In order to give good headroom the most common mistake
committed by theRecordist isthat they compromisewith the overall loudness
of the content being recorded. This in turn affects the dynamic range of the
recording. Thedynamic rangeistheoverall amplitude of the recording without
the recording being distorted. This factor should always be kept in mind to
not let the recording distort. There are a few ways to avoid this common
mistake. An Audio Compressor or aLimiter can be used to keep therecording
levels strong and within control at the sametime.

Onceyoutakeall thesefactorsinto consideration, theresultant recording can and
will be aperfect take.

INTEXT QUESTIONS 12.3

1. Listthe steps of arecording process.

2. List the factorsto be observed while recording.

3. Atwhat level should the main fader of the audio console be?

12.5 WHAT HAVE YOU LEARNT?

After reading the lesson, one can say that following important points have been
learnt:

Different production types — Studio Production, Film Production and Live
Production.

The stages involved in studio sound production — Recording, Mixing and
Mastering

The stages involved in film sound production — Pre Production, Production
and Post Production.
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e Thestagesinvolvedin live sound production—Assembling, Performance and
Pack up.

Notes
e Parametersto be considered while recording outdoors.

e The Stepsinvolved in agood recording process.

e Howtoachieve aperfect take—Good Frequency Response, Low Distortion,
Low Noise, Good SNR (Signal to Noise Ratio), good Headroom, good
dynamic range.

12.6 TERMINAL EXERCISE

. Briefly explain thethree stagesinvolved in studio sound and their importance.
. Enumerate and discuss the characteristics of film sound production.

. Describe the live sound production type.

1

2

3

4. What isaperfect take?
5. Explain Miking.

6

. What isreverberation time?

12.7 ANSWERSTO INTEXT QUESTIONS
121

1. Studio sound — Indoors

Film sound — Indoors and outdoors
Live sound — Outdoors
2. Studio Sound —Music
Film Sound —Both
Live Sound — Both
3. Recording
Mixing
Mastering
4. Highquality results
Non —chronological workflow

Higher control on the production process
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12.2

Notes 1. Post Production Stage
2. Industry Standards are met and sometimes defined
Combination of Studio and L ocation Recording
Non — Linear Workflow

3. Setting up and Pack up stages

12.3
1. The Frequency Spectrum, Distortion, Headroom, Loudness

2. 3dB below the maximum setting on the audio console.

12.7 GLOSSARY

1. Clipping—the point wheretheincoming audio source hitsthe highest possible
loudness achievable by any equipment.

2. Chronology —the order in which aprocessis carried out.
3. Realtime— something done at the moment or while a processis running

4. Distortion — any unwanted noise which sounds as the speakers are tearing
during playback.
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