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About This Sound Engineering Course
The Sound Engineering Course has been produced by Institute of Knowledge Society. All
materials produced by the Institute are structured in the same way, as outlined below.

How This Sound Engineering Course is Structured
The Course Overview
The purpose of this overview is to provide you with a general introduction to the course
and it will help you to understand:


If the course is suitable for you



What you can expect from the course



Study skills you will need



Where to go for help



Course assignments

The Course Content
The course is divided into units, each comprising :


An introduction to the unit



Unit outcomes



New terminologies



Core content of the unit with various learning activities



A Unit summary



Assignments
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Course Overview______________________________
Welcome to Sound Engineering
This course will give you a detailed idea about sound, sound production and post production. We
have introduced the recording, editing and mixing techniques with audio software tutorials,
which will enhance the practical side of audio production. The course is designed keeping in
mind the theoretical as well as the practical aspect of sound production.

____________________________________________________________
Sound Engineering
The Audio Techniques: Is This Course For You?
This course is intended for people who are studying sound and its various aspects. People who
aspire to become a sound engineer, composer or editor can also refer to this course as it has
audio recording, editing and mixing techniques. It is useful for you if you are dreaming of a
career in any type of audio or audio–visual media.

__________________________________________________________________
Course Objectives
The objectives of this course are:
 To enhance an understanding about the concept of sound.


To make students understand about the nature and use of sound.



To teach the aspects and procedure of audio recording, editing and mixing.



To provide practical knowledge about audio production and post- production.

___________________________________________________________________________________

Course Outcomes:
Upon completion of Error! No text of specified style in document.: The audio techniques you will be
able to:


Understand what is sound?



Understand the history and development of sound.



Work on various audio softwares.



Produce your own audio piece or show



Edit and mix various audio projects. .



Understand the complexities and difficulties in audio production.

___________________________________________________________________________________

Timeframe
Within the period of 3 months the course can be delivered thoroughly.
Two months of formal study are required to understand and practise software.
It is a practical course so you need to practice on software‘s till you get perfection.
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__________________________________________________________________
Study Skills
As an adult learner your approach to learning will be different from your school days: you will
choose what you want to study, you will have professional and/or personal motivation for doing
so and you will most likely fit your study activities around other professional or domestic
responsibilities.
Essentially you will take control of your learning environment. As a consequence, you will need
to consider performance issues related to time management, goal setting, stress management, etc.
Perhaps you will also need to reacquaint yourself in areas such as essay planning, coping with
exams and using the web as a learning resource.
Your most significant considerations will be time and space, i.e. the time you dedicate to your
learning and the environment in which you engage in that learning.

___________________________________________________________________
Assignments
Assignments including history of sound (different era) one edited music, one edited radio
program, song mixing etc.
The assignment needs to be submitted after end of each unit.
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Unit 1____________________________________
Fundamentals of sound
Watch this introductory video on features of
video camera at goo.gl/E35ofe

Introduction
In this unit you will understand the basics of sound and its principles. It will also help you to understand
how sound gets generated and its different uses. You will also come across different elements that
constitute sound, which will provide a better understanding of sound as energy as well as a mechanism.
Upon completion of this unit you will be able to:

Learning Objectives
 Give the meaning of sound.
 Discuss how sound is made.
 Trace the history of sound recording and its growth.
 Explain the elements of sounds.
 Calculate and measure sound.

Terminology
Amplifier:
an electronic device used to increase the strength of the signal fed into it.
Decibel:
A unit used to measure the intensity of a sound or the power level of an electrical signal by comparing it
with a given level on a logarithmic scale. In simple words, we can say the degree of loudness.
Hertz:
The hertz (symbol Hz) is the unit of frequency in the International System of Units (SI) and is defined as
one cycle per second.
Rarefaction:
Reduction in the density of something, especially air or a gas
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1. 1 What is Sound?

Fig 1: Sound (Source: Wikimedia)
Sound is a type of energy made by vibrations. When any object vibrates, it causes movement in the air
particles. These particles bump into the particles close to them, which makes them vibrate causing them to
bump into more air particles. This movement, called sound waves, keeps going till they run out of energy.
If your ear is within range of the vibrations, you hear the sound. In other words, we can say sound is
simply a disturbance of molecules. These molecules can be air molecules or the molecules of solid
objects. When any kind of event happens that takes these mediums away from their restful state and
forces them to vibrate, you get a disturbance which is perceived as sound. Sound is produced by a
vibrating source that causes the matter around it to move. No sound is produced in a vacuum - Matter
(air, water, earth) must be present

Fig 2: Sound and Air (Source: Wikimedia)
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Picture a stone thrown into a still body of water. The rings of waves expand indefinitely. The same is true
with sound. Irregular repeating sound waves create noise, while regular repeating waves produce musical
notes.
So it is very clear that :





Sound is energy in the form of waves cause by vibration
When air particles vibrate from the vibrating object around them and travel in wave shapes called
longitudinal waves.
The waves are made up of areas of high pressure called ―compressions‖ and areas of low pressure
called ―rarefactions‖

When the vibrations are fast, you hear a high note. When the vibrations are slow, it creates a low note.
The sound waves in the diagram show the different frequencies for high and low notes. Actually when a
disturbance happens the molecules are compressed together and they shoot off in every direction from the
point of disturbance. These disturbed molecules will bump into each other and spread out in compressed
waves. In their wake they will leave an area where there are less molecules. Unless the disturbance is
sustained, the particles will return to a restful state. This is the elastic medium that is necessary for sound
to exist.
The more complex, the noisier the sound is - when the pattern of vibration is random, the sound is said to
be noise. Air happens to be an elastic medium and it's also very easy to disturb. A wall is much

more rigid, has some elasticity and can also transmit sound. If you strike a wall with a hammer
the vibration will travel more quickly than in air because the molecules are so close together.
However it will decay much faster because the material is more rigid.

Points To Be Noted:


Sound is produced by a vibrating source that causes the matter around it to move.



No sound is produced in a vacuum - Matter (air, water, earth) must be present!



The vibration of the source causes it to push/pull its neighbouring particles, which in turn push/pull
its neighbours and so on.



Pushes increase the air pressure (compression) while pulls decrease the air pressure (rarefaction).



The vibration sends a wave of pressure fluctuation through the air.

History of Sound

Fig 3: Era of Sound
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The "Acoustic" Era, 1877 to 1925

Fig 4: Thomas Edison (Source: Wikipedia)

December 6, 1877: Thomas Edison was the first to successfully record sound (―Mary had a little lamb‖)
on a tinfoil cylinder phonograph. This device recorded sound mechanically. As the cylinder rotated,
sound directed into a horn would vibrate a diaphragm connected to the stylus, in turn writing a groove
into the foil. On playback the movement of the stylus in the groove caused the diaphragm to vibrate, thus
turning the horn into a speaker. This device sounded harsh and did not stand up to repeated plays.

Fig 5: Edison Records Human Voice (Source: Wikipedia)
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Mid 1880s:

Fig 6: Gramophone (Source: Wikipedia)
Alexander Graham Bell develops a similar device with a wax coated cardboard cylinder called the grapho
phone, yielding better sound quality. Edison responds with the wax-based phonogram. By the end of
decade, Edison is releasing commercial sound recordings, and an early jukebox, the nickelodeon, had
been developed by Lewis Glass of the American Phonograph Company.
1887: Emile Berliner is granted a patent for the ―gramophone‖ which used a non-wax shellac disc photoengraved with a lateral-cut groove. These allowed mass production, lasted longer and sounded better than
cylinders. Berliner‘s shellac discs would herald the beginning of the end for cylinder recordings.

Fig 7: Emile Berliner's Gramophone (Source: Wikipedia)
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Late 1880s:

Fig 8: William Kennedy Laurie Dickson (Source: Wikipedia)
Edison commissions William Kennedy Laurie Dickson to build a film camera. Dickson develops the
Kinetograph which coupled recorded images with phonographic sound. The final result in 1892, the peep
show penny arcades which were first installed in 1894.

Fig 9: Kinetograph (Source:Wikipedia)
1902--1926: The era of the silent film while inventors including Edison sought to link sound
mechanically with moving film images. There were various film and sound inventions during this time,
such as the Vivaphone, Synchroscope, the Chronophone, and others but none caught on.
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Fig 10: Synchroscope (Source: Wikimedia)

Fig 11: Chronophone (Source: Wikimedia)
 As mechanical recordings on cylinders established a commercial presence at the close of the century,
experiments continued in alternative approaches to sound playback. Early research in magnetic recording
was carried out by Edison, by Bell and Tainter, by Oberlin Smith, and by Valdemar Poulsen, who later
developed the wire recorder. Edison also looked into wireless transmission, as did Amos Dolbear and
Guglielmo Marconi, who was able to develop his ideas into what we now know as radio.

The "Electrical" Era, 1925 to 1945 (Including Sound on Film).
When the first commercially operated radio station, KDKA, Pittsburgh, went on the air in 1920, it
foreshadowed the end of the acoustic era. By the mid-1920s, advancements in areas such as microphones
and loudspeakers that had been spurred by the advent of radio were also being applied to recording.
Western Electric introduced electrical recording and playback systems developed at AT&T‘s Bell Labs in
1925. Long-playing records were demonstrated by Brunswick in 1925 and again by RCA in the early
1930s. At the same time, German scientist Fritz Pfleumer was learning how to apply iron-oxide particles
to paper tape for magnetic recording, and motion picture sound moved from the lab to theatres.
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Fig 12: Radio Station, KDKA (Source: Wikipedia)
Despite these promising technical developments, the 1930s were a tough period for a record industry that
found itself competing against the free content offered by radio in a time of deep economic distress. The
industry, dominated by 78 RPM records with a playing time of just three to five minutes per side,
bottomed out in the early 1930s. Fortunes began to revive somewhat in the mid-1930s, due largely to the
popularity of newly introduced jukeboxes. The outlook brightened further by the end of the decade, but
continued to be hampered in the 1940s by wartime diversion of materials, as well as by a lengthy dispute
with the musicians' union over recording royalties.
September 1925: Warner Bros. contracts with the AT&T method of sound with film and releases its
first sound with film pictures in 1926 using a system dubbed the Vitaphone. Don Juan, released in 1926
was the first film to include music on an amplified sound- track.
 May 1927: Fox Film Corporation works with a new AT&T development -- sound on film. Fox uses this
system to produce newsreels which would play prior to feature films at theatres. The first big publicity
coups was the flight of Charles Lindbergh across the Atlantic. Also memorable was the capturing of the
explosion of the Hindenburg. These newsreel shorts became known as the Movietone News.
1928: George Neumann started his microphone company in Berlin and began production of the CMV3
"Neumann Bottle" condenser microphone.

Fig 13: Condenser Microphone. (Source: Wikipedia)
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Fig 14: George Neumans Microphone (Source: Wikipedia)

1.2 Stereophonic Recording/ Advances in Film Sound
1933: King Kong was released by RKO and made film sound history. Murray Spivak, who did the
sound design for the movie, was the first person to manipulate sound in a creative way. Spivak used the
sound of a lion's roar slowed down one octave mixed with the sound at unity pitch.

Fig 15: King Kong Movie (Source: Wikimedia)
1933: Leopold Stokowski became involved in research with Bell Telephone Lab's early "Auditory
Perspective" experiments on stereophonic sound. Bell's most famous demonstration came when the
Philadelphia Orchestra, conducted by Stokowski, was transmitted over three telephone lines to an
astonished audience in Washington's Constitutional Hall.
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Fig 16: Leopold Stokowski (Source: Wikimedia)
1935: Alan Blumlein invented the first stereo variable area soundtrack. Earlier in the decade, Blumlein
was an inventor at the then EMI Central Research Laboratories, where he experimented with stereo sound
recording and invented an apparatus for binaural recording, as well as designing several pieces of
equipment, including a stereo microphone.
1935: The German company BASF first demonstrated Magnetic tape publicly. Tape recording was
pretty much ignored in the USA for the next decade. That changed when the Ampex Corporation (and
Bing Crosby) took an interest in magnetophone recorders brought home after the war by US serviceman
John Mullin.

Fig 17: Magnetic Tape (Source: Wikimedia)
1940: Walt Disney‘s Fantasia was the first film to be released in multi-channel format called
Fantasound. Leopold Stokowski and Disney collaborated on this innovative film. Six channels were
devoted to mixes on different sections of the orchestra, one to a distant mix, another to a balance mix, and
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ninth was added as a timing track for animators. Some important innovations grew out of this film
including: the pan-pot, overdubbing, simultaneous multi-track recording, and multi-channel sound.
1945: The innovations in speakers, amplifiers and tape recorders after the Second World War
contributed to the birth of a "Hi Fi" era that produced stereo and transistor radios and cassette tape
players.
1948: Introduction of the vinyl LP, developed at Columbia Records. The 12‖, 33 1/3 RPM LP offered 20
min per side and was more durable than the ―78‘s‖ of the time.
1949: 7‖, 45 RPM records were introduced by RCA. The single was born.
1951: Stefan Kudelski built the first Nagra portable field tape recorder.
1952: The film industry felt the need to develop widescreen formats to compete with TV. This was
Cinerama. The first Cinerama film had a wide screen format that employed 7 audio tracks.
1953: The Robe debuted as the first CinemaScope film, another widescreen format. This film used a 4
channel sound track, LCRS.
1953: Elvis Presley in the summer made his first recording at the Sun Studio of Sam Phillips in
Memphis; the second recording by Elvis at Sun was That's All Right released on July 19, 1954, taped on
the two Ampex 350 recorders Phillips used to create the "slapback" audio delay that became a trademark
sound of Sun records.
 1965: Dolby A-Type noise reduction was introduced. It was designed for use by professional recording
studios to make master tape recordings with a greater signal to noise ratio. In the early to mid 1970s it
was extended to the film industry to make movies sound better.
1976:A Star Is Born became the first Dolby Stereo film. Dolby Stereo was a 4-channel format phase
matrixed into a two-channel format. This was a sensible solution because it allowed the four channels to
be encoded into any stereo format including FM radio, record, tape, CD, etc.

The "Magnetic" Era, 1945 to 1975.
The era of the phonograph also saw the introduction of an alternative recording technology that was not
seen much by the public but increasingly used in studios. Magnetic recording, which is today used for
video and audio tape, was first introduced around 1899-1900 by the Danish inventor Valdemar Poulsen.
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Fig 18: Valdemar Poulsen (Source: Wikimedia)
Poulsen envisaged that it would be useful for office dictation and telephone recording, but his
"telegraphone," manufactured in the US and Europe by various firms, never took off. It was virtually
forgotten in the US, but inventors in Germany and England persisted.
The earliest version of the telegraphone looked somewhat like a cylinder phonograph. For simplicity's
sake, the inventor wrapped the wire (onto which the recording was made) around a cylinder. The
recording head tracked the wire along the surface.
The advent of electronic amplifiers for the telegraphone in the 1920s and the introduction of an oxidecoated tape in place of the solid steel wires and bands used before resulted in steady improvements in
sound quality. The BBC, the CBC, and the RRG (the German broadcasting agency), among others, used
steel-band magnetic recorders extensively all through the 1930s.
By the end of the decade, the German companies AEG and I. G. Farben had improved the tape recorder
and its coated-plastic recording medium to the point where it could approach the best disc recorders in
sound quality. Its ability to make very long recordings and recordings under conditions of vibration and
shock helped make the "magnetophone" popular for field and telephone surveillance recordings as well.
For radio broadcasting, the best studio magnetophones exceeded high quality American and British disc
recorders by the time Berlin fell in the spring of 1945.
This AEG magnetophon was one of several versions of the technology developed in Germany between
the early 1930s and 1945. Like modern audio and video recorders, it employed a plastic tape coated with
a layer of extremely fine iron powder (modern recorders use different mixtures of iron and other
materials).
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The technology was invented in the 1930s, but remained restricted to Germany (where it was widely used
in broadcasting) till the end of the Second World War. Magnetic tape provided another dramatic leap in
audio fidelity — indeed, Allied observers first became aware of the existence of the new technology
because they noticed that the audio quality of obviously pre-recorded programmes was practically
indistinguishable from live broadcasts. From 1950 onwards, magnetic tape quickly became the standard
medium of audio master recording in the radio and music industries, and led to the development of the
first hi-fi stereo recordings for the domestic market, the development of multi-track tape recording for
music, and the demise of the disc as the primary mastering medium for sound. Magnetic tape also brought
about a radical reshaping of the recording process — it made possible recordings of far longer duration
and much higher fidelity than ever before, and it offered recording engineers the same exceptional
plasticity that film gave to cinema editors — sounds captured on tape could now easily be manipulated
sonically, edited, and combined in ways that were simply impossible with disc recordings.
These experiments reached an early peak in the 1950s with the recordings of Les Paul and Mary Ford,
who pioneered the use of tape editing and "multi-tracking" to create large 'virtual' ensembles of voices
and instruments, constructed entirely from multiple taped recordings of their own voices and instruments.
Magnetic tape fuelled a rapid and radical expansion in the sophistication of popular music and other
genres, allowing composers, producers, engineers and performers to realize previously unattainable levels
of complexity.
Other concurrent advances in audio technology led to the introduction of a range of new consumer audio
formats and devices, on both disc and tape, including the development of full-frequency-range disc
reproduction, the change from shellac to polyvinyl plastic for disc manufacture, the invention of the
33rpm, 12-inch long-playing (LP) disc and the 45rpm 7-inch "single", the introduction of domestic and
professional portable tape recorders (which enabled high-fidelity recordings of live performances), the
popular 4-track cartridge and compact cassette formats, and even the world's first "sampling keyboards" the pioneering tape-based keyboard instrument the Chamberlin, and its more famous successor, the
Mellotron.

The "Digital" Era, 1975 to the Present Day.
• 1982: The first digital CDs are marketed.

Fig 19: First Digital CD (Source: Wikimedia)
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• 1983: Return of the Jedi, was the first motion picture to be released in concordance with the new
"Lucasfilm Seal of Approval". The THX theatre sound reproduction system grew from an idea to install a
state-of-the-art monitoring system for Lucasfilm's new re-recording stage. The system's unequalized
frequency response was extended down to the 40Hz third-octave band, down one and a half dB, which was
an octave better than most theatre loudspeaker systems. Treble response was also extended in the octave
above 8kHz. Not only were the crossover and sound system marketed, but also a complete theatre
inspection package that would be marked under the tradename of the THX System.
• 1986: Dolby SR was introduced as Dolby's second generation professional recording system. Not only
was it designed to provide more noise reduction but it also provides a number of other technological
innovations that extend the recording's dynamic range and gives the user a master recording that is
indistinguishable from live sound. SR is therefore referred to as a signal processing system rather than just
a noise reduction system. Dolby began to manufacture equipment which incorporated SR and began selling
it to the recording and film industries. In 1987, Robocop and Innerspace were the first films to be released
with Dolby SR.

• 1987: The first Digital Audio Tape (DAT) players are introduced.

Fig 20: Digital Audio Tape (Source: Wikimedia)
• 1992: Dolby Laboratories released Dolby Digital with the movie Batman Returns. Dolby Digital is a
5.1 format based on Dolby's AC-3 data reduction algorithm. The digital data is placed between the
sprocket holes, which allows the retention of the analogue tracks. This allows only one release print to be
made for each theatre as well as an analogue backup. Dolby Digital has been known under several names
including Dolbey Stereo SR*D in the theatres and Dolby Surround Digital AC-3 for the home. Dolby
Digital has been chosen as the sound standard for DVD released in the United States as well as the new
DTV standard for US television.

Fig 21: Dolby Digital Logo (Source: Wikimedia)
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• 1993: Two new digital sound formats were released: DTS and SDDS. Digital Theatre Systems (DTS)
premiered with the film Jurassic Park. It involves synchronizing a CD-ROM with the film by using a
timecode track between the picture and analogue soundtrack. It uses a data reduction algorithm they call
"Coherent Acoustics" to reduce the data required for this 5.1 system. Coherent Acoustics seems to be a
variation of Adaptive Delta Pulse Code Modulation (ADPCM). DTS is the first system since CDS that is
available for both 35mm and 70mm. Like Dolby Digital, DTS uses the analoug soundtrack as a backup.

Fig 22: DTS logo (Source: Wikimedia)
• Sony Dynamic Digital Sound (SDDS) premiered with the film Last Action Hero. SDDS is unique in
that it supports 7.1 sound. In has left, mid-left, centre, mid-right, right, left surround, right surround, and
low frequency effects channel. It is the first system to exceed Cinerama as far as the number of channels
are concerned. The SDDS digital data is on both edges of the 35mm piece of the film. This is redundant
information to provide added error correction. If that fails, the analog soundtrack provides additional
support. SDDS uses the ATRAC data reduction system originally developed for the Minidisc.

1.3

Sound Principle
Sound and Vibration
Any sound, whatever it might be, is caused by something vibrating. Without vibration there can be no
sound. The vibrating body causes the air particles next to it to vibrate; those air particles, in turn, cause
the particles next to them to

Fig 23: Sound and Vibration (Source: Wikimedia)

Page 28

vibrate. In this way a disturbance of the air moves out from the source of the sound and may eventually
reach the ears of a listener. When we hear a sound , air vibrates against our eardrums causing them to
vibrate. These vibrations are detected and analysed by our brains.
Although it is usually air that acts as the transmitting medium, sound can be transmitted by other media,
e.g. water and building structures.
Sound is created through the vibration of air. When something produces vibrations, it creates sound
waves. The movement of the vibration through the air is what people hear when they hear sound.
Vibrations are the way that sound is made. For example, imagine a drum being hit with a mallet. The
drum vibrates, creating a sound wave.
The reason the drumhead creates sound waves is because it moves outward and inward, which pushes and
moves the air around it. The air gets pushed by the drumhead, so it moves faster than the surrounding air.
As the faster-moving air travels, it collides with the air around it and transfers the extra energy. The
movement or vibration of the air molecules continues to get transferred further and further away till the
energy dissipates.

Fig 24: Vibration Wave
There are many factors that can have a direct effect on vibrations and thus sound. For example, a louder
sound is produced when the vibrations are increased in intensity, and a higher-pitched sound is heard
when the vibration frequency is increased. In fact, the frequency of the vibrations is what allows an
organism to hear. There are many frequencies humans are unable to hear, but other animals, such as dogs,
can.

Wavelength and Frequency Waves

Fig 25: Sound as Wave
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What is a sound wave? Sound waves are similar to water waves. If you think of a wave in water, the start
of the cycle would be the beginning of the first wave above the waterline, continue with a wake below the
waterline, and ending with the beginning of the next wave. The difference is that sound waves radiate in
all directions, not just on a level surface like water waves do.
A sound wave is the completion of a compression and a rarefaction cycle.
The compression part of the wave is a grouping of bunched up air molecules and is similar to the wave
above the waterline. Rare faction is the separation of air particles like the wake that follows below the
waterline. Sound waves, like water waves, repeat in succession with the later waves getting progressively
weaker. Sound waves are generally caused by a sound source vibrating and sending its signals into the
air. Sound does not consist of air moving towards us in bulk; it travels through the air as a sound wave. A
sound wave consists of a disturbance moving out from a source to surrounding places with the result that
energy is transferred from one place to another. As the wave passes, the disturbance of particles is in the
direction of the wave travel.
The displacement of particles of the medium results in alternate regions of high particle and low particle
density. Regions of high particle density are called rarefactions. Rarefactions and compressions both
move in the direction of the wave travel. The particles of the medium do not move bodily in the direction
of the wave movement; they vibrate about their normal positions. Each complete vibration of a particle is
called a cycle, i.e. from its starting position to a maximum distance on one direction, back through the
starting position, then to a maximum displacement in the opposite direction and back to the starting place.
Waves can be longitudinal (the particles move in the same direction of the wave) or transversal (the
particles‘ movement is perpendicular to the wave‘s direction).
We think of sound as something we hear—something that makes a noise. But in pure physics terms,
sound is just a vibration going through matter.
The way a vibration ―goes through‖ matter is in the form of a sound wave. When you think of sound
waves, you probably think of something like this:
A wave like that is called a transverse wave, where each individual particle moves up and down to create
a snake situation.
Like an earthworm, sound moves by compressing and decompressing. This is called a longitudinal wave.
A slinky can do both kinds of waves.

Frequency
Frequency is defined as the number of cycles completed in one second. The unit of measurement for
frequency is hertz (Hz), and it is fully synonymous with the older and more straightforward term cycles
per second (cps). Conceptually, frequency is simply the rate of vibration. Frequency is the number of
times that a soundwave occurs per second. Generally expressed in cycles per second, or hertz (Hz).
• There is then an inverse relationship between wavelength and frequency
• For examples, for f = 20 Hz, λ = 56.4 ft, and for f = 20kHz, λ = 0.67 in
• Frequency range is behind size differences in, e.g. musical instruments and loudspeakers Wavelength
and the speed of sound are basics of audio terms that are dependent on each other. The length of a given
frequency wave is dependent on the speed at which the sound wave travels. The speed at which sound
travels is dependent on the temperature where the sound wave is occurs..
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Lower frequencies have longer wavelengths. Higher frequencies have shorter wavelengths. This is
determined by some simple maths. Measure how far sound travels in 1 second and divide that distance by
the number of cycles that occur in that same second.
Sound travels at a rate of 1130 feet per second at 70 degrees Fahrenheit.
If you want to know the length of a 100 hertz sound wave, divide 100 into 1130 and you will get 11.3
feet. That is the distance it takes for a 100 hertz waveform to complete one compression and rarefaction
cycle.
You can also use the same maths to find what frequency is 10 feet long by dividing 10 feet into the speed
of sound. 1130 divided by 10 equals 113 Hertz. This basic maths is very important to the physical design
of recording studios and the acoustic materials that are used to control those frequencies in a recording
space. Sounds of a long wavelength are of low frequency and are heard as deep in tone.
Sounds of short wavelengths are of higher frequency and are heard as high or shrill.
The number of cycles per second, or frequency, of sound determines its pitch.

Fig 26: Frequency and Pitch
A frequency of 1 Hz means one wave cycle per second. A frequency of 10 Hz means ten wave cycles per
second, where the cycles are much shorter and closer together.

Phase
PHASE refers to the point in a CYCLE where a wave begins. For example, here is the same WAVE
starting 1/4 the way through a CYCLE. The PHASE is .25 or 90 degrees.
 Phase is the term used to describe the actual point reached by a sound wave in its circle of
movement.
 Phase is always measured in degrees of a circle: 360 degrees corresponds to one cycle of
movement.
 Equal amplitude but displaced sound waves are out of phase with each other.
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Headroom
This is the space between the loudest point and the limit. Headroom is the ratio of the largest possible
undistorted signal to the average signal level. Average level is subject to some interpretation depending
on whether you are the sound reinforcement engineer at a concert or the promoter asking for the sound to
be louder. At a loud concert, the average sound pressure level may be very close to the maximum possible
level (very little headroom). If you are writing the spec sheet of a console, however, you want to be able
to show the greatest possible headroom above the nominal level. When it comes to electronics, the
average level is generally considered to be the equipment‘s nominal operating level. If the nominal level
is +4 dBu, a mixer with a maximum output level of +28 dBu will have 24 dB of headroom. Since there is
not much you can do about the system‘s dynamic range once you have chosen your equipment (short of
turning off the air conditioner or gagging the screaming fans), all you need to do in order to assure
undistorted sound is to provide sufficient headroom. Sounds simple, but how much headroom is enough?
So when we talk about headroom, Headroom is the amount of space in your audio between the loudest
point and in terms of technical words we say max peak in decibels or (dB), or in terms of averages which
is the loudest average section. So say I take three seconds out of the song and I measure that, that would
be an average over that three seconds. And that we measure in max peak, dB RMS, which is a fancy way
of saying overall this is how loud it is. Whereas with a peak it is like the start of a snare or the first little
accent of a synth would be more representative of what a peak is.
And a ceiling/limit is always referred to as 0dB in digital, and we refer to that usually as 0dB full scale, or
0dBFS for short, and that is decibels relative to full scale. And you may or may not know this, but when
we are working in digital environment it is so important to ensure you never go over 0. So generally the
more headroom you have in your project, the more room you have to add loudness. Contrarily if you have
less headroom you have more limits, or you are limiting how much louder you can actually push the mix.
And this is an important concept in mixing. The best mixes generally sound big. They sound loud, they
are punchy, in spite of the fact that they have plenty of headroom. And that ties back into what we
discussed earlier about how overall loudness, apparent loudness is perceived.

Gain Structure
When multiple pieces of electronic audio (or video) equipment are used together, the gain structure of the
system becomes an important consideration for overall sound quality. This basically refers to which
pieces are amplifying or reducing the signal how much. A properly set up gain structure takes maximum
advantage of the dynamic range and signal to noise ratio of each piece in the chain. No one piece is doing
a disproportionate amount of the amplification unless it is a piece designed for that function (such as a
mic preamp).
An example of poor gain structure would be a setup where a mixer‘s master fader is near the bottom,
while all the individual channel faders are near the top. The resulting level out of the mixer is the same as
it would be if all faders were at some mid setting, but the chances of distortion are much higher because
of limited available headroom in the circuits preceding the master fader, while the S/N ratio of the final
output is not as great as it could be were the master fader at a more appropriate level. Part of assembling
a system with good gain structure is making sure all the pieces can operate at the same reference level.
This is where people go wrong combining -10 dBV equipment and +4 dBu equipment. It can work under
the right circumstances, but sometimes the resulting gain structure severely compromises the signal to
noise ratio of the final result (or in some cases causes it to be distorted). Gain structure must be
considered to optimize any system where levels can be adjusted in more than one place.
Page 32

When it comes to recording and mixing, optimizing gain structure is a fundamental procedure that needs
to be understood in order to make both the correct technical and creative decisions when working with
audio. One of the most important things you can do to make an audio system sound good is to set up its
gain structure properly. Conversely, improper gain setting throughout the system can really make it sound
bad. Gain Structure is the term we use for the collection of varous gain adjustments throughout the system
– the mic preamp, the fader, the main mix output level, the input gain of a power amplifier or recorder,
and so on. Setting all those gain/level controls to work together properly is not difficult, but so often it
gets ignored. You may run across the term Gain Staging.
That is the process of setting gains throughout the system to achieve proper gain structure. There are
many ways of establishing optimum gain structure. Once you understand what you need to accomplish,
gain staging will become second nature when you are faced with new equipment. To understand gain
structure and gain staging, you need to understand a couple of closely related terms which I have
sprinkled throughout these articles – dynamic range and headroom.
The main purpose of setting the gain structure is to achieve optimum signal to noise ratio, while avoiding
clipped signals. The following signal flow diagram provides a detailed view of a typical analog-to-digitalto-analog processing chain. The pair of critical controls that determine the gain structure are the Max
RMS Input Level (dBu) and the Digital Output Gain. The pair of signal level metres that are used to
properly set the controls are the Peak Digital Input Level (dBFS) metre and the Peak Digital Output
Level (dBFS) metre.

Gain, at its simplest, is a measure of the relative amplitude of a signal after it goes through a process or
piece of equipment; gain quantifies how much the volume changed. Because we have many different
input sources of different volumes, and we would like to rebalance the volumes of those sources before
returning them back into the wild through the PA, we have many different gain levels throughout the
mixing process.

Frequency Ranges

Fig 27: Frequency Ranges
Frequency Range is the actual span of frequencies that a monitor can reproduce, say from 5 Hz to 22 kHz.
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Fig 28: Radio Frequency Ranges

Frequency Response
Frequency Response is the Frequency Range versus Amplitude. In other words, at 20 Hz, a certain input
signal level may produce 100 dB of output. At 1 kHz, that same input level may produce 102 dB of
output. At 10 kHz, 95 dB, and so on. A graph of all the frequencies plotted versus level is the Frequency
Response Curve (FRC) of the monitor. For constant input power applied to a transducer through a range
of discrete frequencies, the envelope of the output powers at each of those frequencies over the given
range. The response may either be measured absolutely in watts against hertz; by implication, e.g. volts or
intensity against frequency; or proportionately, e.g. decibels below peak output response against
frequency. A flat or level response therefore indicates equal response to all frequencies within the stated
range, e.g. for audio equipment an equal response to within, say, 1 dB for the range 20 Hz to 20 kHz.
Systems respond differently to inputs of different frequencies. Some systems may amplify components of
certain frequencies, and attenuate components of other frequencies. The way that the system output is
related to the system input for different frequencies is called the frequency response of the system.
The frequency response is the relationship between the system input and output in the Fourier Domain.

Fig 29: Frequency Response
In this system, X(jω) is the system input, Y(jω) is the system output, and H (jω) is the frequency
response. We can define the relationship between these functions as:

Decibels
The decibel ( dB) is used to measure sound level, but it is also widely used in electronics, signals and
communication. The dB is a logarithmic way of describing a ratio. The ratio may be power, sound
pressure, voltage or intensity or several other things.
The decibel or dB is the basic unit of measurement used in radio signals. It is named after Alexander
Graham Bell - that is why the B is capitalized. There are several variations of the dB used in radio.
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The difference (or ratio) between two signal levels is measured in Decibels. This is used to describe the
effect of system devices on signal strength. For example, a cable has 6 dB signal loss or an amplifier has
15 dB of gain. This is useful since signal strengths vary logarithmically, not linearly. Since the dB scale is
a logarithmic measure, it produces in simple numbers for large-scale variations in signals. It is very useful
because system gains and losses can be calculated by adding and subtracting whole numbers. Every time
you double (or halve) the power level, you add (or subtract) 3 dB to the power level. This corresponds to
a 50% gain or reduction. 10dB gain/loss corresponds to a ten-fold increase/decrease in signal level. 20dB
gain/loss corresponds to a hundred-fold increase/decrease in signal level. In other words, a device (like a
cable) that has 20dB loss through it will lose 99% of its signal by the time it gets to the other side. Thus,
big variations in signal levels are easily handled with simple digits.
The decibel (abbreviated dB) is the unit used to measure the intensity of a sound. The decibel scale is
somewhat odd because the human ear is incredibly sensitive. Your ears can hear everything from your
fingertip brushing lightly over your skin to a loud jet engine. In terms of power, the sound of the jet
engine is about 1,000,000,000,000 times more powerful than the smallest audible sound. On the decibel
scale, the smallest audible sound (near total silence) is 0 dB. A sound 10 times more powerful is 10 dB. A
sound 100 times more powerful than near total silence is 20 dB. A sound 1,000 times more powerful than
near total silence is 30 dB.
The human ear is more sensitive to sound in the frequency range 1 kHz to 4 kHz than to sound at very
low or high frequencies. Higher sound pressures are therefore acceptable at lower and higher frequencies
than in the mid range.
The knowledge about the human ear is important in acoustic design and sound measurement. To
compensate, sound metres are normally fitted with filters adapting the measured sound response to the
human sense of sound. Common filters are
 dB(A)
 dB(B)
 dB(C)
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________________________________________________________________________

Unit Summary
In this unit you learned about the basic fundamentals of sound and its different elements which affect as
well as constitute sound. You have also come across the mechanism of sound. Now you know how sound
is made and how it works when put together with its basic physics which can measure sound as well as
amplify it. You learned about the different eras of sound recording and its growth. With the help of this
unit you have a clear understanding about sound as energy and as a mechanism (physics).

________________________________________________________________________

Assignments



Record sounds at different frequencies and pitch.
Outline the growth of sound recording in different eras.



Edit and mix a radio programme, song and music.
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Unit 2
Acoustics and Soundproofing
Introduction
Often newbies mistakenly ask about soundproofing, when what they really mean is acoustic treatment.
So real quick…just to clarify:


Soundproofing makes your room quieter, by blocking out external noise.



Acoustics make your room sound better on a recording, by absorbing excessive ambience.

And ideally, any recording studio should use a combination of both.
Upon completion of this unit you will be able to:

Outcomes


Understand the functioning of soundproofing and acoustics.



Design the Sound Proof Studio.

Learn the types of material used in soundproofing and acoustics.

Terminology

2.1

Attenuation:

General term that refers to any reduction in the strength of a signal.

Elastomer:

A natural or synthetic polymer having elastic properties, e.g. rubber.

Aperture:

An opening, hole, or gap.

Frequency:

The rate at which something occurs over a particular period of time or in a given sample.

Soundproofing
Soundproofing is intended to minimize the level of sound that travels in and out of your room by:



By blocking them with heavy, dense building material.
Sealing any air gaps in windows/doors.

The benefit here is…you can record whenever you wish, without worrying about you and your
neighbours disturbing each other.
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Fig 30: Soundproof Structure-1 (Source: Wikimedia)

Soundproof Windows and Framed Glass Doors
Before attempting to understand the ergonomics of specified soundproof windows and framed glass
doors, it is necessary to diversify between specifications for standard frames and specifications for
specified soundproof frames.
First of all, any given window or framed glass door will offer a certain degree of sound attenuation;
whether this degree of attenuation is adequate or poor is another issue. Within the European Union,
standard (run-of-the-mill) windows and framed glass doors are regulated by law to provide a minimum
acceptable degree of sound attenuation. Though specifications from country to country vary slightly, on
average, standard frames are required to provide a minimum sound barrier of anything between 20 and 30
db, depending on whether the frame is installed in a quiet or urban area. If the occupant requires a higher
degree of sound attenuation, then the seeking of advice for the installation of a proper specified
soundproof window or framed glass door should be considered.
It should be noted that for every increase of 6dB in sound attenuation, the effectiveness of a soundproof
barrier is doubled, meaning that the apparent volume of sound leaking through the barrier is cut by half. A
difference of 12dB therefore, means 4 times the sound attenuation, and 18dB, 8 times the sound
attenuation, etc...
Specified soundproof windows and framed glass doors for domestic applications usually start at a
minimum specification of around 33-34dB, and can extend to a maximum performance of around 51dB
(for a single window / single door system).
In order to achieve high performance in noisy areas, a specification of not less than 40dB is
recommended.

Design of Soundproof Windows
The effectiveness of a soundproof window or framed glass door is obtained by a collective number of
design considerations working together at the same time, namely:
 Air - leakage
 Glazing
 Rubber seals
 Frame construction
 Proper installation
The ergonomics of soundproofing are unfortunately such that any failure in even one of the above design
factors will translate into the failure of the soundproof barrier to deliver the desired specification.
Transmission of sound can be compared to a balloon filled with water - one pinhole, and the water will
leak out of the balloon.
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Air-Leakage
Air-leakage, apart from causing implications with thermal efficiency, also carries sound. In theory, the
ideal air-leakage through a soundproof winow or framed glass door should be zero, but in practice a
specified air-leakage of around 0.1 % to 0.3 % is considered important. This is a negligible amount of airleakage, but allows for a minimum amount of air-exchange, which is an important health consideration.

Glazing
At least two glass panes are specified, the volume between panes being filled with 90% argon gas and
hermetically sealed. The viscosity of argon (as opposed to air) limits the amount of convection within the
sealed chamber, therefore reducing the transfer of heat across the glass assembly. The preferred reason for
using argon as opposed to a vacuum (which would otherwise offer zero convection and zero compression
features), is that the gas provides pressure balance to the outer atmospheric pressure on both sides of the
assembly and avoids the glass panes cracking and caving in. In any case, argon filled chambers are much
more related to heat efficiency than they are to actual soundproofing. The presence of a third, or third and
fourth glass pane is again related to thermal efficiency but also increases soundproofing specifications. Of
utmost importance for effectiveness of soundproofing is the width of the gap between any two given glass
panes. Two panes with a larger gap between them can perform acoustically as well as three panes with
two smaller gaps of half the width between each pane.

Gap between Glass Panes
The issue with a small gap between glass panes is related to the volume of gas sealed between them. If a
glass pane vibrates, it tends to compress the gas within the Sealed volume and transmit the vibration to
the other glass pane. The smaller the volume of gas, the more compression will be applied to the gas, and
therefore the higher the pressure (vibration) transmitted to the second glass pane. A larger gap means
more sealed volume, less compression for the same amplitude of vibration of the glass, and therefore less
transmission of sound between panes. A specified soundproof window or glass frame door generally uses
a minimum air gap of 16mm between any two glass panes (Spec. 16 Argon), and an air-gap of 20mm
(Spec. 20 Argon) for the higher specification frames. The aluminium strip (drip cap) lining the perimeter
between panes is a moisture collector. The minute holes present in the strip allow the silica gel inside the
strip to absorb moisture. The amount of silica gel present is designed to handle the sealed volume of gas
within the glass pane assembly without becoming over-saturated.

Glass Panes
Considerations of how glass panes work together is also important. Each glass pane, like any
other material structure, has a resonant frequency. This is the frequency at which it will most
likely be happy to vibrate on its own, the actual frequency being dependant on the glass
constituency and thickness. If two glass panes of identical constituency and thickness are used,
vibration of one glass pane will most likely cause the adjacent pane to vibrate in sympathy,
therefore transmitting sound between panes.
Higher specification soundproof windows and glass frame doors usually use glass panes of
different thicknesses to avoid this issue. The most common glass thickness used in soundproof
windows and glass framed doors is 4mm, with 4mm / 6mm combinations being used in the varithickness-paned windows.
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Rubber Seals
The rubber seals are detrimental to providing a hermetic seal in order to avoid air leakage, and therefore
transmission of sound through air.

Closure Seals
Specified high-specification soundproof windows and glass frame doors usually use 3 separate gaskets,
meaning the open able frame (on closure) is sealed along three separate sealing contact perimetres. At
least one of the three gaskets is a ―bubble gasket‖.

Glass Pane Seals
The glass pane assembly is permanently installed to the frame via rubber ―bubble gaskets‖, and is never in
direct contact with the frame or any frame retainers present. The gaskets provides a hermetic seal between
the frame and glass pane assembly, cutting off the passage of air and heavily reducing impact noise
transmitted from the frame to the glass pane. These seals are never broken unless the glass pane assembly
needs to be replaced. In triple- and quadruple-glazed frames, the separate argon chambers are individually
sealed from one another.
Although standard windows and framed glass doors allow various types of rubber to be used in seals
(Namely Chloroprene Rubber, PVC Nitrile, TPM, EPDM and plasticized PVC), Neoprene rubber is
preferred for specified soundproof aperture units.
Neoprene is flame retardant, has good weathering resistance, and is also resistant to acid rain and most
solvents. The constituency of this elastometer provides an excellent acoustic seal and resistance to
vibration (impact noise), and it is widely used in all soundproofing applications.

Frame
Frames for specified soundproof windows and glass frame doors are universally available as follows:
 100% Wood
 100% Laminate
 100% UPVC (low specification for budget applications)
 Composite Window – Wood / Aluminium
 Composite Window – Laminate / Aluminium
 Composite Window – UPVC / Aluminium
All joints constituting the frame should be either welded, glued, cleated or screwed, depending on the
material employed, and should have flush, stepped or lapped surfaces. Under no account should there be
visible gaps in any joint.
100% aluminium is generally acceptable for the production of frames for standard windows. It is usually
never used in specified aperture soundproofing applications because aluminium is brittle and has poor
acoustic absorption properties, much more easily allowing both impact and airborne noise through it, even
if the frame cross section is not solid. Aluminium is also a good conductor of heat and therefore also
performs poorly as regards energy efficiency. (100% aluminium frames allow the transfer of an
appreciable amount of both heat and sound through the frame, irrespective of applied glazing).
In cases where compliance with local planning authorities is required or an external aluminium finish is
desired, composite windows provide an aluminium outer shell (skin) fitted to a main frame body made of
wood, laminate or UPVC. In this case, the acoustic specifications are reached as sound is more easily
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transmitted through the external aluminium skin, but less easily through the next material which
constitutes the bulk of the frame.
In the higher specification composite windows, the outer aluminium frame is cut out as one piece from a
whole sheet in order to eliminate the 45º joints at the four corners of the frame.
Total thicknesses for good quality double-glazed specified soundproof windows and framed glass doors,
typically vary between 68 and 90 mm.
Irrespective of the composure of the material of the frame, the design and operational criteria are always
the same.

Design of Soundproof Framed Glass Doors
Doors and windows are by far one of the most common reasons for noise leakage within an enclosed
environment. Since soundproofing is effectively as good as the weakest link within a given structure,
doors leading to a room where effective soundproofing is desired are a critical issue, and must be given
primary importance.
Since doors cannot be fitted with internally spring-mounted faces due to the nature of their design, size
and operation ergonomics, there is no proper substitute for sheer mass in a good soundproof door. Dense
materials in this case are the only thing that will stop sound travelling through a door, even if the actual
door provides a proper seal. For this reason, soundproof doors weigh a minimum of 85-90 kgs per leaf.
The performance of a soundproof door is dependent on four factors:
 Leaf Design
 Aperture Frame Design ƒ
 Gasket Seals
 Installation

Leaf Design
The door leaf is the part which opens and closes within a complete door structure. Most soundproof door
leaves use a technology called Constrained Layer Mass Damping. This employs different materials of
different densities layered over each other in a manner that addresses the reduction of vibrations, where
the particular sequence and applied thicknesses of the successive material layers is important.

Leaf Frame
The door leaf constitutes a frame all around its edge, made of rails and stiles. The two horizontal portions
of the frame at the top and bottom are called rails, and the two vertical portions of the frame on either side
are the stiles. The frame constituting a soundproof door leaf is subject to three important considerations:
1. It must be strong in compression, tension and sheer, and be as little susceptible to splitting or warping
under weight as possible.
2. It must be very dense (heavy) in order to provide as large a sound barrier as possible.
3. It must expand and contract minimally under conditions of variable temperature and humidity, in
order to avoid significant weather warping, which upsets proper seating against the seals on closure.
The preferred material for the frame is therefore a well dried and aged coniferous hardwood. The
hardwood provides the strength and the density, and the drying and ageing makes it less susceptible to
expansion and contraction. A most commonly used wood in the manufacture of soundproof door frames
is aged oak.
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The outer faces on both sides of the door are usually made of HDF. Importantly, one sheet is always
thicker than the other in order to avoid the two boards having the same resonant frequency. The thicker
(front-facing) board has an outward-protruding lip running around the edge of the door leaf. This lip is
known as a rebate, and significantly blocks the passage of air between the door leaf and the aperture
frame. It is always machined out of the thickness of the HDF sheet for strength and never is a separate
(slightly larger) sheet of wood used to create the rebate. Use of a full rebate is only possible with singleleaf doors.

Fig 31: Soundproof Structure-2 (Source: Wikimedia)
The thinner of the two outer HDF faces is glued to a sheet of high density Baltic Birch plywood using
acoustic glue. The acoustic glue dries into an elastometer which greatly improves sound-transmission
loss between these two surfaces.
Adjacent to the plywood is a mass-loaded elastometer sheet held between a sheet of high density (c 28
kg/m³) acoustic foam and a sheet of soundboard or
Acoustic-board - (These are rigid sheets of highly-compressed mineral fibre weighing c 4kg/m²). The
soundboard / acoustic-board sheet is in contact with the thicker of the two HDF faces, and the acoustic
foam is slightly compressed when the materials are sandwiched together into a completed door leaf.

Aperture Frame Design
The aperture frame is the fixed frame lining the wall aperture over which the door leaf closes. Since the
surface area of this frame is too small to feature appreciable expansion in critical directions, there are
much less rigorous requirements for the use of hard materials.
The lower specification soundproof doors (34-38 dB) employ an aperture frame fixed to three sides of the
aperture (excluding the floor). In this case the door leaf employs a drop-seal which lowers a weighted
neoprene-lined strip to the floor when the door is closed, in order to seal off the air-gap between the
bottom of the door and the floor.
Medium and high specification doors (>38 dB) employ a system known as full-lock. Here the aperture
frame surrounds the whole perimetre of the door leaf by including a floor threshold, and the door is
therefore able to form a hermetic seal against rubber gaskets all the way round its edge.
It is to be noted that if good soundproofing is required, nothing beats a full-lock soundproof door. (Fulllock applies only to single-leaf doors).

Gasket Seals
Soundproof doors installed in the interior of a building employ at least one gasket seal, and perhaps two,
depending on the required specifications and practical function of the actual door.
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Although various types of rubber are used in the manufacture of rubber seals,(Namely Chloroprene
Rubber, PVC Nitrile, TPM, EPDM and plasticized PVC), Neoprene rubber is the preferred type of
material employed in the seals of soundproof doors. Neoprene is flame retardant, has good weathering
resistance, and is also resistant to acid rain and most solvents. The constituency of this elastometer
provides an excellent acoustic seal and resistance to vibration (impact noise), and it is widely used in all
soundproofing applications.

Installation
Since soundproof doors are required to provide a hermetic seal between two areas, installation is critical
because it needs to guarantee this requirement. Under the circumstances, the installers are responsible not
only for ensuring zero air-leak between the aperture frame and the aperture (wall or partition) when the
installation is finished, but also a proper soundproof seal. If there is as much as a pinhole or a weak
soundproof seal between the aperture frame and aperture, the installation will fail and the door
performance will be considerably degraded.
The aperture frame must not be in contact with the aperture at any point in order to protect the door
structure against the impact of noise. Full-lock door apertures are installed with acoustic rubber sheeting
between the threshold and the floor, and the two edges of the threshold are sealed with acoustic mastic.
The rest of the frame requires 1cm of space all the way round.
The frame is screwed to the wall with recommended screw tensions provided by the manufacturer, in
order to avoid warping of the frame. All the screw tensions must be the same. Following fixation of the
aperture, the whole gap (one side to the other throughout its depth) is filled with expandable foam.
Expandable foam has excellent acoustic absorption properties and provides a proper air-tight seal right
through the thickness of the frame to the outside. Moreover, it does not deteriorate over time.
Finally the aesthetic frame is fitted and sealed all the way round with acoustic mastic, where the edges are
in contact with the wall or partition.

Fitting Soundproof Doors
In order to determine the specifications required for a soundproof door in any particular application, the
noise levels within the particular room must be measured accordingly, and the correct door to address the
issue must be selected. Soundproof door specifications range from around 34dB up to 56dB. Door leaf
thicknesses vary between c 55mm to 95mm, depending on the required door specifications.
Ratings higher than 56 dB can be attained by installing two doors in series with a suitable gap between
them. The larger the space between the two doors, the better will be the performance rating. This is
because when one door vibrates, it tends to compress the air in the sealed space between the two doors,
and transmit the vibration to the other door. The smaller the volume of air, the more compression will be
applied, and therefore the higher the pressure (vibration) transmitted to the second door.
All doors are required to be certified by means of a test certificate in document form, or a certification
plate attached to the edge of the door leaf on the side of the hinges.
Security soundproof doors employ outer steel sheets on both sides of the door leaf and usually employ a
steel aperture frame and a steel internal leaf frame.
Because of the precise material combination engineering, precision manufacture required (including
precision tight-fit of the door leaf to the aperture frame), necessary certification and critical installation to
support such certification, soundproof doors are usually purchased as ready-made and factory-tested units
from a reputable manufacturer, and installed by certified personnel.
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2.2

Acoustic Treatment
Acoustic treatment on the other hand, aims only to control sound reflections within the room, to
make better sounding recordings.
Both these are valuable, but neither does the job of the other. And while soundproofing can definitely be
incorporated as part of your acoustic treatment plan, it is not technically acoustic treatment in itself.

Fig 32: Acoustic Absorption Foam (Source: Wikimedia)

Fig 34: Sound Wood Diffusers (Source: Wikimedia)

Fig 33: Glass Wool (Source: Wikimedia)

Fig 35: Rockwool(Source: Wikimedia)

Fig 36: Gypsum Board (Source: Wikimedia)
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Acoustics is the science of sound, that is, wave motion in gases, liquids and solids, and the effects of such
wave motion. Thus the scope of acoustics ranges from fundamental physical acoustics to, say,
bioacoustics, psychoacoustics and music, and includes technical fields such as transducer technology,
sound recording and reproduction, design of theatres and concert halls, and noise control.
•
•
•
•
•
•

Sound is reflected, transmitted, or absorbed by the materials it encounters.
Soft surfaces, such as textiles, and batt insulation, tend to absorb sound waves, preventing them from
further motion.
Hard surfaces, such as ceramic tiles, gypsum boards, or wood, tend to reflect sound waves, causing
‗echo‘. Reverberation is the term used to describe sound waves that are reflected off of surfaces.
Dense, massive, materials, tend to transmit sound waves through the material.
High frequency sound waves (think of a high whistle) are not capable of being transmitted through
massive, heavy material.
Low frequency sound waves (bass) are transmitted through massive materials.

Good acoustics involve:
•
•
•
•
•

Good distribution of sound to all the seats, which depends on proper shaping and finishes of all
interior surfaces.
Natural sound diffusion and envelopment.
A sense of intimacy for the audience and a sense of ensemble for both performers and audience.
Proper reverberation times throughout all frequencies, which depend on a room‘s volume and the
total sound absorption of all materials.
Freedom for the acoustical faults of echoes, flutter, and focus.

Insulation Materials
There are many construction materials that are advertised as having noise reduction characteristics.
Different noise frequencies and different transmission modes call for different materials installed
in different locations; this is where your knowledge can steer you towards the best solutions for your
situation, and keep you from wasting your money and efforts on ineffective approaches. Here are the
most commonly used materials that are effective for soundproofing in walls, floors, and ceilings.
 Panels
(for walls, floors, and ceilings):

Fig 37: Gypsum Board Panels (Source: Wikipedia)
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Drywall (also called wallboard, plasterboard, or gypsum board), such as Sheetrock. An excellent and
inexpensive source of mass, which is a key element in soundproofing. Drywall is a great cheap
soundproofing material.



Damped drywall Drywall which incorporates a sound damping layer; examples are Silent FX, Quiet
Rock, and Supress. These panels have superb soundproofing properties. (Note that you can also get
the same results more cheaply by creating your own damped drywall, by applying damping
compound between two sheets of regular drywall.)



Sound-deadening fibre board (also call soundboard or acoustical board), such as Sound Choice or
Homasote. Because of their low mass, these are not the best choice for soundproofing walls, but are
sometimes useful in floors as a spacing layer if additional mass is not needed. They don't provide
damping, decoupling, or absorption.



Mass-loaded vinyl- A highly dense, flexible membrane sold under various brand names such as
Acoustiblok and SheetBlok. A good source of mass, but expensive.



MLV is useful for filling gaps, and for wrapping ducts, pipes, and metal columns, where a flexible
sound barrier is needed.



As a layer in soundproofing walls, floors, and ceilings, there are alternatives that are more effective
and cheaper than MLV. (Drywall is a cheaper source of mass, and green glue provides better damping
across all frequencies.)

 Rockwool Insulation

Rockwool is great soundproofing material. It is made of a winning combination of
soundproofing rockwool and thermal insulation. Its low cost and wide availability make it a
good choice for your remodelling project.
It is soft and flexible, making it easy to tightly stuff the batts into standard stud wall cavities.
 Glass Wool
Glass wool is an insulating material made from fibres of glass arranged using a binder into a texture
similar to wool. The process traps many small pockets of air between the glass, and these small air
pockets result in high thermal insulation properties.
• Wall Fabric
Fabric Panels are cloth wrapped compressed fibre glass acoustic panels that we cut to size and wrap
to the colour of your choice. These panels are decorative, durable, portable, easy to self install.
Sound absorption panels trap acoustical energy (sound) and prevent it from reflecting off of the surfaces
they cover. The panels are used to eliminate echoes and reflections that muddle or colour amplified
music and speech. These wall panels will also reduce reverberation levels in a room, which can
sometimes provide ambient noise reduction.*
Choral music, piano, orchestral instruments, group singing, and pipe organ benefit from reasonably
reverberant acoustics, with many reflective surfaces. Installation of sound absorption material can harm
a musician’s performance and sound quality for these specific applications.
Suitable applications for sound absorption panels include:
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Improving surround-sound imaging and clarity for dvd/blu ray movies, sports, or video games in a
home theatre.
Reducing slap-back echo and reverberation in large halls, auditoriums, and contemporary churches.
Reducing chatter, din, and noise in crowded gathering spaces, restaurants, or bars.
Providing more accurate listening conditions in recording studios and control rooms.

1. Increase the distance – by putting your computer at one end of the room, and your microphones at
the other.
2. Work the angles – by pointing the mictophone away from the computer, using cardioid
microphones when possible.
3. Use dynamic microphones – which operate at lower gain settings, and are less-sensitive to the high
frequency noise of computers.
4. Use ducts air conditioners to prevent the unwanted noise generated from the air conditioner.
5. Use acoustic treatment – especially behind the performer, where the microphone is most sensitive,
so any reflected computer noise gets absorbed. Reflection filters are a good option to try as well.
6. Use multiple rooms- multiple rooms make it easy to keep computer noise far away from your
microphones.

Fig 38: Furnished Studio (Source: Wikimedia)

Some more popular methods people use include:





Putting your computer in a closet within the same room.
Buying a cable extender that allows you to extend cables to a different room.
Using the Apple Airplay to connect your computer via WiFi to a TV.
Drilling holes in the wall to run shorter cables between neighbouring rooms.
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_______________________________________________________________
Unit Summary
In this unit we learned about the basic fundamentals of soundproofing and acoustic and the types of
materials used for soundproofing and acoustics,. With the help of this unit you can construct highly
sound proof studios for personal as well as professional use.
_______________________________________________________________________________________

Assignments


Make a list of sound proofing material, available in the market and online and compare prices and
features.



Make a detailed note on soundproofing and why soundproofing is required.
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Unit 3
Sound Equipment
Introduction
This unit is the second step to start the audio studio setup. Before starting the equipment installation,
first you should have knowledge of all the necessary required equipments. In this unit we learn about of
the equipment used for audio recording, and how to install the equipment, and which types of hardware
material (connector, cables, softwares) are used for installation.
On completion of this unit you will be able to follow:
 Installation Audio Equipment.
 Understand the Working of Audio Equipment.
 Knowledge of Audio Equipment.
dB:
A unit used to measure the intensity of a sound or the power level of an electrical signal by
comparing it with a given level on a logarithmic scale.

Gauge: The thickness, size, or capacity of something, especially as a standard measure, in particular.
Gain: Gain is a measure of the ability of a two port circuit (often an amplifier) to increase the power or
amplitude of a signal from the input to the output port by adding energy converted from some power
supply to the signal.
Capacitance: The ratio of the change in an electric charge in a system to the corresponding change in its
electric potential.

3.1

Audio Cables
Common Audio Cables:





Balanced: Have two conductors and a shield or ground. Used for low impedance - balanced circuits
(+4 dBu)
Unbalanced: Have one conductor and a shield. Used for high impedance unbalanced, or -10 dBV
signals
Speaker wire: Two conductors and no shield

Fig 39: Speaker Wire

Balanced Multi-Pin Cable
•
•
•

Used to connect 2 or more channels of audio on a single connector.
Commonly found on recording console I/O,DAW interface I/O, audio patch bays, as well as multi
track tape machines.
Used in conjunction with multi-channel audio connectors.
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3 Electrical Characteristics of Wire




Resistance/ Impedance: Will decrease the audio signal level
Capacitance: Will roll off high frequencies
Inductance: Will alter the frequencies of the signal in various ways

Specs for Quality Wire




Resistance/ Impedance: Less than 100 ohms per 1000 feet
Capacitance: Under 100 Pico farads per foot
Inductance: Depends on how the wire lays - coiled wire has more inductance than uncoiled wire

Wire Gauge






The diameter of wire is measured in gauges
The smaller the gauge - the bigger the diameter
Audio cables are typically 20 - 22 gauge
Speaker cables can be from 18 and down depending on the system

Comparison of Balanced/ Unbalanced Lines
Balanced

Unbalanced

Fairly insensitive to
electrostatic noise/
RF interference

Very sensitive to electrostatic noise

Can be used in
lengths from 25 300 feet

At lengths greater than 25‘, much of the high
frequencies in the signal start to disappear

XLR, TRS
Connectors
Used for low 
microphones, pro
line level gear

TS, RCA Connectors
Used for high  microphones, line level
instruments, consumer or semi-pro gear

Guidelines for Speaker Cable
 If you are driving an audio system outputting under 500 watts RMS, and your speaker wire runs are
under 100 feet, use 18 gauge speaker cable.･
 If you are under 500 watts RMS and greater than 100 feet, but under 250 feet of wire, use 16 gauge
speaker cable.･
 If you are between 500 and 2000 watts RMS and under 100 feet of speaker wire runs, use 16 gauge
speaker cable.･
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 If you are between 500 and 2000 watts RMS and greater than 100 feet, but under 250 feet of speaker
wire runs, use 14 gauge speaker cable.･
 If in excess of 2000 watts, you should refer to the documentation associated with your PA system
power amplifiers and use what they recommend.

Audio Connectors
Balanced (TRS) 1/4” Connectors

Fig 40: Phono Connector (Source: Wikimedia)

Phone Connector
A phone connector (tip, ring, sleeve) also called an audio jack, phone plug, jack plug, stereo plug, minijack, or mini-stereo. This includes the original 6.35mm (quarter inch) jack and the more recent 3.5mm
(miniature or 1/8 inch) and 2.5mm (subminiature) jacks, both mono and stereo versions

Fig 41: Tiny Jack (3.5mm) (Source: Wikimedia)

BNC Connector
The BNC (Bayonet Neill Concelman) connector is a very common type of RF connector used for
terminating coaxial cable.

Balanced XLR (Mic) Connectors
XLR connector plugs and sockets are used mostly in professional audio and video electronics cabling
applications. XLR connectors are also known as cannon plugs after their original manufacturer. They are
used for analog or digital balanced audio with a balanced line
Digital audio interfaces and interconnects with the AES/EBU interface also normally use an XLR
connector.
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Fig 42: XLR (Source: Wikimedia)

Unbalanced RCA Connectors
RCA are used a lot for home stereos, video, DVDs etc.
The RCA can carry either audio or video. It is wired the same way as a mono jack. The center pin is the
+ve, and outer ring is the –ve or shield.

Fig 43: RCA Connector (Source: Wikimedia)
A banana connector (commonly banana plug for the male, banana socket or banana jack for the female) is
a single wire (one conductor) electrical connector used for joining wires to equipment. The term 4 mm
connector is also used.

Fig 44: Banana Plug (Source: Wikimedia)
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HDMI
High-Definition Multimedia Interface (HDMI) is a compact audio/video standard for transmitting
uncompressed digital data.
There are three HDMI connector types. Type A and Type B were defined by the HDMI 1.0 specification.
Type C was defined by the HDMI 1.3 specification.
Type A is electrically compatible with single link DVI-D. Type B is electrically compatible with dual link
DVI-D but has not yet been used in any products.

Fig 45: HDMI Type A Socket (Source: Wikimedia)

Balanced Multi-Pin Connectors:

Fig 46:. Balanced Multi-Pin Connector (Source: Wikimedia)

3.2

Soldering and Crimping
What is Soldering?
Soldering is a process in which two or more metal items are joined together by melting and then flowing
a filler metal into the joint—the filler metal having a relatively low melting point. Soldering is used to
form a permanent connection between electronic components. Soldering differs from welding in that
soldering does not involve melting the work pieces. In brazing, the filler metal melts at a higher
temperature, but the work piece metal does not melt. In the past, nearly all solders contained lead, but
environmental and health concerns have increasingly dictated use of lead-free alloys for electronics and
plumbing purposes.
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Fig 47: Soldering Detail

Fig 48: Internal Soldering Wiring of XLR Connector (Source: Wikimedia)
•
•
•
•
•

Soldering is a method of applying an alloy, of lower melting point, to join metal parts together.
Soldering can be performed in a number of ways,
Using: Electric soldering iron or brazing torch.
Soldering wire is an alloy of tin and lead (60% 40%).
A flux is usually used to assist in the joining process.
The purpose of the flux is to clean the surface.

Soldering Procedure
•
•

The secret of a good solder joint is clean, clean and clean again.
A solder joint is produced by:1) First thoroughly cleaning both surfaces to be joined.
2) Tin both surfaces.
3) Mechanical fix the components together.
4) Then apply heat to the joint and bring the solder to the joint.

Solders
Traditional solder is an amalgam of tin and lead. The percentage of each of these materials defines the use
for the solder
%Tin
60
45
50

%Lead
40
55
32

Use
Good for all electrical and mechanical work
Very liquid used in plumbing
Low melt solder for white-metal casings
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Plumbers solder is not suitable for electrical work
Modern lead free solders need higher temperatures
and greater care is needed

Solder Types
Solder comes in many forms:•

A solder stick with separate flux

•

Solder pastes good for joints outside, easy to use

•

Multi-core solder is the usual form for electrical work

•

Flux is present in many solders to remove surface oxide layers and assist solder flow

Flux

Fig 49: Soldering Paste (Source: Wikimedia)
Flux is a chemical compound that is applied and shields the joint surface from air and prevents oxide
formation. Although flux will dissolve and absorb oxides, the metals that are being joined should be
properly cleaned prior to brazing.

Applications


Soldering is used in plumbing in electronics and in jewellery metalwork.



Jewellery components, machine tools and some refrigeration and plumbing components are often
assembled and repaired by the higher temperature silver soldering process.



Can also be used as a semi-permanent patch for a leak in a container or cooking vessel.



Electronic soldering connects electrical wiring and electronic components to printed circuit boards
(PCBs).
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Fig 50: PCB Soldering (Source: Wikimedia)

Soldering Iron

Fig 51: Soldering Iron (Source: Wikimedia)
•

•
•
•

Mains powered soldering irons. These consist of a handle onto which is mounted the heating element.
On the end of the heating element is what is known as the "bit", so called because it is the bit that
heats the joint. Solder melts at around 190 degrees Centigrade, and the bit reaches a temperature of
over 250 degrees Centigrade. This temperature is hot enough to inflict a nasty burn.
It is also easy to burn through the PVC insulation on the soldering iron lead if you lay the hot bit on
it.
The soldering iron must be placed into the specially designed stand, when not in use.
These usually incorporate a sponge for keeping the bit clean.

Instruments for Soldering










Soldering Iron
Track Cutter
Wire Snips
X-Acto Knife
Solder
Multimeter
Desoldering Pump
Breadboard
Breadboard jumper wire
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The perfectly soldered joint will be nice and shiny looking
Clean
Firstly, all parts - including the iron tip itself - must be clean and free from contamination.
Solder just will not take to dirty parts.
Temperature
The next step to successful soldering is to ensure that the temperature of all the parts is roughly the same
level before applying solder.
The melting point of most solder is in the region of 188°C (370°F) and the iron tip temperature is
typically 330-350°C (626°-662°F).
Time
The joint should be heated with the bit for just the right amount of time
The heating period depends on the temperature of your iron and size of the joint - and larger parts need
more heat than smaller ones - but some parts (semiconductor diodes, transistors and ics), are sensitive to
heat and should not be heated for more than a few seconds.
Solder Coverage
The final key to a successful solder joint is to apply an appropriate amount of solder. Too much solder is
an unnecessary waste and may cause short circuits with adjacent joints. Too little and it may not support
the component properly, or may not fully form a working joint.

First Aid
1.
2.
3.
4.
5.

Immediately cool the affected area with cold running water, ice, or even frozen peas, for ten minutes.
Remove any rings, etc. before swelling starts.
Apply a sterile dressing to protect against infection.
Do not apply lotions, ointments, etc.
Seek professional medical advice where necessary.

Summary of Making the Perfect Solder Joint
1.
2.
3.
4.
5.
6.
7.
8.

All parts must be clean and free from dirt and grease.
Try to secure the work firmly.
"Tin" the iron tip with a small amount of solder.
Clean the tip of the hot soldering iron on a damp sponge.
Heat all parts of the joint with the iron for a few seconds.
Continue heating, then apply solder.
Remove and return the iron safely to its stand.
Do not move parts until the solder has cooled.

Advantages of Soldering
•
•
•
•
•
•

Low power is required.
Low process temperature.
No thermal distortions and residual stresses in the joint parts.
Microstructure is not affected by heat.
Easily automated process.
Dissimilar materials may be joined.
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•
•
•

High variety of materials may be joined.
Thin wall parts may be joined.
Moderate skill of the operator is required.

Disadvantages of Soldering
•
•
•
•
•

Careful removal of the flux residuals is required in order to prevent corrosion.
Large sections cannot be joined.
Fluxes may contain toxic components.
Soldering joints cannot be used in high temperature applications.
Low strength of joints.

Difference B/w Brazing and Soldering
The basic difference between soldering and brazing is the temperature necessary to melt the filler metal.
That temperature is defined to be 842ºF/450ºC by the American Welding Society (AWS) but is often
rounded to 840ºF. If the filler metal melts below 840ºF the process being performed is soldering. Above
that temperature, the process is brazing.

Welding, Soldering, and Brazing
•

Welding uses a steel rod, which is melted into the joints or voids. Strongest of the three.

•

Soldering is similar, except a low temperature melting point lead//tin alloy is used. Weakest of the
three. Also there is silver solder, somewhat stronger.

•

Brazing is similar to soldering, except a higher melting point material is used, and it is stronger than
soldering, but not as strong as welding.

•

Unlike welding, brazing only has minimal impact on material properties. Braze alloys can also be
expensive. Copper alloys are commonly brazed, particularly since copper's properties make it very
difficult to weld.

•

Soldering uses an alloy that is liquid at relatively low temperatures to join two other metals. It has the
least impact on the base materials, and also provides the weakest joint. It is particularly useful when
heat can damage or distort the materials being joined. Electrical components are commonly soldered
to avoid heat damage. Various metals can be soldered together, such as gold and sterling silver in
jewellery, brass in watches and clocks, copper in water pipes, or iron in leaded glass stained

window.

3.3

Audio Mixer
Watch this introductory video on Audio Mixer at
goo.gl/LjGxKq
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What is a Mixer?
A mixer is an electronic device that is able to accept signals from a wide variety of sources and then alter
them in some way by changing their level, equalization and effects, the signals are then routed to output
connections. This is most often attached to a pair of tracks (left and right). However most mixers present
several options. such as microphones being used by singers, microphones picking up acoustic instruments
such as drums or saxophones, signals from electric or electronic instruments such as the electric
bass or synthesizer, or recorded music playing on a CD player.
In the 2010s, a mixer is able to control analog or digital signals, depending on the type of mixer.
•
•
•
•

Mixers combine audio signals from multiple sources.
Provide a volume level control for each source.
Some mixers are designed to be frequently adjusted, others are simply adjusted and set.
Outputs typically feed the inputs of power amplifiers, recording devices or broadcast equipment.

A mixing console is also known as an audio mixer, audio console, mixing desk, sound mixer, sound
board, or simply as board or mixer.
A mixer is divided into four main sections:
1.
2.
3.
4.

Input Connections
Channel Strip
Master Section
Output Connections

1. Input Connections
Plug micsin Bal/Unbal
starting with mic

Plug RCA cables in Tape Output
to connect to Computer input

Fig 52: Input Slots of Mixer
This is the part of the mixer where the different sound sources are plugged in. These may include:
Microphones, direct boxes, guitars, keyboards, CD players, and turntables.
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Channel Strip: This is the section of the mixer where basic adjusts are made to the incoming signal
such as: Effects level, Equalization, panning, Signal routing and volume level.
Most channel strips are used for an individual microphone or a mono instrument line. Some channel
strips will accept stereo signals. Usually those on the far right of the console.
On most mixers, each channel has an XLRinput, and many have RCA or quarter-inch TRS phone
connector line inputs. The smallest, least expensive mixers may only have one XLR input with the
other inputs being line inputs. These can be used by a singer-guitarist or other small acts.

Basic Input Controls:
Below each input, there are usually several rotary controls (knobs or "pots"). The first knob is typically
a trim or gain control. The inputs buffer the signal from the external device and this controls the amount
of amplification (boosting) or attenuation (turning down of gain) needed to bring the signal to a nominal
level for processing. This stage is where most noise of interference is picked up, due to the high gains
involved (around +50 dB, for a microphone). Balanced inputs and connectors, such as XLR or phone
connectors, reduce interference problems.

Watch this introductory video on mixing console
at goo.gl/Y5SQnf

A mixing console may provide insert points after the buffer/gain stage. These provide a send and return
connection for external processors that only affect an individual channel's signal. Effects that operate on
multiple channels connect to auxiliary sends (below).
Auxiliary Send Routing: The auxiliary send routes a split of the incoming signal to an auxiliary bus,
which can then be routed to external devices. Auxiliary sends can either be pre-fader or post-fader, in that
the level of a pre-fade send is set by the auxiliary send control, whereas post-fade sends depend on the
position of the channel fader as well. Auxiliary sends can send the signal to an external processor such as
a reverb, with the return signal routed through another channel or designated auxiliary return. These are
normally post-fader. Pre-fade auxiliary sends can provide a monitor mix to musicians onstage (which
they hear through monitor speakers pointing at the performers or in-ear monitors); this mix is thus
independent of the main mix.
Most live radio broadcasting sound boards send audio through "program" channels. (See image to the
lower left) When a given channel button is selected, the audio will be sent to that device or transmitter.
Program 1 is typically the on-air live feed, or what those listening to the broadcast will hear. Most boards
have 3-4 programming channels, though some have more options. Often, one of the programming
channels will feed one or more computers used for editing or sound playback. Another channel may be
used to send audio to the talents' headset if they are broadcasting from a remote area.
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Equalization (EQ): Further channel controls affect the equalization of the signal by separately
attenuating or boosting a range of frequencies. The smallest, least expensive mixers may only have bass
and treble controls. Most mid-range and higher-priced mixers have bass, midrange, and treble, or even
additional mid-range controls (e.g. low-mid and high-mid). Many high-end mixing consoles have
a parametric equalizer on each channel. Some mixers have a general equalization control (either
graphic or parametric) at the output, for controlling the tone of the overall mix.
Panning (PAN): Panning can also be used in an audio mixer to reduce or reverse the stereo width of a
stereo signal. For instance, the left and right channels of a stereo source can be panned 'straight up', that is
sent equally to both the left output and the right output of the mixer, creating a dual mono signal.
Example
Essentially, a panning control, or pan pot, adjusts the levels of a particular source that are being played
through the left and right speakers, allowing the user to ‗place‘ it within a stereo panorama (hence the
name). So, when a pan control is turned all the way to the left, the signal will only be outputted through
the left channel, with nothing played through the right. The effect is that it will appear to come from far
over to the left of the speaker set-up.
As the pan pot is turned over to the right, the left channel begins to get quieter while the right gets louder.
Thus, the sound will appear to move from left to right.
When the volume is equal in both, the sound will appear to come from the ‗phantom centre‘ (i.e. from the
centre, even though there is no speaker in the centre).
Moving is further across, the right will become louder than the left channel, till there is nothing playing
through the left channel at all.
Panning is used when mixing to artificially place sounds within a stereo mix, giving them a distinct space (as a
band might have if performing on a stage in front of an audience), or to create dramatic effects, of sounds
moving from left to right.

Mute/Solo
The mute and solo buttons work together to enable or disable a track's audio. This explanation assumes
the track is playing and has a non-zero volume slider. Put simply, mute silences the track, while solo
makes the track audible, and silences all other tracks that are not also soloed. Solo "trumps" (overrides)
mute, i.e. soloing a track makes it audible regardless of whether it is muted. The following table
illustrates Mute/Solo behaviour in detail:
Mute

Solo

Other Tracks Soloed

Track is:

No

No

No

Audible

Yes

No

No

Silenced

No

Yes

No

Audible

Yes

Yes

No

Audible

No

No

Yes

Silenced

Yes

No

Yes

Silenced

No

Yes

Yes

Audible

Yes

Yes

Yes

Audible

While at least one track is soloed, the mute buttons don't affect the audio, and the mixer is said to be in
"solo mode". In solo mode, the solo buttons control the mix, but when you exit solo mode, the mute
buttons regain control. Solo mode acts like a detour: when you exit solo mode, the pre-solo mix is
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restored, assuming you didn't change any mute buttons during the solo. If you did change some mute
buttons during the solo, the solo becomes a "one-way trip" instead of a "round trip".
Fader (Slider):Each channel has its own fader (slider) to adjust the volume of the channel's signal before
it is sent to the next stage (subgroup or master mix).
A slider is a potentiometre, or variable resistor. This is a simple control which varies the amount of
resistance and therefore the signal level. If you are able to look into the inside of your console you will
see exactly how simple a fader is.
As a rule it is desirable to run the fader around the 0dB mark for optimum sound quality, although this
will obviously vary a lot.
Remember that there are two ways to adjust a channel's level: The input gain and the output fader. Make
sure the input gain provides a strong signal level to the channel without clipping and leave it at that level
— use the fader for ongoing adjustments.

Master Section: (Faders, PFLs and AFLs, Pre/Post Fader auxes

Fig 53: Top View of Studio Mixer
The fader (present in small mixers as a level or volume knob) is used to set the volume of that
channel's signal in the mix. It is the most basic component in any channel strip. Faders are
essentially volume sliders, set in a logarithmic scale of dB (if you don't know what that means
ignore it). Faders are also used to set the volume of the buses, or subgroups, and the main mix or
mixed mono, and VCAs if applicable. I will get into those in the next step.
Auxes, you should know, are normally pre-fader by default. This means that changing the level of a
channel on the fader will not affect the sound of that channel in the auxes. However, many mediumlarge boards have a button near the aux knobs that allows you to change them from pre-fader to
post-fader or vice versa.
Example of pre/post fader auxes:
You are running sound for a rock band playing in a large room. Being the sound perfectionist you
are, you have set up some subwoofers to help properly produce the low frequencies of the kick
drum, floor tom, and bass guitar. The band also has monitors set up on stage. If you have the
option, you will naturally want the monitors to be pre-fader, so that changes on the faders will not
interfere with the monitors. You will also, however, want the subwoofer auxes to be post-fader, so
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that the mains-subs balance remains the same after changing the fader settings. When you turn up
the bass guitar fader, you want the bass signal in the monitors to stay the same, but the bass in the
subwoofers needs to increase along with the bass in the main speakers.
Most medium-large size desks also have a headphones jack for the engineer to use headphones.
You will also see a button near the fader on each channel labelled PFL. This stands for Pre-Fader
Listen. This allows you to listen directly to the signal in any channel via the headphones, unaffected
by the fader setting. You may also see a button near the aux masters (they set the total volume of
the auxiliary outputs) labelled AFL. This stands for, you guessed it: After-Fader Listen. This allows
you to hear the exact sound and volume coming out of the monitors or whatever else you have
plugged into the auxes.
You should also realize that above the fader, just after the auxes, is a pan knob. This is simply used
to "pan" the channel's signal to left or right. All the way to the left would put the signal only in the
left signal, and vice versa, with the middle sending equal to both sides.

Buses (subgroups), Main Mix, VCAs
Almost all decent sized mixers have at least one bus, or subgroup, many have up to 10 or more.
Buses are, simply put, a routing system. There will be buttons near the fader on each channel for
each subgroup, allowing you to assign that channel to one or more of these subgroups. Think of the
buses is mini-mixes.
One very common use of a bus is to assign all the drum channels (floor tom, kick, hi-lo tom, hi-hat,
snare, etc.) to one bus. This way, the engineer can change the volume of the drumset in the total
mix without having to change each fader on each channel. Other uses include groups of singers
(girls, boys; leads, harmony), instruments (main, backup; brass, woodwind, percussion), etc.
Just remember that changing the fader on a bus is not equivalent to changing the faders on all its
assigned channels. It simply changes the volume of that particular mix of channels relative to the
entire mix. Channels can be assigned to multiple buses, and changing the volume of one bus with
channel 6 in it will not change the volume of channel 6 in any other subgroups.
Each of the subgroups also has a button allowing assignment to the main mix. In most cases, you
will want everything combined into the main mix so that you can control the total volume of
everything with one setting. Sometimes, however, you may leave one subgroup by itself;
independent of the main mix, for whatever reason may apply. Usually each subgroup will have a
left and a right fader, allowing for individual adjustment of the left and right aspects of that minimix. The main mix will also probably be stereo. There will be two outputs on the back of the board
for left and right mix.
However, some mixers have another button to assign the main mix and any and all subgroups to a
"mono" fader. This is another output on the back that is a single bridged out between the right and
left of the mix out. This allows you to have many possibilities of setups depending on where you
have channels and buses assigned and what you have plugged in to the back. The mono will
"bridge" the left and right channels, causing all sounds in each to be played in both. It will also,
however, leave alone any left/right settings set before it.
VCAs are confusingly similar to buses. However, it helps to remember that buses route, and VCAs
are simply a control mechanism. Contrary to subgroups, a change in a VCA will be exactly like
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moving the faders of all its assigned channels. Thus, any post-fader outs will be affected: post-fader
auxes, the level of that channel in any subgroups, etc. If post-fader auxes are used for other main
speakers like subwoofers, than a VCA will allow change in those too; where a subgroup would
not. VCAs are found only in larger boards.

Output Connections
Subgroup and main output fader controls are often found together on the right hand side of the
mixer or, on larger consoles, in a centre section flanked by banks of input channels. Matrix routing
is often contained in this master section, as are headphone and local loudspeaker monitoring
controls. Talkback controls allow conversation with the artist through their monitors,
headphones or in-ear monitor. A test tone generator might be located in the master output section.
Aux returns such as those signals returning from external processors are often in the master section.

Fig 54: Output Slots in Mixer

Sound Mixers: Outputs
The main output from most mixing devices is a stereo output, using two output sockets which should be
fairly obvious and easy to locate. The connectors are usually 3-pin XLRs on larger consoles, but can also
be 6.5mm TR (jack) sockets or RCA sockets.
The level of the output signal is monitored on the mixer's VU metres. The ideal is for the level to peak at
around 0dB or just below. However you should note that the dB scale is relative and 0dB on one mixer
may not be the same as 0dB on another mixer or audio device. For this reason it is important to
understand how each device in the audio chain is referenced. Otherwise you may find that your output
signal is unexpectedly high or low when it reaches the next point in the chain.
In professional circles, the nominal level of 0dB is considered to be +4 dBu. Consumer-level equipment
tends to use -10 dBV.
The best way to check the levels of different equipment is to use audio test tone. Send 0dB tone from the
desk and measure it at the next point in the chain.
Many mixers include a number of additional outputs, for example:
Monitor Feed: A dedicated monitor feed which can be adjusted independently of the master output.
Headphones: The headphone output may be the same as the monitor feed, or you may be able to select
separate sources to listen to.
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Auxiliary Sends: The output(s) of the mixer's auxiliary channels.
Subgroup Outputs: Some consoles have the option to output each subgroup independently.
Communication Channels: Some consoles have additional output channels available for communicating
with the stage, recording booths, etc.

Analog and Digital Mixer
Whether it is analog or digital, modest or massive, every live sound mixer has a specific job to do,
which is to take the signal from multiple sources, combine them, and send the results to one or
more destinations. The way each mixer accomplishes this goal may vary, and the layouts and
capabilities differ greatly from mixer to mixer. So while the similarities may outweigh the
differences, it is important to consider the characteristics you can expect from analog and digital
mixers and how they will matter for specific applications.

Analog Mixers

Fig 55: Analog Mixer
Even in a world of digital technology, analog live mixing consoles have a lot going for them. For starters,
they tend to cost less than digital mixing consoles — particularly at the entry-level price point — and
even an inexpensive live mixer can reliably handle a wide range of sound-reinforcement applications.
Signal flow on even full-scale analog mixers is fairly simple, with inputs hard-wired to corresponding
channel strips. All channel processing is literally in-line between the input gain and the output fader, and
tweaking channel EQs or adjusting sends is as easy as reaching out and grabbing the control of whichever
channel you need to change. Veteran live sound engineers appreciate the visual feedback all these
individual controls provide, which allows them to assess and fix signal flow problems very quickly. Once
you understand one analog mixing console, you can probably move to another with little or no learning
curve.
Analog live sound mixers hold up perfectly for modest and even large-scale sound reinforcement
applications, but their limitations become apparent when it comes to touring rigs and technically
demanding shows. While the signal flow in an analog mixer is simple, it is also relatively inflexible,
which often requires the addition of switching systems or patch bays. Likewise, the limited or nonexistent onboard signal processing can mean supplementing your mixer with a rack full of outboard
compressors, effects, and graphic EQs. Along with the bulky nature of analog boards, this outboard gear
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can make touring with an analog rig inconvenient. Finally, analog mixers are more susceptible to
environmental factors, such as dusty faders, dirty pots, and bad power that can introduce noise into your
sound.

Digital Mixer

Fig 56: Digital Mixer (Source: Wikimedia)
Compared with analog mixers, digital live sound mixing consoles are extremely flexible and incredibly
compact. By substituting often costly and bulky analog circuitry for digital signal processing chips, digital
mixers can provide you with sophisticated channel equalizers and in-line dynamics, as well as effects and
output processing such as graphic EQs. In addition to being generally less noisy than analog mixing
technology, digital audio mixing often provides you with advanced routing options and grouping
assignments. Since inputs are not physically linked to individual channels, you can control a large
number of input channels via a handful of faders by arranging them in fader layers. Thanks to network
audio protocols such as AVB and Dante, expanding your rig with digital stage boxes and personal
monitor systems is an option on many digital boards, and Wi-Fi control may allow you or artists onstage
to adjust mixes and settings from mobile devices. What is more, the ability to copy, save, and recall
settings is amazing, particularly if you work with the same band details, they limit your ability to adjust or
view channel settings to one channel at a time. Although modern digital mixers provide innovative ways
to accelerate your workflow, having to select each channel you want to edit can feel cumbersome and
limiting if you are not used to it. Likewise, layered faders and other in-depth controls may require some
familiarity with the board to access, and each digital board is laid out differently.

Digital Mixer Features
Five of the most important features of digital mixers are listed below. All these features are related to the
benefits described in ―The Merits of Digital Sound" in Part 1. It might be easier to grasp the "big picture"
if you go back and review that information as well.

(1) Settings can be pre-programmed and recalled when necessary
Most digital mixers feature some kind of memory into which settings can be stored and then instantly
recalled whenever they are needed. This can be a tremendous advantage in a banquet hall facility for
example, where the required settings might change frequently for different types of events and different
room configurations. Even if some fine tuning is required, the ability to simply recall a complete set of
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basic parameters that are close to what is needed can dramatically reduce the time and effort required to
set up for an event. And if a mistake is made, it is easy to revert to the basic settings.

(2) Mixing and processing features that only digital can provide
Digital technology has enabled the development of a number of mixing functions that were simply not
available in analog systems. Automatic feedback suppression is one example. Automatic "ducking" that
decreases the BGM level while an announcement is being made is another. More details will be provided
in the "Automated Mix Functions" section.
Many digital mixers also feature built in signal processing functions such as effects that are designed to
suit the mixer's intended applications. This makes it unnecessary to purchase extra external signal
processing devices, thus significantly reducing overall system cost as well as installation space. This is a
radical departure from analog systems for which additional equipment had to be purchased and installed
to provide the signal processing functions required by each individual application. There are analog
mixers that include some built-in processing functions, but unlike digital mixers in which all the
necessary processing can be implemented through software, additional processing capability has a direct
influence on the cost and physical size of an analog mixer. For the same mixing and processing
capabilities, a digital mixer will almost always offer superior economy.
(Figure: Digital technology makes it possible to offer convenient mix support features.
(Photo: Yamaha LS9-16))

(3) Expansion and external devices
Expandable digital mixers make it possible to connect to a wide variety of external devices. Touch panel
controllers, for example, can make day-to-day operation of a specified set of frequently used parameters
easy for even inexperienced users, while keeping parameters that should not be changed hidden. More
details will be provided in the "Peripheral Equipment" section.

(4) Noise-resistant digital transmission
A sound system that is based on a digital mixer that uses digital transmission for audio signals will be
highly resistant to induced noise, as described in the "The Merits of Digital Sound" section in Part 1.
Since noise becomes more of a problem with longer transmission distances, the benefits of digital
transmission in an audio installation increase as the size of the facility increases.

(5) Multiple functions in small spaces
Although analog mixers usually have one control per function, in a digital mixer it is possible to assign
numerous functions to a single control, with function switching either via physical controls or virtual
controls on a display. This makes it possible to pack many functions into a relatively small space. If you
compare analog and digital mixers that offer the same number of channels, you will see that the digital
mixers tend to be significantly smaller.

Analog Mixer Features
Analog mixers have two main advantages.

(1) Lower cost for a limited set of features
If only a few channels with a basic set of mixing features are required, a simple analog mixer may be a
more economical choice than a digital mixer.

Page 67

(2) Easy operation for first-time users
As mentioned above, analog mixers usually have one control per function, all of which are visible and
directly accessible via the control panel. The control layout logically follows the mixer's signal flow and
is therefore relatively easy to understand. This type of logical, easy operation can be an advantage in
public halls and schools, for example, where a variety of people, some having little or no previous
experience, may need to operate the system. In such situations it may be necessary to protect controls and
functions that should not be changed with security covers.
That covers the basic differences between digital and analog mixers. Depending on the application,
the choice of a digital or analog mixer can make a large difference in the operability and overall
economy of the system. Next we will look at another important consideration for mixer selection:
configuration.

3.4

Microphones
Definition: A microphone, colloquially nicknamed mic or mike is a transducer that converts sound
(pressure Waves in air) into an electrical signal (voltage Variations).

Fig 57: Dynamic Mic

Fig 58: Internal Diagram of Dynamic Mic
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How a Microphone Works:
How does a microphone turn sound energy into electrical energy?

Fig 59: Flow of Signal in Mic
1. When you speak, sound waves created by your voice carry energy towards the microphone.
Remember that sound we can hear is energy carried by vibrations in the air.
2. Inside the microphone, the diaphragm (much smaller than you would find in a loudspeaker and
usually made of very thin plastic) moves back and forth when the sound waves hit it.
3. The coil, attached to the diaphragm, moves back and forth as well.
4. The permanent magnet produces a magnetic field that cuts through the coil. As the coil moves back
and forth through the magnetic field, an electric current flows through it.
5. The electric current flows out from the microphone to an amplifier or sound recording device. Hey
presto, you have converted your original sound into electricity! By using this current to drive sound
recording equipment, you can effectively store the sound forever more. Or you could amplify (boost
the size of) the current and then feed it into a loudspeaker, turning the electricity back into much
louder sound. That is how PA (personal address) systems, electric guitar amplifiers, and rock concert
amplifiers work.

Fig 60: Electronic Symbol for a Microphone

Types of Microphones
All microphones turn sound energy into electrical energy, but there are various different kinds that work
in slightly different ways.

1. Dynamic Microphones: Dynamic microphones (also known as moving-coil microphones) work
via electromagnetic induction and they are just ordinary microphones that use diaphragms, magnets,
and coils. Dynamic microphones use the same dynamic principle as in a loudspeaker, only reversed.
A small movable induction coil, positioned in the magnetic field of a permanent magnet, is attached
to the diaphragm. When sound enters through the windscreen of the microphone, the sound wave
moves the diaphragm. When the diaphragm vibrates, the coil moves in the magnetic field, producing
a varying current in the coil through electromagnetic induction. A single dynamic membrane does not
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respond linearly to all audio frequencies. Some microphones for this reason use multiple membranes
for the different parts of the audio spectrum and then combine the resulting signals.
Combining the multiple signals correctly is difficult and designs that do this are rare and tend to be
expensive. There are on the other hand several designs that are more specifically aimed towards
isolated parts of the audio spectrum. The AKG D 112, for example, is designed for bass response
rather than treble. In audio engineering several kinds of microphones are often used at the same time
to get the best results.

2. Condenser Microphones: The condenser microphone, invented at Bell Labs in 1916 by E. C.
Wente, is also called a capacitor microphone or electrostatic microphone—capacitors were
historically called condensers. Here, the diaphragm acts as one plate of a capacitor, and the vibrations
produce changes in the distance between the plates.

Fig 61: Internal Diagram of Condenser Mic
There are two types, depending on the method of extracting the audio signal from the transducer: DCbiased microphones, and radio frequency (RF) or high frequency (HF) condenser microphones. With
a DC-biased microphone, the plates are biased with a fixed charge (Q). The voltage maintained
across the capacitor plates changes with the vibrations in the air, according to the capacitance
equation (C = Q⁄V), where Q = charge in coulombs, C = capacitance in farads and V = potential
difference in volts. The capacitance of the plates is inversely proportional to the distance between
them for a parallel-plate capacitor. The assembly of fixed and movable plates is called an "element"
or "capsule".
A nearly constant charge is maintained on the capacitor. As the capacitance changes, the charge
across the capacitor does change very slightly, but at audible frequencies it is sensibly constant. The
capacitance of the capsule (around 5 to 100 pF) and the value of the bias resistor (100 MΩ to tens of
GΩ) form a filter that is high-pass for the audio signal, and low-pass for the bias voltage. Note that
the time constant of an RC circuit equals the product of the resistance and capacitance.
Within the time-frame of the capacitance change (as much as 50 ms at 20 Hz audio signal), the charge
is practically constant and the voltage across the capacitor changes instantaneously to reflect the
change in capacitance. The voltage across the capacitor varies above and below the bias voltage. The
voltage difference between the bias and the capacitor is seen across the series resistor. The voltage
across the resistor is amplified for performance or recording. In most cases, the electronics in the
microphone itself contribute no voltage gain as the voltage differential is quite significant, up to
several volts for high sound levels. Since this is a very high impedance circuit, current gain only is
usually needed, with the voltage remaining constant.
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Fig 62: Studio Condenser Mic (Source : Wikimedia)
Condenser microphones are the most common types of microphones you will find in studios. They
have a much greater frequency response and transient response - which is the ability to reproduce the
"speed" of an instrument or voice. They also generally have a louder output, but are much more
sensitive to loud sounds.
Condenser microphones are generally much more expensive than dynamic microphones, but keep in
mind, many cheap condensers exist. The problem is that most of these mics come from a few
factories in China, and all sound the same -- very brittle and with little low end.
They require the use of a power supply, generally 48 volt "phantom power", and that is supplied very
easily by most mixing boards or external power supplies (look for a switch that says "P 48" or "48V"
on the channel strip or on the back of the mixer.)

Condenser microphones are generally used only in studios because of their sensitivity to loud sounds
and the fact that they are more fragile than their dynamic counterparts.

3. Electret (Condenser) Microphones: An electret microphone is a type of electrostatic capacitorbased microphone, which eliminates the need for a polarizing power supply by using a permanently
charged material.

Fig 63: Electret Condenser Microphone (Source: Wikimedia)
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A typical electrets microphone
preamp circuit uses an FET in a common
source configuration. The two-terminal
electret capsule contains a FET which
must be externally powered by supply
voltage V+. The resistor sets the gain
and output impedance. The audio signal
appears at the output, after a DCblocking capacitor.

Fig 64: Internal Background
An electret microphone is a type of capacitor microphone invented by Gerhard Sessler and Jim
West at Bell laboratories in 1962.[20] The externally applied charge described above under condenser
microphones is replaced by a permanent charge in an electret material. An electret is
a ferroelectric material that has been permanently electrically charged or polarized. The name comes
from electrostatic and magnet; a static charge is embedded in an electret by alignment of the static
charges in the material, much the way a magnet is made by aligning the magnetic domains in a piece
of iron.
Due to their good performance and ease of manufacture, hence low cost, the vast majority of
microphones made today are electrets microphones; a semiconductor manufacturer[21] estimates
annual production at over one billion units. Nearly all cell-phone, computer, PDA and headset
microphones are electret types. They are used in many applications, from high-quality recording
and lavalier use to built-in microphones in small sound recording devices and telephones. Though
electret microphones were once considered low quality, the best ones can now rival traditional
condenser microphones in every respect and can even offer the long-term stability and ultra-flat
response needed for a measurement microphone. Unlike other capacitor microphones, they require no
polarizing voltage, but often contain an integrated preamplifier that does require power (often
incorrectly called polarizing power or bias). This preamplifier is frequently phantom
powered in sound reinforcement and studio applications. Monophonic microphones designed
for personal computer (PC) use, sometimes called multimedia microphones, use a 3.5 mm plug as
usually used, without power, for stereo; the ring, instead of carrying the signal for a second channel,
carries power via a resistor from (normally) a 5 V supply in the computer. Stereophonic microphones
use the same connector; there is no obvious way to determine which standard is used by equipment
and microphones.
Only the best electret microphones rival good DC-polarized units in terms of noise level and quality;
electret microphones lend themselves to inexpensive mass-production, while inherently expensive
non-electret condenser microphones are made to higher quality.

4. Ribbon Microphones: A ribbon microphone, also known as a ribbon velocity microphone, is a
type of microphone that uses a thin aluminium, dur aluminium or nano film of electrically conductive
ribbon placed between the poles of a magnet to produce a voltage by electromagnetic induction.
Ribbon microphones are typically bidirectional, meaning that they pick up sounds equally well from
either side of the microphone.
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Fig 65: Ribbon Microphone (Source: Wikimedia)
In a moving-coil microphone, the diaphragm is attached to a light movable coil that generates a
voltage as it moves back and forth between the poles of a permanent magnet. In ribbon microphones,
a light metal ribbon is suspended between the poles of a magnet. As the ribbon vibrates, a voltage is
induced at right angles to both the ribbon velocity and magnetic field direction and is picked off by
contacts at the ends of the ribbon. Ribbon microphones are also called "velocity microphones"
because the induced voltage is proportional to the velocity of the ribbon and thus of the air particles in
the sound wave, unlike in some other microphones where the voltage is proportional to the
displacement of the diaphragm and the air.
The advantage of the ribbon microphone when introduced was that the light ribbon had a much higher
natural resonant frequency than diaphragms in existing microphones, above hearing range, so it had
flatter response at high frequencies. The voltage output of older ribbon microphones is typically quite
low compared to a dynamic moving coil microphone, and a step-up transformer is used to increase
the voltage output and increase the output impedance. Modern ribbon microphones do not suffer from
this problem due to improved magnets and more efficient transformers and have output levels that can
exceed typical stage dynamic microphones.

Fig 66: Principle of Operation
Ribbon microphones were once delicate and expensive, but modern materials make certain presentday ribbon microphones very durable, and so they may be used for loud rock music and stage work.
They are prized for their ability to capture high-frequency detail, comparing very favourably
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with condenser microphones, which can often sound subjectively "aggressive" or "brittle" in the high
end of the frequency spectrum. Due to their bidirectional pick-up pattern, ribbon microphones are
often used in pairs to produce the Blumlein Pair recording array. In addition to the standard
bidirectional pick-up pattern, ribbon microphones can also be configured to have cardioid,
hypercardioid, omni directional, and variable polar patterns, although these configurations are much
less common.
As many mixers are equipped with phantom power in order to enable the use of condenser
microphones, care should be taken when using condenser and ribbon microphones at the same time. If
the ribbon microphone is improperly wired, which is not unheard of with older microphones, this
capacity can damage some ribbon elements; however, improvements in designs and materials have
made those concerns largely inconsequential in modern ribbon microphones.

5. PZM Microphones: PZM (Pressure Zone) Microphones are a special type of condenser
microphone. Also known as a boundary microphone, this type of microphone uses sound phenomena
called the boundary effect.
PZM mics are quite unusual-looking. They are flat and don't really look like microphones at all. They
work best when placed against a hard, flat surface at least one metre square; for example, a tabletop
or wall.

Fig 67: PZM Mic (Source: Wikimedia)
PZM mics are quite unusual-looking. They are flat and don't really look like microphones at all. They
work best when placed against a hard, flat surface at least one metre square; for example, a tabletop
or wall.
These mics are often used in conference situations, where they can be placed conveniently and
unobtrusively in the middle of the table.

How PZM Microphones Work
A small condenser microphone is mounted face-down a short distance from the reflective boundary
plate. This creates a pressure zone between the plate and the mic. The microphone detects changes in
this pressure zone, rather than the conventional method of detecting changes in the surrounding air
pressure (i.e. sound waves).
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Advantages of PZM Microphones
The main advantage of this technology is the elimination of interference from reflected sound waves.
A normal microphone will pick up sound waves from the primary source and also any reverberations,
which can result in unnatural sound reproduction. In the pressure zone microphone, sound waves are
always in phase and there is no interference.
PZM mics also tend to have a smooth frequency response, good off-axis consistency and strong
output levels.

6. Carbon Microphone: A carbon microphone, also known as a carbon button microphone (or
sometimes just a button microphone), uses a capsule or button containing carbon granules pressed
between two metal plates like the Berliner and Edison microphones. A voltage is applied across the
metal plates, causing a small current to flow through the carbon. One of the plates, the diaphragm,
vibrates in sympathy with incident sound waves, applying a varying pressure to the carbon.

Fig 68: Carbon Mic (Source: Wikimedia)
The changing pressure deforms the granules, causing the contact area between each pair of adjacent
granules to change, and this causes the electrical resistance of the mass of granules to change. The
changes in resistance cause a corresponding change in the current flowing through the microphone,
producing the electrical signal. Carbon microphones were once commonly used in telephones; they
have extremely low-quality sound reproduction and a very limited frequency response range, but are
very robust devices. The Boudet microphone, which used relatively large carbon balls, was similar to
the granule carbon button microphones.
Unlike other microphone types, the carbon microphone can also be used as a type of amplifier, using
a small amount of sound energy to control a larger amount of electrical energy. Carbon microphones
found use as early telephone repeaters, making long distance phone calls possible in the era before
vacuum tubes. These repeaters worked by mechanically coupling a magnetic telephone receiver to a
carbon microphone: the faint signal from the receiver was transferred to the microphone, where it
modulated a stronger electric current, producing a stronger electrical signal to send down the line.
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One illustration of this amplifier effect was the oscillation caused by feedback, resulting in an audible
squeal from the old "candlestick" telephone if its earphone was placed near the carbon microphone.

7. Piezoelectric Microphone: A crystal microphone or piezo microphone uses the phenomenon
of piezoelectricity—the ability of some materials to produce a voltage when subjected to pressure—to
convert vibrations into an electrical signal. An example of this is potassium sodium tartrate, which is
a piezoelectric crystal that works as a transducer, both as a microphone and as a slimline loudspeaker
component. Crystal microphones were once commonly supplied with vacuum tube (valve)
equipment, such as domestic tape recorders. Their high output impedance matched the high input
impedance (typically about 10 megohms) of the vacuum tube input stage well. They were difficult to
match to early transistor equipment, and were quickly supplanted by dynamic microphones for a time,
and later small electret condenser devices. The high impedance of the crystal microphone made it
very susceptible to handling noise, both from the microphone itself and from the connecting cable.

Fig 69: Piezoelectric Mic (Source: Wikimedia)
Piezoelectric transducers are often used as contact microphones to amplify sound from acoustic
musical instruments, to sense drum hits, for triggering electronic samples, and to record sound in
challenging environments, such as underwater under high pressure. Saddle-mounted
pickups on acoustic guitars are generally piezoelectric devices that contact the strings passing over
the saddle. This type of microphone is different from magnetic coil pickups commonly visible on
typical electric guitars, which use magnetic induction, rather than mechanical coupling, to pick up
vibration.

8. Fiber Optic Microphone: A fibre optic microphone converts acoustic waves into electrical signals
by sensing changes in light intensity, instead of sensing changes in capacitance or magnetic fields as
with conventional microphones. During operation, light from a laser source travels through an optical
fibre to illuminate the surface of a reflective diaphragm. Sound vibrations of the diaphragm modulate
the intensity of light reflecting off the diaphragm in a specific direction. The modulated light is then
transmitted over a second optical fibre to a photo detector, which transforms the intensity-modulated
light into analog or digital audio for transmission or recording. Fibre optic microphones possess high
dynamic and frequency range, similar to the best high fidelity conventional microphones.
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Fig 70: Fibre Optic Mic (Source: Wikipedia)
Fibre optic microphones do not react to or influence any electrical, magnetic, electrostatic or
radioactive fields (this is called EMI/RFI immunity). The fibre optic microphone design is therefore
ideal for use in areas where conventional microphones are ineffective or dangerous, such as
inside industrial turbines or in magnetic resonance imaging (MRI) equipment environments.
Fibre optic microphones are robust, resistant to environmental changes in heat and moisture, and can
be produced for any directionality or impedance matching. The distance between the microphone's
light source and its photo detector may be up to several kilometres without need for any preamplifier
or other electrical device, making fibre optic microphones suitable for industrial and surveillance
acoustic monitoring.

9. Laser Microphone: Laser microphones are often portrayed in movies as spy gadgets, because they
can be used to pick up sound at a distance from the microphone equipment. A laser beam is aimed at
the surface of a window or other plane surface that is affected by sound. The vibrations of this surface
change the angle at which the beam is reflected, and the motion of the laser spot from the returning
beam is detected and converted to an audio signal.
In a more robust and expensive implementation, the returned light is split and fed to
an interferometer, which detects movement of the surface by changes in the optical path length of the
reflected beam. The former implementation is a tabletop experiment; the latter requires an extremely
stable laser and precise optics.
A new type of laser microphone is a device that uses a laser beam and smoke or vapour to
detect sound vibrations in free air. On August 25, 2009, US patent 7,580,533 issued for a Particulate
Flow Detection Microphone based on a laser-photocell pair with a moving stream of smoke or vapour
in the laser beam's path. Sound pressure waves cause disturbances in the smoke that in turn cause
variations in the amount of laser light reaching the photo detector. A prototype of the device was
demonstrated at the 127th Audio Engineering Society convention in New York City from October 912, 2009.

10. Liquid Microphone:

Early microphones did not produce intelligible speech, till Alexander
Graham Bell made improvements including a variable-resistance microphone/transmitter. Bell's
liquid transmitter consisted of a metal cup filled with water with a small amount of sulphuric acid
added. A sound wave caused the diaphragm to move, forcing a needle to move up and down in the
water.
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Fig 71: Liquid Mic (Source: Wikimedia)
The electrical resistance between the wire and the cup was then inversely proportional to the size of
the water meniscus around the submerged needle. Elisha Gray filed a caveat for a version using a
brass rod instead of the needle. Other minor variations and improvements were made to the liquid
microphone by Majoranna, Chambers, Vanni, Sykes, and Elisha Gray, and one version was patented
by Reginald Fessenden in 1903. These were the first working microphones, but they were not
practical for commercial application. The famous first phone conversation between Bell and Watson
took place using a liquid microphone.

11. MEMS Microphone: The MEMS (Micro Electrical-Mechanical System) microphone is also called
a microphone chip or silicon microphone. A pressure-sensitive diaphragm is etched directly into a
silicon wafer by MEMS processing techniques, and is usually accompanied with an integrated
preamplifier. Most MEMS microphones are variants of the condenser microphone design.
Digital MEMS microphones have built in analog-to-digital converter (ADC) circuits on the same
CMOS chip making the chip a digital microphone and so more readily integrated with modern digital
products. Major manufacturers producing MEMS silicon microphones are Wolfson Microelectronics
(WM7xxx) now Cirrus Logic, InvenSense (product line sold by Analog Devices), Akustica
(AKU200x), Infineon (SMM310 product), Knowles Electronics, Memstech (MSMx), NXP
Semiconductors (division bought by Knowles), Sonion MEMS, Vesper, AAC Acoustic Technologies,
and Omron.
More recently there has been increased interest and research into making piezoelectric MEMS
microphones which are a significant architectural and material change from the existing condenser style
MEMS designs.

Micorophone Polar Patterns
A microphone's directionality or polar pattern indicates how sensitive it is to sounds arriving at different
angles about its central axis. The polar patterns illustrated above represent the locus of points that produce
the same signal level output in the microphone if a given sound pressure level (SPL) is generated from
that point. How the physical body of the microphone is oriented relative to the diagrams depends on the
microphone design. For large-membrane microphones such as in the Oktava (pictured above), the upward
direction in the polar diagram is usually perpendicular to the microphone body, commonly known as
"side fire" or "side address". For small diaphragm microphones such as the Shure (also pictured above), it
usually extends from the axis of the microphone commonly known as "end fire" or "top/end address".
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Some microphone designs combine several principles in creating the desired polar pattern. This ranges
from shielding (meaning diffraction/dissipation/absorption) by the housing itself to electronically
combining dual membranes.

Omni-directional: An omni-directional (or non-directional) microphone's response is generally
considered to be a perfect sphere in three dimensions. In the real world, this is not the case. As with
directional microphones, the polar pattern for an "omni-directional" microphone is a function of
frequency. The body of the microphone is not infinitely small and, as a consequence, it tends to get in its
own way with respect to sounds arriving from the rear, causing a slight flattening of the polar response.
This flattening increases as the diameter of the microphone (assuming it is cylindrical) reaches the
wavelength of the frequency in question. Therefore, the smallest diameter microphone gives the best
omni-directional characteristics at high frequencies.
The wavelength of sound at 10 kHz is 1.4" (3.5 cm). The smallest measuring microphones are often 1/4"
(6 mm) in diameter, which practically eliminates directionality even up to the highest frequencies. Omnidirectional microphones, unlike cardioids, do not employ resonant cavities as delays, and so can be
considered the "purest" microphones in terms of low colouration; they add very little to the original
sound. Being pressure-sensitive they can also have a very flat low-frequency response down to 20 Hz or
below. Pressure-sensitive microphones also respond much less to wind noise and plosives than directional
(velocity sensitive) microphones.

Uni-directional: A uni-directional microphone is primarily sensitive to sounds from only one
direction. The diagram above illustrates a number of these patterns. The microphone faces upwards in
each diagram. The sound intensity for a particular frequency is plotted for angles radially from 0 to 360°.
(Professional diagrams show these scales and include multiple plots at different frequencies. The
diagrams given here provide only an overview of typical pattern shapes, and their names.)

Cardioid

Hyper-cardioid

Sub-cardioid

Super-cardioid
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Shotgun
Fig 72: Frequency Response of Mics

Cardioid: The most common uni-directional microphone is a cardioid microphone, so named because
the sensitivity pattern is "heart-shaped", i.e. a cardioid. The cardioid family of microphones are
commonly used as vocal or speech microphones, since they are good at rejecting sounds from other
directions. In three dimensions, the cardioid is shaped like an apple centred around the microphone which
is the "stem" of the apple. The cardioid response reduces pickup from the side and rear, helping to avoid
feedback from the monitors. Since these directional transducer microphones achieve their patterns by
sensing pressure gradient, putting them very close to the sound source (at distances of a few centimetres)
results in a bass boost due to the increased gradient. This is known as the proximity effect. The SM58 has
been the most commonly used microphone for live vocals for more than 50 years demonstrating the
importance and popularity of cardioid mics.
Hyper-cardioid: A hyper-cardioid microphone is similar, but with a slightly larger figure-2 contribution
leading to a tighter area of front sensitivity and a smaller lobe of rear sensitivity. Maximum isolation,
maximum rejection of reverb, leakage, and background noise.
Super-cardioid: A super-cardioid microphone is similar to a hyper-cardioid, except there is more front
pickup and less rear pickup. While any pattern between omni and Figure 2 is possible by adjusting their
mix, common definitions state that a hyper-cardioid is produced by combining them at a 3:1 ratio,
producing nulls at 109.5°, while super-cardioid is produced with about a 5:3 ratio, with nulls at 126.9°
Sub-cardioid: The sub-cardioid microphone has no null points. It is produced with about 7:3 ratio with 310 dB level between the front and back pickup.

3.5

Sound Card
Watch this introductory video on features of
video camera at goo.gl/jWKjUL
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A sound card (also known as an audio card) is an internal expansion card that provides input and output
of audio signals to and from a computer under control of computer programs. The term sound card is also
applied to external audio interfaces used for professional audio applications. Typical uses of sound cards
include providing the audio component for multimedia applications such as music composition, editing
video or audio, presentation, education and entertainment (games) and video projection.

Sound Card Features and Functions
The motherboard on most computer systems has an integrated sound card, which is often sufficient for
many users. However, to get higher quality sound you can upgrade to a separate sound card, which uses
better and more expensive components.
Audio files on a computer consist of digital data just like any other file on a computer. Sounds we can
hear consist of waves that travel through the –air-sounds are analog. The primary function of a sound card
is to translate between digital and analog information, just like a video card. Sound cards typically have
four major components:


The digital-to-analog converter (DAC), which makes it possible to convert digital data to analog
sound



The analog-to-digital converter (ADC), which makes it possible to make digital recordings from
analog sound inputs



An interface to connect to the motherboard, typically using Peripheral Component Interconnect (PCI)



Input and output connectors so you can plug in headphones, speakers or a microphone - many
computer systems have speakers and microphone built-in, but connectors allow you to use higher
quality external devices to play or record sound

On some sound cards, the two types of converters are integrated into CODEC a single coder/decoder chip.
Some sound cards also have a digital signal processor (DSP), a built-in processing unit. The DSP takes
some of the load of the central processing unit (CPU) to convert between digital and analog. Similarly,
some sound cards have their own memory. Sound cards without a DSP or memory will use the
motherboard's CPU and memory.
Computer systems typically have built-in speakers, which are reasonably effective if you don't turn up
the volume too high. If you want to use your computer for some serious music for a party, you probably
want to connect a set of external speakers. Relatively small external speakers can be powered using a
USB connection, while larger ones need their own power supply. Similarly, most computer systems have
a built-in microphone, but you can also connect an external microphone.
Serious audiophiles who use their computer as their sound system will typically upgrade to a high-end
sound card, a set of good external speakers, and a good external microphone (if they want to make their
own recordings). A high-end computer system can rival dedicated music equipment. In general, with the
improvements in sound and video, computer systems have turned into multimedia systems rather than
simply computing devices to run software.
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Types of Sound Card
Watch this introductory video on features of
video camera at goo.gl/F9Y3yU

PCI Sound Card.

Fig 73: PCI Sound Card (Source: Wikimedia)

What is PCI ?
PCI (Peripheral Component Interconnect) is common in modern PCs. This kind of bus is being succeeded
by PCI Express. Typical PCI cards used in PCs include: network cards, sound cards, modems, extra ports
such as USB or serial, TV tuner cards and disk controllers. Video cards have outgrown the capabilities of
PCI because of their higher bandwidth requirements.

Fig 74: PCI Slots (Source: Wikimedia)
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External Sound Card
Many types of professional soundcards (audio interfaces) have the form of an external FireWire or USB
unit, usually for convenience and improved fidelity.
Sound cards using the PCMCIA Cardbus interface were available before laptop and notebook computers
routinely had onboard sound. Cardbus audio may still be used if onboard sound quality is poor. When
Cardbus interfaces were superseded by Express card on computers since about 2005, manufacturers
followed. Most of these units are designed for mobile DJs, providing separate outputs to allow both
playback and monitoring from one system. However some also target mobile gamers, providing highend sound to gaming laptops who are usually well-equipped when it comes to graphics and processing
power, but tend to have audio codecs that are no better than the ones found on regular laptops.
USB Sound Cards

Fig 75: USB Sound Card (Source:Wikimedia)

Fig 76: PCMCIA PC Card (Source:Wikimedia)

Network Adapter

Fig 77: Sound card Interface (Source: Wikimedia)
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USB sound "cards" are external devices that plug into the computer via USB. They are often used in
studios and on stage by electronic musicians including live PA performers and DJs. DJs who use DJ
software typically use sound cards integrated into DJ controllers or specialized DJ sound cards. DJ sound
cards sometimes have inputs with phono preamplifiers to allow turntables to be connected to the
computer to control the software's playback of music files with time code vinyl.
The USB specification defines a standard interface, the USB audio device class, allowing a single driver
to work with the various USB sound devices and interfaces on the market. Mac OS X, Windows, and
Linux support this standard. However, many USB sound cards do not conform to the standard and require
proprietary drivers from the manufacturer. Even cards meeting the older, slow, USB 1.1 specification are
capable of high quality sound with a limited number of channels, or limited sampling frequency or bit
depth, but USB 2.0 or later is more capable.
A USB audio interface may also describe a device allowing a computer which has a sound-card, yet lacks
a standard audio socket, to be connected to an external device which requires such a socket, via its USB
socket.

Drivers
To use a sound card, the operating system (OS) typically requires a specific device driver, a low-level
program that handles the data connections between the physical hardware and the operating system. Some
operating systems include the drivers for many cards; for cards not so supported, drivers are supplied with
the card, or available for download.
Microsoft Windows uses drivers generally written by the sound card manufacturers. Many device
manufacturers supply the drivers on their own discs or to Microsoft for inclusion on Windows installation
disc. Sometimes drivers are also supplied by the individual vendors for download and installation. Bug
fixes and other improvements are likely to be available faster via downloading, since CDs cannot be
updated as frequently as a web or FTP site. USB audio device class support is present from Windows 98
SE onwards.[15] Since Microsoft's Universal Audio Architecture (UAA) initiative which supports the HD
Audio, FireWire and USB audio device class standards, a universal class driver by Microsoft can be used.
The driver is included with Windows Vista. For Windows XP, Windows 2000 or Windows Server 2003,
the driver can be obtained by contacting Microsoft support.[16] Almost all manufacturer-supplied drivers
for such devices also include this class driver.

Verifying Installation in Windows
1. Launch Start > Choose Control Panel.
2. Select System and Security.
3. Click on Device Manager.
4. In Device Manager, click Sound, video and game controllers to expand the list.
5. Double-click on the items to show the Properties and check if it indicates "The device is working
properly".
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Fig 78: Device Manager in Windows

3.6 Loud Speaker
Definition: A loudspeaker (or loud-speaker or speaker) is an electro acoustic transducer; which converts
an electrical audio signal into a corresponding sound. The first primitive loudspeakers were invented
during the development of telephone systems in the late 1800s, but electronic amplification by vacuum
tube beginning around 1912 made loudspeakers truly practical. By the 1920s they were used in radios,
phonographs, public address systems and theatre sound systems for talking motion pictures.
The most widely used type of speaker today is the dynamic speaker, invented in 1925 by Edward W.
Kellogg and Chester W. Rice. The dynamic speaker operates on the same basic principle as a dynamic
microphone, but in reverse, to produce sound from an electrical signal. When an alternating current
electrical audio signal is applied to its voice coil, a coil of wire suspended in a circular gap between the
poles of a permanent magnet, the coil is forced to move rapidly back and forth due to Faraday's law of
induction, which causes a diaphragm (usually conically shaped) attached to the coil to move back and
forth, pushing on the air to create sound waves. Besides this most common method, there are several
alternative technologies that can be used to convert an electrical signal into sound. The sound source (e.g.
a sound recording or a microphone) must be amplified with an amplifier before the signal is sent to the
speaker.
Speakers are typically housed in an enclosure which is often a rectangular or square box made of wood or
sometimes plastic, and the enclosure plays an important role in the quality of the sound. Where high
fidelity reproduction of sound is required, multiple loudspeaker transducers are often mounted in the same
enclosure, each reproducing a part of the audible frequency range (picture at right). In this case the
individual speakers are referred to as "drivers" and the entire unit is called a loudspeaker. Drivers made
for reproducing high audio frequencies are called tweeters, those for middle frequencies are called midrange drivers, and those for low frequencies are called woofers. Smaller loudspeakers are found in
devices such as radios, televisions, portable audio players, computers, and electronic musical
instruments . Larger loudspeaker systems are used for music, sound reinforcement in theatres and
concerts, and in public address systems.
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Loudspeaker Working:

Loudspeaker for
home use with
three types of
dynamic drivers

1.Mid-range driver

2.Tweeter

3. Woofers

Fig 79: Woofer Speaker (Source: Wikimedia)

Loudspeaker Working




The loudspeakers in radio, television or stereo system consists of a permanent magnet surrounding an
electromagnet that is attached to the loudspeaker membrane or cone.
By varying the electric current through the wires around the electromagnet, the electromagnet and the
speaker cone can be made to move back and forth.
If the variation of the electric current is at the same frequencies of sound waves, the resulting
vibration of the speaker cone will create sound waves, including that from voice and music.

3.6.1 Types of Loudspeakers









Crystal loudspeaker(Piezoelectric speakers)
Dipole loudspeaker
Electrostatic loudspeaker
Dynamic loudspeaker
Permanent magnet loudspeaker
Woofers
Midrange
Tweeter

1. Crystal Loudspeaker (Piezoelectric Speakers)





Piezoelectric speakers are frequently used as beepers in watches and other electronic devices.
Piezoelectric speakers are resistant to overloads that would normally destroy most high frequency
drivers, and they can be used without a crossover due to their electrical properties.
There are also disadvantages: some amplifiers can oscillate when driving capacitive loads like most
piezoelectric, which results in distortion or damage to the amplifier.
Frequency response is inferior to that of other technologies.
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Piezoelectric speakers can have extended high frequency output, and this is useful in some specialized
circumstances; for instance, sonar applications in which piezoelectric variants are used as both output
devices and input devices.

Fig 80: Piezoelectric Speaker (Source: Wikimedia)
2. Dipole Loudspeaker
 A dipole speaker enclosure in its simplest form is constructed by mounting a loudspeaker driver on a
flat panel.
 The term dipole derives from the fact that the polar response consists of two lobes, with equal
radiation forwards and backwards.
 A dipole speaker works by creating air movement (as sound pressure waves) directly from the front
and back surfaces of the driver.

Fig 81: Diagram of Dipole Speaker (Source: Wikimedia)
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3. Electrostatic Loudspeaker
 An electrostatic loudspeaker is a loudspeaker design in which sound is generated by the force exerted
on a membrane suspended in an electrostatic field.
 The speakers use a thin flat diaphragm usually consisting of a plastic sheet coated with material such
as graphite sandwiched between two electrically conductive grids, with a small air gap between the
diaphragm and grids.
 For low distortion operation, the diaphragm must operate with a constant charge on its surface, rather
than with a constant voltage.
 By means of the conductive coating and an external high voltage supply the diaphragm is held at a
DC potential of several kilovolts with respect to the grids.
 The grids are driven by the audio signal; front and rear grid are driven in anti-phase.
As a result a uniform electrostatic field proportional to the audio signal is produced between both grids.
This causes a force to be exerted on the charged diaphragm, and its resulting movement drives the air on
either side of it.

Fig 82: Electrostatic loudspeaker (Source: Wikimedia)

3.7

Digital Audio Workstation
A digital audio workstation (or DAW) is a computer program (software) that is exclusively designed for
the recording, editing and playing of digital audio files. A DAW allows you to edit and mix multiple
audio sources simultaneously on a musical timing grid and to visually observe how they line up over
time.

Fig 83: Recording Studio Equipment Setup
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A number of software applications are available for sound recording and editing:
• Adobe Audition
• Steinberg Nuendo
• Sony Sound Forge
• Creative Wave Studio
• Audacity
Nuendo is a music software product developed by Steinberg for music recording, arranging, editing
and post-production as part of a Digital Audio Workstation. The package is aimed at audio and video
post-production market segments, but it also contains optional modules that can be used for multimedia
creation and audio sequencing.

Fig 84: Multitrack Software (Nuendo)
And sound forge software is basic single track software to use for basic editing and recording.

Fig 85: Single Track Software ( Sound Forge )
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___________________________________________________________________________________________

Unit Summary
In this unit you learned all the functions and working of equipment for Audio recording. As a result,
students will be able to install their own recording sets as per requirements.
___________________________________________________________________________________________

Assignments
Make a list of available equipment in the market and online as per requirements.
Prepare a detailed note on which equipment will be better for you and why.
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Unit 4
Recording and Editing of Sound
Introduction
This unit focuses on the basic techniques of recording a sound and editing it. Recording is an essential
part of any audio production and is raw material for any final production.

Upon completion of this unit you will be able to:
 Create a project record of the sound using audio softwares( here we are using Nuendo).
 Record in two different modes, analog and digital recording.
 Students will be able to identify the single track recording and multitrack recording.
 Students will be able to import audio from different storage devices.
 Students will be able to edit the recorded audio using different editing tools in the software.

4.1 Audio Recording and Editing

Fig 86: Recording Button (Source: Wikimedia)
Sound recording and reproduction is an electrical, mechanical, electronic, or digital inscription and recreation of sound waves, such as spoken voice, singing, instrumental music, or sound effects. The two
main classes of sound recording technology are analog recording and digital recording.

Types of Recording
Analog Recording
Analog recording (Greek, ana is "according to" and logos "relationship") is a technique used for
the recording of analog signals which, among many possibilities, allows analog audio and analog video
for later playback. Analog recording methods store signals as a continuous signal in or on the media.
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Fig 87: Analog Recording Technique (Source: Wikimedia)

Digital Recording
In digital recording, audio signals picked up by a microphone or other transducer or video signals picked
up by a camera or similar device are converted into a stream of discrete numbers, representing the
changes over time in air pressure for audio, and chroma and luminance values for video, and
then recorded to storage.

Fig 88: Digital Recording Studio (Source: Wikimedia)
In the new era we no more use analog recording but some places still use this technique of recording,
for example, Pprasar Bharti.

Steps of Recording
1. Creating a new project ( here we use the Neuendo tutorial )
When you first open Nuendo an empty screen appears before you. You need to either create a new
project or open an existing one.
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Fig 89: Nuendo Opening Window

To Create a New Project
1. Let us create a new project by selecting ―New Project‖ from the ―File‖ Menu.
2. The Templates dialogue box will open up.
3. Choose ―Empty‖. This will create a new project with nothing in it.
4. Click ―OK‖.
5. Nuendo now wants to create a folder on the hard drive so that your Nuendo project file and all its
related files are stored in one safe place. It is important that every project gets stored in its own folder.
Having many different projects stored in the same folder only leads to confusion later on.
6. Navigate to where you would like this project to be created.
You are not saving the project at this point. You are creating a folder on the hard drive that your
project will get saved into later. This will be explained very shortly.
7. Click ―Create‖ on the PC or ―New Folder‖ on the computer to create a new folder for your project.
8. Give your new folder a name.
If you are going to name your project ―My First Project‖ then you could call this folder ―My First
Project‖ or ―First Project‖. What is important here is that you are creating a folder on the hard drive
to store your project into it. This folder should have a unique name that is different from any other
Nuendo project you have created before.

Fig 90: To Store the Project Window
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9. Click ―OK‖ on the PC or ―Create‖ on the Mac.
Your project folder is now created on the hard drive.
10. Now click ―OK‖ on the PC or ―Chose‖ on the Mac.
11. You should be looking at your very first project in Nuendo now, Congratulations!

Fig 91: Project Window with saved Project Name
If you look at the top of the window in Nuendo (called the Project Window) you will see the name of
this project is ―Untitled‖. Proceed further to learn how to save your first project.
To Save a Project
1. Select ―Save As…‖ from the File menu.
The difference between Save and Save As are discussed in the chapter
―File Handling‖ in the Operation Manual.
2. You will notice that Nuendo is in the ―My First Project‖ folder that you created earlier. This is
where you want to save your project. Type in a name for your Project – you can use ―My First
Nuendo Project,‖ for example.
3.

Click ―Save‖ – and that‘s it!

To Close a Project
1. Make sure the Project Window is selected.
The Project Window is the main window that you work in.
2. Select ―Close‖ from the ―File‖ Menu.
If you have made any changes to the project since you last saved it, you will be prompted to
―Save‖, ―Don‘t Save‖ or ―Cancel‖. Click ―Save‖ if you want your changes saved.
To Open a Project
Now that we have saved and closed your project, let us show you how to open it.
Open a Project Using the “Open” Command
1. Select ―Open‖ from the ―File‖ Menu.
Here you can navigate to the folder that has the project you wish to open.
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2. Once you have found the project click ―Open‖ and theproject will load.
Open a Project Using the “Recent Projects” Submenu
Nuendo remembers recently open projects and lists them in the ―Recent Projects‖ submenu under the
―File‖ menu.
1. Select ―Recent Projects‖ from the ―File‖ Menu.
2. Choose the project you wish to open by clicking once on it

Adding a Mono Track
1. Now let us add an audio track to record to. Open the Project menu and choose ―Audio‖ from the
―Add Track‖ submenu.
2. Choose ―Mono‖ for Configuration and ―1‖ for Count. Click ―OK‖.
This adds a mono audio track to our Project Window.

Fig 92: New Audio Track Window
3. Click on the new track you have created and ensure the Inspector is shown.
The Inspector allows us to see and manipulate a lot of information for the selected track.

Fig 93: Mono Track
4. Make sure that ―Mono In‖ is selected for the audio track‘s input and that ―Stereo Out‖ is selected
for the audio tracks output.
You may have different inputs and outputs based on your audio hardware.
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See the chapter ―VST Connections‖ in the Operation Manual for more detailed information. By
setting ―Mono In‖, we will be able to record the audio from the left input of our audio card into a
track in Nuendo. Setting the output to ―Stereo Out‖ allows us to hear what we are recording.

Fig 94: VST Input Connections

Setting Levels
1. Clicking the Monitor button will allow us to hear.

Fig 95: Track Recording Enable Button
You should see and hear the audio coming in to the right of the track.
2. Now click the “Record Enable” button on the track.

Fig 96: Recording Enable Button
Setting the track to Record Enable lets Nuendo know that you want to record on this track and no
other one. You can have many tracks Record Enabled at a time.
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3. In the Inspector, open the “Channel” tab.

Fig 97: Recording and Display Buttons on Recording Time
Do the best you can to send the maximum amount of volume to the audio inputs of your audio card
before you hear any distortion. Most audio cards show some kind of level or volume indication. If
yours does not, don‘t worry, we can change the amount here.
4. Move the fader up or down so that the volume is loud enough without going into the red on the
channel metre. If you go into the red you may cause clipping or distortion. You will see a line near
the top of the channel metre – make sure the level does not go over this line.

Fig 98: Input Levels
Once the level is set, you are ready to record.
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4.2

Editing of Audio
In this section we will learn how to edit events or parts. This includes rename, resize, split, glue, move,
copy, repeat, mute, erase and adding a fade.

Renaming
If we look at the audio events that we recorded earlier, we notice that the bass track has an audio event on
it called ―Audio 01_01‖. This is because the name of the track was originally ―Audio 01‖ and the suffix
―_01‖ means that it is the first audio file to be recorded on the track. The second audio file would be
called ―Audio 01_02‖.
Naming your audio files keeps your project clean and easy to understand. Let us rename ―Audio 01_01‖
to ―Bass‖:
1. Choose the Object Selection tool.

Fig 99: Editing and Selection Tool Bar
2. Click on the event ―Audio 01_01‖.
3. Make sure ―Show Event Infoline‖ is activated on the toolbar.

Fig 100: Event Infoline Tool Bar
• The ―Event Infoline‖ gives us detailed information about an object or objects that are currently selected
in the event display.
4. Change ―Audio 01_01‖ to ―Bass‖ underneath the word ―File‖.
This changes the audio file‘s name directly on the hard drive – easy!

Fig 101: Bass Underneath the Word File
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5.

Notice that our audio event now says ―Bass‖.

Fig 102: Bass Elect Guitar Track

Resizing
You resize an event by adjusting the start and/or end of the event. Used in combination with the split tool
this is usually all the editing you will need.
1. Choose the Object Selection tool.
2. Click on the event you wish to resize.
In our case let us change the ―Bass‖ event.
3. Position the cursor over one of the squares at the bottom right or bottom left of the event. Click and
adjust the ―Bass‖ event so that it lines up with ―Elec Guitar_01‖.

Fig 103: Wave Form of Tack Signal

Splitting
Splitting is used to cut events. You can split or cut an event wherever you want or split them evenly to
bars and beats.

Splitting with “Snap” Off
Splitting with ―Snap‖ off allows you to cut anywhere without locking to any kind of reference like bars
and beats.
1. Choose the Split tool.

Fig 104: Tool Bar
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2. Make sure ―Snap‖ is off (not highlighted).

Fig 105: Tool Bar for Snap On/ Off
Snap allows you to edit to various time frames. The most common one is bars and beats. Meaning you
can cut exactly to the bar with ―Snap‖ turned on. With it turned off you can cut anywhere.
3. If you are having trouble seeing anything beyond the―Tool Buttons‖, right-click in the toolbar (the top
bar thatthe ―Tool Buttons‖ are on).

Fig 106: Tool Buttons Bar
This allows you to change what you see at the top of the Project Window. Customization is in the heart of
Nuendo.
4. Choose ―Default‖ so that if you change anything it will return to the default settings.
5. Next, right click again and choose ―Automation Mode‖ so that the automation tools are hidden from
view.
Now we can see enough for us to continue on with the Split tool.
6. With most of the Snap features in view, choose ―Grid‖ from the Snap mode pop-up menu to the right
of the Snap button.

Fig 107: Tool Bar (Snap Features)
This means we will be snapping to a grid.
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7. Next choose ―Bar‖ as the ―Grid Type‖.

Fig 108: Tool Bar (Bar Grid)
This means you will split to bars.
8. You can now split the ―Elec Guitar_01‖ event precisely to the bar. Cut on bars 6, 10 and 14.

Fig 109: Cutted Bar of Guitar Signal

Splitting with [Alt]/[Option]
1. Choose the Split tool.
2. Hold down [Alt]/[Option] and click on the bass event at bar 3 and the length of the split will be
repeated till the end of the event.

Fig 110: Cutted Bar of Guitar Signal (Splitting)
You can try this with ―Snap‖ on or off.
4. Select ―Undo Split‖ from the Edit menu and return the bass to the way it was.
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Gluing or Joining Events
Using the glue tool allows you to join events together that have been cut using the Split tool.
1. Choose the Glue tool.

Fig 111: Tools Bar for Glue
2. Glue together the split events in the ―Elec Guitar‖ track by clicking just before each split. Let us make
sure we glue all of them.

Fig 112: Elec Guitar Track with Glue Effects

Moving Events
1. Choose the Object Selection tool.
2. Move all the events in the Project Window from bar 2 to bar 1. Click and hold the mouse on an empty
area of the Project Window. Drag to create a selection of all the events. When you release the mouse
button, all the events will be selected.

Fig 113: Track View for Moving Event
3. With all the events selected, click and drag them to bar 1.

Fig 114: Track View for Moving Event (2)
4.Click on an empty area of the Project Window so that no event is selected.
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Copying Events
Copying can be used to copy an event to another area in the Project Window. If you want to make several
copies use copy and paste.

Using Copy and Paste
1. To copy an audio event, click on the desired event and choose ―Copy‖ from the Edit menu. In our
case let us choose the ―Elec Guitar_01‖ event.
2. Position the cursor at the point in the project that you wish the copy to be made. We will put our
cursor at bar 17.
3. Make sure you click on the track that you want the copied event to be copied to. Choose ―Paste‖ from
the Edit menu. It is possible that you may have another track selected. If so the ―Paste‖ command
would paste it to a different track. Always note the track you have selected before choosing ―Paste‖.

Fig 115: Track View for Paste the Signal Events
4. Now we have two guitar events. Note that we also copied the takes that were on the guitar track. We
can use these later.

Muting
Muting an event stops you from hearing just that event. You may want to mute events on a track so that
the track continues to play except for the events you mute. Note that this is different from muting a track.
1.Choose the Mute tool.

Fig 116: Tool Bar for Mute Button
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2. Click on the event you wish to mute.

Fig 117: Track View for How to Mute the Signal
3. To un-mute an event, click on the muted event with the Mute tool again and it returns to normal.

Erasing
1.Choose the Erase tool.

Fig 118: Tool Bar for Erase Button
2. Click on the events you wish to erase.

Adding a Fade
You can add a fade to an event to give the effect that the event is fading in or fading out.
1. Choose the Object Selection tool.

Fig 119: Tool Bar for Object Selection
2. Click on the event you wish to add a fade to.

Fig 120: Track Signal View Before Fading
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3. Click on one of the blue triangles and move it so that a fade appears.

Fig 121: Track Signal View After Fade Out
4. For more advanced fades you can double-click on the fade area to open up the fade dialogue.

Fig 122: Setting Curve Signal View After Fade Out
Now you can record the sound in Nuendo, but sometimes the outer source of sound is required (sound
recorder, etc.). In this tutorial we will learn how to import audio from the outer source or computer
storage.

4.3

Importing of Audio
1. Create New Project or open existing one ( As we have learned in the steps of recording above )
2. Once we have created the project or open the one existing the very second step is to import audio for
this go to ` FILE MENU’. Click on ‘IMPORT’ option and then click on the‗ Audio File’.
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Fig 123: Audio Import Window
By clicking on Audio File you will get the path to the desired folder to select the Audio ( for example,
Drives of computer, pen drive, etc )

Fig 124: Audio Import Window from Computer Drive
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You can also listen to the audio by clicking play button icon in extreme right corner.
Now we know how to record a sound and how to import the audio from the storage device.

What is an Audio Track ?
An audio channel or audio track is an audio signal communication channel in a storage device, used in
operations such as multi-track recording and sound reinforcement.
Audio Tracks can be single track / multitrack.

Single Track Recording
A single stream of recorded sound with no location in a sound field. One frequent use for track is in the
context of multitrack recording sessions where, say, a group of musicians produce two guitar tracks, a
drum track, and a vocal track, for later mixing into a stereo recording for public release.
In simple terms it is a recording done on differenrt tracks at different times.

Fig 125: Single Track Recording

Multi Track Recording
Multitracking, double tracking, or tracking—is a method of sound recording which allows the
separate recording of multiple sound sources or of sound sources recorded at different times to create a
cohesive whole.
In simple terms it is a recording done on different tracks at the same time.
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Fig 126: Multitrack Track Recording
Single track or multiple track recording depends on the configuration and sound card of your system. It is
upto the recordist whether he / she wants to use single track recording or multiple track recording.
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____________________________________________________________________________________

Unit Summary
In this unit you learned the recording of sound using audio software (Nuendo) editing of sound using
different tools of editing in the software. Therefore students will be able to record the best sound they can
record for the final production. As mentioned, recorded sound is a raw material for the final audio
production.
_____________________________________________________________________________________

Assignments
Create a project and record your voice, edit the voice using basic recording techniques.
Create a project and record by using the single track recording technique.
Create a project and record by using multitrack recording technique ( if you have the required
configuration).
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Unit 5
Sound Mixing and Final Touches
Introduction
This unit is the final step of audio production. In this unit we will learn about mixing and editing any
audio piece. Being the last stage of production it is a very crucial stage. If the sound engineer fails in this
step he is really going to ruin the whole audio.
On completion of this unit you will be able to:
 Edit the audios for any program.
 Understand the working of audio softwares.
 Mix any audio with special sound effects.
 Put the creative output in any audio production.

Terminology
EQ: It means Equalization. Equalizers are software or hardware filters that adjust the loudness of
specific frequencies. As with all sound engineering, the basis is on the human ear. Certain frequencies are
louder than others to our ears, despite having the same or even more energy behind it.
MIDI: (Musical Instrument Digital Interface) is a technical standard that describes a protocol, digital
interface and connectors and allows a wide variety of electronic musical instruments, computers and other
related devices to connect and communicate with one another.
Gain: Gain is a measure of the ability of a two port circuit (often an amplifier) to increase the power or
amplitude of a signal from the input to the output port by adding energy converted from some power
supply to the signal.
Reverb: Reverb (short for reverberation) is the acoustic environment that surrounds a sound. Natural
reverb exists everywhere. Whether the space being described is a bathroom or a gymnasium, the essential
characteristics remain the same.

5.1

Audio Mixing
Watch this introductory video on Audio Miing at
goo.gl/BYqPpR

Audio mixing is the process by which multiple sounds are combined into one or more channels. In the
process, a source's volume level, frequency content, dynamics, and panoramic position are manipulated or
enhanced. Also, effects such as reverberation and echo may be added. This practical, aesthetic, or
otherwise creative treatment is done in order to produce a finished version that is appealing to listeners.
Audio mixing is practised for music, film, television and live sound.
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Fig 127: Acoustic Audio Wave Form

Elements of a Mixing
Watch this introductory video on Elements of
Audio Mixing at goo.gl/VNwHhq

The sound mixing consists of several elements listed below :
5.2.1. Balance - the volume level relationship between musical elements
5.2.2. Panorama - placing musical elements in the sound field
5.2.3. Frequency Range - having all frequencies properly represented
Dynamics - controlling the volume envelopes of a track or instrument
5.2.4. Dimension - adding ambience to a musical element
5.2.5. Dynamics - controlling the volume envelopes of a track or instrument
5.2.6. Interest - making the mix special
Let us discuss these elements in detail.

Balance - The Mixing Part of Mixing
Mixing by nature is a subtractive process (either level-wise or frequency-wise).
Good balance starts with a good arrangement This means that the arrangement (and balance) is changed
by the simple act of muting an instrument that does not fit well with another.
When two instruments with essentially the same frequency band play at the same volume at the same
time, the result is a fight for attention.
Usually you do not hear a lead vocal and a guitar solo at the same time. That is because the listener is
unable to focus on both events simultaneously and becomes confused and fatigued as a result.

Page 111

Ways to prevent Instrument Fighting:






Change the arrangement and re-record the track.
Mute the offending instruments so that they never play at the same time.
Lower the level of the offending instrument.
Tailor the EQ so that the offending instrument takes up a different frequency space.
Pan the offending instrument to a different location.

Panorama - Placing Musical Elements in the Sound Field
To understand panorama, first we must understand that the stereo sound system (two channels)
represents sound spatially. Panning lets us select where in space we place the sound. Panning
can create excitement by adding movement to the track and adding clarity to an instrument by
moving it out of the way of other sounds that may clash with it.
Stereo features phenomena are known as the phantom centre. The phantom centre means that
that the output of the two speakers combines to give the impression of a third speaker in the
centre. This centre can sometimes shift as the balance of the music shifts from side to side, which
can be disconcerting to the listener.
Film sound has always relied on a third speaker channel in the centre in order to keep the sound
anchored. This third channel never caught on in music circles, mostly because consumers had a
difficult time just finding space for two speakers.
There are three panoramic areas in the mix that seem to get the most action; The Centre and the
Extreme Hard Left and Right. In early stereo mixes a three-way switch was used...it was only
later that the pan pot was invented. Panning hard right or left can give recordings a huge (wide)
sound. Stereo sources (keyboards, guitar effects...) panned hard left and right on top of one
another results in "Big Mono".
Hints




Dance music should not use hard pans...half the dance floor may miss something.
Stereo outputs are often simulated stereo...use one signal and create your own second channel with
delay, pitch, and EQ.
Pan in mono.
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Frequency Range – Equalizing
Range

When Used Produces This
Effect
Sense of power if used
infrequently, felt more than
heard

16 - 60Hz
Sub-Bass


When Used Too Much
Produces This Effect
Makes music muddy

31Hz – Rumble
Fundamental of rhythm section,
EQ can change musical balance
making it fat or thin

60 - 250Hz
Bass




63Hz - Bottom
125Hz - Boom, thump, and
warmth
250Hz - Fullness or mud
Low order harmonics of most
musical instruments

250 - 2kHz

Boominess generally occurs
around 200Hz

Low Mids
250Hz - 1kHz adds depth and
body






Speech Recognition, dip
instrument at 3k and boost
voice at 3k slightly will give
clarity to buried voice
Clarity and definition of voices
and instruments, makes music
seem closer to listener, adding
6db at 5KHz makes entire mix
seem 3db louder. Reduction at
5kHz will make mix sound
distant and transparent
Controls brilliance and clarity,
too much causes vocal sibilance

2kHz 4kHz
High Mids
4kHz 6kHz
Presence

6kHz 16kHz
Brilliance





telephone quality to music if
boosted
500 to 1KHz horn-like
1 to 2KHz tinny and nasal
sound
1 - 3 kHz listening fatigue
Lisping quality, "m:, "v", "b"
indistinguishable

Sibilance on vocals

Harshness on vocals

8kHz - Sibilance, definition
8 - 10 kHz cymbals are clear
16kHz and up - add air
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Fig 128: Frequency level


Always try to cut frequencies rather than boost them.



Usually better to increase a small amount at two frequencies than a large boost at one.



Don't EQ in solo mode - it might not fit into the overall mix. Drastic changes in the EQ of one sound
will affect other sounds around it.



The fewer the instruments in a mix the bigger they need to be. Conversely the more instruments you
have the smaller each one must be to fit together with the other instruments of the mix.



If it sounds muddy cut some at 250Hz.



If it sounds honky cut at some at 500Hz.



Cut if you are trying to make things sound better. Use a narrow bandwidth when cutting.



Boost if you are trying to make things sound different. Use a wide bandwidth when boosting.



You can't boost something that is not there.



If you want something to stick out, roll off the bottom.



To make something blend in, roll off the top.



Theoretically the ear can hear sound between 15 to 20Hz at the low end up to 23 kHz. - as a child and
teenager. The common range is usually stated as 20Hz. to 20 kHz. By the age of 60 most people can‘t
hear above 8 kHz. Most of the action occurs from 100Hz to 6 kHz.



Most equalization plug-ins include presets that can give a close approximation of speaker simulation.
These can be used to re-create or place a sound as if it is coming out of a TV or AM radio as well as
settings for things like a voice over a telephone, an LP record, from the room next door, etc.



It is often best to record without EQ and apply it during the mix down.
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5.2

Dimension - Adding Effects
The ambient field in which a track sits. Dimension can be captured in recording but usually must
be enhanced or created by adding effects such as reverb, delay or modulated delays such as
chorusing or flanging. Dimension can be as simple as creating an acoustic environment, but it
can also be the process of adding width or depth to a track or trying to spruce up a boring sound.
Move a track back in the mix - pan is left to right, effects are front to back.
The wetter a track is the further away it will sound. Long delays and reverbs push the sound
away if they are loud enough.

EQ Tips for Reverbs and Delays













To make an effect stick out brighten it up.
To make it blend in filter out the highs.
If the part is busy - like drums - roll off the low end of the effect to make it blend in.
If the part is open, add low end to the effect to fill in the space.
If the source part is mono and panned hard to one side make one side of the stereo effect
brighter and one side darker. Van Halen's guitar sound from their first two records.
Layer reverbs by frequency with the longest being the brightest and the shortest being the
darkest.
Pan reverbs any way but hard left and hard right.
Return the reverb in mono and pan accordingly - all reverbs need not be returned in stereo.
Get bigness from reverbs and depth from delays or vice versa.
Use a bit of the longest reverb and don all the major elements of a mix to tie all the
environments together.
If delays are timed to the tempo of a track they add depth without being noticeable.
If you want a delay to stick out make sure that it is not timed to the tempo of a track.
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Reverbs work better if they are timed to the tempo - on a snare say - if the reverb dies just
before the next hit occurs.

Fig 129: Reverb Effect in Mixer

Dynamics - Controlling the Volume Envelopes of a Track or Instrument
Dynamics processing is the process of altering the dynamic range of a signal, thereby enhancing the
ability of a live sound system or recording device to handle the signal without distortion or noise and
aiding in placing the signal in the overall mix. Common types of dynamics processors include
compressors, limiters, expanders, and gates.
Compression reduces the amount by which a signal‘s output level can increase relative to the input level.
It is useful for lowering the dynamic range of an instrument or vocal, making it easier to record without
distorting the recorder. It also assists in the mixing process by reducing the amount of level changes
needed for a particular instrument. Compressors are commonly used for many audio applications. For
example, a vocal performance usually has a wide dynamic range. Transients (normally the loudest
portions of the signal) can be far outside the average level of the vocal signal. Since the level can change
continuously and dramatically, it is extremely difficult to ride the level with a console fader. A
compressor/limiter automatically controls gain without altering the subtleties of the performance.
Furthermore, many vocalists move around in front of the microphone while performing, making the
output level vary up and down unnaturally. A compressor can be applied to the signal to help correct this
problem by reducing the louder passages enough to be compatible with the overall performance.

Interest - Making the Mix Special
Automation - Automation or gain riding can make a mix ‗move‘
• Mute - The most underrated mix tool. If a sound is ‗fighting‘ to be heard in the mix, try muting it or
muting another sound in that frequency range.
• Momentum - Build the mix throughout the song.
• Master Fader - Automating the master fader up slightly during the chorus can make the chorus sound
bigger.
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Mixing is a post production process which includes mixing of sounds, music and effects. After
recording one needs to edit the track and then mix it adding all the desired elements. Recording,
editing and mixing can be done on single track as well as multi- track softwares like
a) Single track (Sound Forge)
b) Multitrack recording (Nuendo), etc
Let us discuss the elements used when mixing audio and MIDI, and the various ways you can

configure the mixer in Nuendo software. Let us understand what MIDI is first.
Perhaps the best way to understand what MIDI is to first understand what it is not:
 MIDI is not music.
 MIDI does not contain any actual sounds.
 MIDI is not a digital music file format like MP3 or WAV.
MIDI is nothing more than data -- a set of instructions. MIDI (Musical Instrument Digital
Interface) data contains a list of events or messages that tell an electronic device (musical
instrument, computer sound card, cell phone, etc.) how to generate a certain sound.

5.3

Mixing in Nuendo Software
Now let us understand the mixing part in Nuendo software. Say ―TUTORIAL 3‖ project opens in
Nuendo. The given picture is a simple 16-bar ―song‖ containing four audio tracks.

Fig 130: Audio Project in Nuendo Software
Note : When you open a tutorial project, a dialogue may appear asking you to resolve pending
connections. This is because you probably don’t have the same configuration as the creator of this
project. Use the dialogue to choose the desired ports and click OK to close the dialogue.
Since this project does not contain any MIDI tracks, we will only mix audio in this tutorial. If you have
MIDI tracks in a project, these will also show in the mixer. Many procedures (setting levels, pan, mute,
etc.) are the same for MIDI mixer channels. If you had another project open, make sure the new project is
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in the Foreground and click the Activate button in the upper left corner of the Project Window so that it is
lit (blue). This button indicates which project is active when you have several projects open.

Fig 131: Command to Activate Project
Click Play to play back the project. Assume this particular project, this is a low-tempo, medium-funky
piece consisting of a drum track, a bass track, some electric piano and strings. Cycle is activated on the
Transport panel, which means the 16 bars of music will play back repeatedly. The balance, pan and
general sound is not the best – that is what we will try to change next.
If you don‘t hear all four tracks, make sure you have a stereo output bus and that all four tracks are routed
to this bus in the mixer. To make output routing settings for the tracks, use the input/output settings panel
at the top of the Mixer channel strips (or the ―out‖ pop-up menus in the Inspector).

Fig 132: All Four Tracks Routed to the Stereo Out Bus.

Setting Levels
Assume that in this project, the level balance is fairly OK till the strings start in bar 9. The strings are far
too loud, tending to drown the other tracks. Proceed as follows:
1. Open the Mixer by selecting it from the Devices menu (or by using the key command for this – by
default [F3]). The Mixer Window opens with channel strips for the four audio tracks. If the project
contained any other tracks (MIDI tracks, effect tracks, etc.) or VST instruments, there would be channel
strips here for these as well.

Fig 133: Audio Control Mixer
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2. Start playback and locate the channel strip for the Strings track.
The names of the tracks are shown at the bottom of each channel strip.
3. Click the level fader handle in the channel strip and lower the fader till you feel the level of the Strings
track is OK.
As you can see, the level metres reflect the signal level of each track – the metre for the Strings track will
reflect the level change you make. If you need to reset a level fader to ±0.00, press [Ctrl]/ [Command]and
click on it. You can use this method to reset most parameters to their default values.
4. If you like, adjust the levels of the other tracks as well. You can leave the project playing for the next
steps in the tutorial.

Setting Pan
Pan sets the left/right position in the stereo field or the stereo balance. Right now, all tracks are set to
centre pan. This is probably fine for the drums and the bass, but it might be a good idea to pan the piano
and strings tracks to opposite sides:
1. In the ―E.Piano‖ channel strip, click on the blue line in the Pan control box above the fader, and drag it
slightly to the left. The electric piano track is panned to the left.

Fig 134: Panning
2. Pan the strings track slightly to the right in the same way. These are both mono tracks which means the
pan control simply pans. The mono signal is between the left and right channel in the output bus. For
stereo tracks, the pan control serves as a stereo balance control by default, but two other panning modes
are available as well.

Using Mute and Solo
Each channel strip has a Mute and a Solo button, allowing you to silence one or several channels.
1. Click the M button for the bass track.
The button lights up and the sound of the bass is muted.

Fig 135: Mute and Solo
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2. Mute the electric piano track in the same way. Several channels can be muted at the same time. To
unmute a channel you click its M button again. You can also unmute. all muted channels in one go:
3. Click the lit M button in the common panel – the area at the left side of the Mixer window. This button
is lit whenever one or several channels are muted – clicking it unmutes all muted tracks.

Fig 136: Different Panel Showing Mute, Solo and Other Commands
4. Now click the S button for the drum track to solo it. This mutes all other channels.
5. To turn off solo for the channel, click the S button again or click the lit S button in the common panel –
this turns off solo for all channels.
You can solo several channels at the same time. If you instead press [Ctrl]/[Command] and click an S
button, that channel will be soloed and all other channels will be muted. This function is known as
exclusive solo.

Adding EQ to an Audio Channel
Equalization shapes the tone of a signal by boosting and/or cutting selected frequencies. Each audio
channel in the mixer has a built-in equalizer with four parametric modules.
When and how to apply EQ is of course individual. Below we will add EQ to two channels, to achieve the
following:
• Cut a very narrow frequency band in the drum track to reduce the intensity of the rimshot.
• Add a gentle mid frequency boost to the electric piano track to make it stand out a bit more.
• Below we will show how to make EQ settings in the Channel Settings
Window. You may find it more convenient to use the EQ panel in the extended mixer – this is described
in the Operation Manual.
Let us start with the rimshot which is mixed rather loud in the drum track.
Unfortunately we cannot change this but we could try cutting a narrow band in the mid-high frequencies.
1. If you like, solo the drum track to help you hear what you are doing.
2. Click the ―e‖ button in the drum track‘s channel strip (next to the level fader).
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This opens the VST Audio Channel Settings window for the track.

Fig 137: VST Audio Channel Settings
This window allows you to make detailed settings for the selected
mixer channel. The EQ section is located in the middle of the window
with parameter dials for the four EQ modules and a graphic display
showing the frequency boost/cut curve.
The three parameters in each EQ module are:
• Gain (inner dial) – this governs how much a frequency range should be cut or boosted.
• Frequency (outer dial) – this is the mid frequency for the range to be cut or boosted.
• Q (lower dial) – this is the width of the frequency range to be affected.
3. Click the on/off button for the ―hi mid‖ EQ module to activate it.
You can activate up to four modules per channel, but in this case we only need one.

Fig 138: On/Off
4. Set the gain to a fairly drastic cut, around -10 dB or so. This is done by clicking and dragging the inner
dial (or by entering a numeric value in the field above).
5. Raise the Q value (the lowest dial) to 12.0 – the maximum value.
This means the frequency range will be as narrow as possible.
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6. Experiment with the frequency parameter (the outer dial) and try to find a frequency where you reduce
the intensity of the rimshot without interacting too much with the other drums and hi-hat sounds. To
make fine adjustments, press [Shift] and drag the dial. You can also click the numerical value below
and type in a frequency directly.

Fig 139: On/Off and Numerical Value
This setting should produce a fairly good result.
7. Turn off solo to see how the drum sound works with the other tracks. When you activate an EQ
module, the EQ indicator in the channel strip lights up green. This shows that one or several EQ
modules are activated for the channel, and also serves as a bypass button:

Fig 140: EQ Module
8. To compare the sound with and without EQ, click the EQ indicator/ Bypass button in the channel strip.
The button turns yellow when Bypass is activated – this means the EQ section is bypassed. Of course,
in this case we could simply turn off the EQ module with its on/off button, but the bypass button is
handy when you have more than one EQ module activated. Now we will move on to the electric piano
track, and try a slightly different approach
9. Click the small arrow button in the lower left corner of the Channel Settings window and select
―E.Piano‖ from the pop-up menu that appears.
This selects the E.Piano mixer channel – the Channel Settings window will now show the settings for that
channel instead.
This time we will try adjusting the EQ in the curve display:
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10. Click in the curve display and keep the mouse button pressed.
A curve with a point appears, and one of the EQ modules below is activated. The number next to the
curve point is the number of the EQ module.
11. While listening to the electric piano sound, drag the curve point to change gain and frequency. Q is set
to a low value by default – this is probably good in this case. If not, you can change the Q value by
pressing [Shift] and dragging in the display (or by using the Q knob in the EQ module below).
Clicking somewhere else in the curve display will activate another EQ module for a more complex
curve. You can remove EQ curve points by clicking and dragging them outside the display.
12. When you have set the EQ as desired, close the Channel Settings
Window. Those were two methods of making EQ settings. You can also make EQ settings in the
Inspector in the Project Window or use any of the
EQ panels in the extended mixer.

Audio Effects
Nuendo comes with a large number of audio effect plug-ins (VST plugins).These can be used as send
effects, insert effects or for offline processing

Adding a Send Effect
Send effects in Nuendo make use of FX channel tracks – ―effect return‖ tracks, each holding one effect
plug-in (or several, in series). Each audio track has eight different effect sends, which can each be routed
to any FX channel track. This allows for extremely flexible effect handling.
In brief, this is what you do to add a send effect to an audio track:
• Create an FX channel track and select an effect plug-in for it.
• Activate a send for the audio track and route it to the FX channel track.
• Adjust the amount of effect for the track with the effect send.
• Adjust the amount of effect return signal by setting the level of the FX channel track.
In this project, we feel that the strings track could use some reverb.
Proceed as follows:

Setting Up an Effect
1. Pull down the Project menu and select ―FX Channel‖ from the ―Add
Track‖ submenu. A dialogue appears.
2. Set the Configuration pop-up menu to ―Stereo‖.
3. Pull down the Plugin pop-up menu. The effects included with Nuendo are organized in subfolders
according to the effect type. Typical send effects are reverb, delay and other effects where you want to
add a slight effect to the original dry signal.
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Fig 141: Different Effects
4. Select ―Reverb A‖ from the Reverb submenu and click OK. The control panel for the ―Reverb A‖
effect appears. We will look closer at the control panel in a moment – first take a look at the Track list:

Fig 142: Track List Showing Reverb Effect
An FX channel track is added to the Track list. As you can see in the Track list, the insert effect button is lit for the
track – this indicates that an insert effect is loaded and activated for the track.

5. Go back to the mixer – as you can see, a channel strip has been added for the FX channel track. This
serves as an effect return control
6. Click the ―e‖ button for the FX channel strip. The Channel Settings Window appears.

Fig 143: Reverb A Setting
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7. OK, let us look at the control panel for the effect. If it is obscured by the other windows you can click
the ―e‖ button for the Reverb A slot twice to bring the panel to front.

Fig 144: Reverb A
8. Use the pop-up menu to select the ―Large‖ preset.
9. Since we want to use this as a send effect we don‘t want any dry (unprocessed) signal to pass through
the effect – drag the Mix slider fully down (wet 100, dry 0).

Setting Up a Send
1. Go back to the mixer and locate the channel strip for the Strings track.
2. Click the ―e‖ button in the Strings channel strip to open its Channel
Settings Window. The effect sends are located to the right of the EQ section – currently they are all
unused (shown as empty slots).

Fig 145: VST Audio Channel Settings – Strings
3. Click in the first empty effect send slot and select your FX channel from the pop-up menu that appears.
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4. Click the power button for the first slot to activate the send.

Fig 146: Activate
5. Listen to the strings while you raise the send slider below the slot.
You will hear the reverb effect being added to the sound.
6. If you like, you can adjust the effect return level with the level fader for the FX channel strip.
You can also add EQ to the FX channel, change its stereo balance, etc., just like for a regular audio track.
• Note that you can activate sends for other tracks in the same way, and route them to the same reverb
effect.
• You can also view and set up sends directly in the extended mixer

Adding an Insert Effect
An insert effect is inserted into the signal chain of an audio channel,
which means that the whole channel signal passes through the effect.
This also means that only one track or channel will use the insert effect – unlike send effects, where
signals from several channels can all be sent to the same effect. If we want to add some chorus to the
electric piano track.
1. Click the ―e‖ button in the ―E.Piano‖ channel strip (or use the channel selection pop-up menu in the
lower left corner of the Channel Settings Window). Either way, the Channel Settings Window for the
E.Piano track appears.

Fig 147: E. Piano
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The insert effect slots are located to the left of the EQ section. There are 8 insert slots per channel.
2. Click in the empty field in the first insert slot. This brings up the effect pop-up menu.
3. Select ―Chorus‖ from the Modulation submenu. The effect is loaded and automatically activated, and
its control panel appears.

Fig 148: Chorus
8. Use the pop-up menu to select the ―Large‖ preset.
9. Since we want to use this as a send effect we don‘t want any dry (unprocessed) signal to pass through
the effect – drag the Mix slider fully down (wet 100, dry 0).

Setting Up a Send
1. Go back to the mixer and locate the channel strip for the Strings track.
2. Click the ―e‖ button in the Strings channel strip to open its Channel Settings Window.
The effect sends are located to the right of the EQ section – currently they are all unused (shown as empty
slots)

Fig 149: Strings
3. Click in the first empty effect send slot and select your FX channel from the pop-up menu that appears.
4. Click the power button for the first slot to activate the send.
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Fig 150: Activate
5. Listen to the strings while you raise the send slider below the slot. You will hear the reverb effect being
added to the sound.
6. If you like, you can adjust the effect return level with the level fader for the FX channel strip. You can
also add EQ to the FX channel, change its stereo balance, etc., just like for a regular audio track.
• Note that you can activate sends for other tracks in the same way, and route them to the same reverb
effect.
• You can also view and set up sends directly in the extended mixer

Automation
All mixer parameters can be automated in Nuendo. In the final example in this chapter, we will do simple
fade in for the electric piano track, so that it starts inaudible and reaches its full level at bar 9, where the
strings start:
1. Arrange your windows so that you can see both the events in the Project Window and the mixer. This
is not strictly necessary but it makes it easier to see where the electric piano starts.
2. Turn off Cycle on the Transport panel. This is a safety measure to avoid accidentally overwriting your
automation.
3. Move the song position cursor to the start of the project. You can do this by clicking in the ruler at the
project start, or by clicking the ―Goto Zero‖ button on the Transport panel (to the left of the Rewind
button).
4. In the mixer, click the W button for the ―E.Piano‖ channel.This activates automation write mode.

Fig 151: Automation
5. Start playback.
6. Drag the level fader for the ―E.Piano‖ channel fully down.
7. When the song position cursor reaches the electric piano event, start slowly raising the level fader,
so that it reaches full level (0.00) roughly at the start of bar 9.
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8. Stop playback.
9. Click the W button to turn it off.
10. Click the R button for the channel. This activates automation read mode.

Fig 152: Read Mode
11. Play back the project from the start. You will see your automated fader movement and hear the
electric piano fade in. That concludes this tutorial. If you are happy with the result, you may want to save
the project under a different name, by selecting ―Save As…‖ from the File menu.

5.4

How to Export
Watch this introductory video on Render and Export of
Sound in Nuendo at goo.gl/h7rZqq

Once you are done with the mixing of the audio the very next step is to export the audio file into desired
file format for example mp3, WAV, etc.
1. Select the mixed audio by using cursor or ctrl A

Fig 153: Nuendo Audio Project
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Fig 154: Project Selection
Once selected it will appear as seen above.
2. Select the TRANSPORT option from the menu above and select locators to selection or you can use
short key P.

Fig 155: Transport

Fig 156: Selection for Export
Now you will see your edited audio is being marked for export
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3. Go to file menu and select ‗export‘ _‘Audio mix down‘

Fig 157: Export Audio Mixdown
You can also use ctrl E for quick mixdown.
4. Once you select the audio mixdown a window will appear from which you can select your desired
folder and desired format for final mixdown.

Fig 158: Final Mixdown into a Desired Folder
Choose you desired file type.

Fig 159: Different Audio File Types
Note ; Usually we use mp3 format but for better results you can always use WAV file format. Always use
the mentioned attribute (128kBit/s;44100kHzStereo ) but you always have an option to use other
attributes.
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Fig 160: Different Attributes
5. Press Save or Enter. A window will appear on your screen. You can fill up your tittle, artist‘s name
, album‘s name, year, genre.

Fig 161: Name of the Program
Press OK , your final mixdown will be saved in your desired storage and format

Fig 162: Final Mixdown
Your Mixdown is now ready to play.

Fig 163: Audio Format
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___________________________________________________________________________________________

Unit Summary
In this unit you learned and understood the final stage of production which includes editing, mixing and
giving final touches to the audio. We have chosen Nuendo (audio software) to record, edit and mix. With
this software you can compose and record any kind of audio in a good quality.

_____________________________________________________________________________

Assignments


Edit your recorded piece with a musical bed.



Make a radio show introducing different music (background) as well as different sound effects.



Mix 8-10 songs with special effects.
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Unit 6
Safety and Measurement
Introduction
An effective safety and health management system is the key to reducing the number and severity of
workplace injuries and illnesses, unwanted faults, resulting in lower accident-related costs. In this unit,
you will learn to effectively implement a studio safety and health management system.
Upon completion of this unit you will be able to:
 Safety

Learn, how to safe the studio from any un-happening.

 Healthy

Create a healthy environment for the studio.



Increase the work productivity.

Productivity

Terminology
Hazards: A danger or risk.
Flammable Liquids: Flammable and combustible liquids themselves do not burn. It is the mixture of
their vapours and air that burns. Gasoline, with a flashpoint of -40°C (-40°F), is a flammable liquid.

Biological Agents: Is a bacterium, virus, protozoan, parasite, or fungus that can be used purposefully as
a weapon in bioterrorism or biological warfare.

6.1

Safety and Measurement
When carrying out any kind of project that includes electrical equipment, small spaces, tripping hazards
or using computers for extended periods of time it is important to be aware of the possible health safety
implications. Here are some of the health and safety issues that have been recognized and evaluated prior
to entering the studio.

6.2

Cables and Connectors Wring:
Cables are obviously a massive tripping hazard in a recording studio, due to the fact that microphones will
be plugged in to the walls via XLR cable throughout the day and will be moved and swapped around
constantly.
This means that this tripping hazard will be constantly moving throughout the day so it is important to be
vigilant while walking around the live rooms when instruments and microphones are used to avoid
personal injury and equipment damage. Ensure that the wiring is not overloaded.

6.3

Sound Pressure:
Drums and amplifiers in small spaces can and usually do reach high air pressure levels that can lead to
hearing damage. It is important that this is considered in a studio as musicians and producers require the
use of their ears for their trade. This health and safety issue can be combated by wearing noise cancelling
headphones or alternatively ear plugs to reduce the pressure entering the ears. Another option is to seat
the musician in a separate room to where the noise source is when recording amplified instruments.
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6.4

Fire Hazards:
Due to the vast amount of electrical equipment being used in recording studios there is a small possibility
of electrical fires if a particular piece of equipment were to overheat. The university studio‘s walls are
covered in foam sound proofing as well as poor ventilation due to the noise the vents can make, both of
these can be an additional fire hazard should one arise. It is important that if a small fire is discovered that
you have the ability to tackle it with one of the studio‘s wall mounted extinguishers, alternatively if the
fire is too large you must evacuate the studio and the building immediately and call for the fire service.
Use of computers: If using a computer for an extended period of time it is important that you take regular
breaks to avoid damaging your eyes or even your back if your sitting posture is poor. Always sit up
straight with the computer monitor at eye level to avoid straining any muscles. The same goes for
listening to loud music for extended periods of time as this has the ability to reduce the range of your
hearing over time if regular breaks are not taken. These health and safety issues will all be noted on the
media activity permit which will be then checked and signed by one of the course leaders.
Note: Don’t use local made cables and connectors.

6.5

Risk Assessment
A risk assessment identifies the hazards in your workplace and evaluates the risks posed by these hazards.
In order to fully comprehend the language of the legislation and to be able to draw up a risk assessment, it
is helpful to understand the common terms used throughout – hazard, harm and risk.


A Hazard can be defined as anything that has the potential to cause physical injury or damage to
health, the environment or to property.



Harm is the adverse effect on an individual that may result from exposure to a hazard.



A Risk is a measure of the probability of harm being caused and the severity of that harm.

Carrying Out a Risk Assessment
The Health and Safety Authority provides a systematic guide to carrying out a risk assessment.
Analyse your studio or workplace. This may involve listing all the activities carried out in your studio,
drawing up a diagram of your space and mapping the location of equipment such as computers, sinks,
radiators, shelving, kilns, etc.
Identify the hazards associated with your work activities. For example, electrical hazards associated with
untrunked cables which may cause tripping or falling, chemical hazards associated with toxic materials,
hazards that are associated with stone work – dust inhalation for example. Textile dyes are particularly
hazardous to skin and photo chemicals used by photographers are associated with skin and respiratory
diseases. Some hazards may not seem so obvious such as unsecured shelving, the glare from PC monitors,
for example, but even the chair that you sit on, if incorrectly adjusted, can cause back injury.
Rate the risk level associated with each hazard. To do this you need to evaluate the likelihood that injury
might occur and the extent or severity of the injury. This assessment of risk is a question of judgment –
you yourself must form an opinion. If you are unsure of the risk associated with a particular piece of
equipment or chemical; it is up to you to find out by contacting the manufacturer or reading the label or
safety manual.
Evaluate the ‗controls‘ that you may already have in place to make hazards less hazardous. Controls are
essentially precautions that you put in place to eliminate or reduce the risks. A control may take the form
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of signage near a leaking sink that warns of a slippery surface, warning labels on chemicals, Personal
Protective Equipment (PPE) such as goggles and dust masks for working with stone or when printmaking,
for example.

6.6

Hierarchy of Controls
Once you have carried out a Risk Assessment of your studio or workplace, you must then decide what
steps you will take to ensure that the risks you have identified are reduced or eliminated. The Health and
Safety Legislation sets out a five-step hierarchy of controls on how to deal with or control risks. It is
called a hierarchy because the most effective control is placed at the top. You should implement these
controls in priority order starting at the top and working down the list.
1. Eliminate: If you can eliminate the hazard altogether you should do so. So for example, avoid using a
particular type of toxic chemical altogether or avoid carrying heavy loads yourself.
2. Substitute: Can you substitute the materials or equipment for ones that are less hazardous? For
example, can you use an alternative brand of paint – one that is less toxic or can you substitute that faulty
heater for one that works a somewhat better?
3. Engineering: Can you install Fire Extinguishers in your workplace? Ensure that the electrical
installation in your studio is certified and maintained by a competent person.

Always Use Carbon Dioxide (CO2) Fire Extinguisher for the Studio.
4. Administrative: Clearly display signage warning of hazards associated with materials such as chemicals
and toxic paints or signage warning visitors of poor floor conditions or obstructions.
5. Personal Protective Equipment (PPE): PPE is any safety clothing or equipment worn to protect against
hazards. You should use goggles to protect against dust or debris, for example.

Summary of Responsibilities
To summarize, you must display a Safety Statement in your workplace or studio. The Safety Statement
must be accompanied by a Risk Assessment. This must include risks for all people including visitors. For
every hazard identified, controls or preventions must be put in place to ensure the risk of harm is
eliminated or reduced. Finally, your Statement and Risk Assessment must be revised annually to ensure
any new hazards are identified and controls implemented.

Fig 164: No Shoes Should Be Allowed in Studio
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6.7

Chemical Hazards
Now we will look at some of the most common workplace hazards. The main categories of hazards to be
mindful of are: biological, chemical, physical, human behaviour, and fire and explosion.
Chemical agents are considered hazardous not only because of what they contain but also because of the
way in which they are used in the studio. Some hazardous chemical agents include:




Substances brought into the workplace and handled, stored and used in your work processes. These
may include solvents, cleaning agents, paints, glues, and resin.
Substances generated by your work activity – fumes from welding, soldering, dust, solvent vapours
from painting, etc
Substances or mixtures produced by your work process – residues and waste, for example.

The effects of exposure to chemical hazards can range from eye irritation to poisoning to chronic lung
disease. Information on chemical agents can usually be found on packaging labels, information provided
by the supplier and of course the Internet. The HSA data sheets will advise on how to prevent or eliminate
risks associated with chemicals.

6.8

Biological Hazards
Biological hazards are usually invisible so the risks they pose are not always appreciated. They include
bacteria, viruses, fungi (yeasts and moulds) and parasites. The essential difference between biological
agents and other hazardous substances is their ability to reproduce. Exposure to biological agents can
occur whenever people are in contact with the materials such as natural or organic materials like soil,
clay, and plant materials (hay, straw, cotton, etc); substances of animal origin (wool, hair, etc); food;
organic dust (eg. flour, paper, dust) and waste or wastewater.
Some of the occupations at risk from biological hazards that artists may cross over into include working
in areas with air conditioning systems and high humidity (for example, textile industry, print industry and
paper production). This can cause allergies and respiratory disorders due to moulds and yeasts. Also,
working in archives, museums and libraries can cause allergies and respiratory disorders.

6.9

Physical Hazards
Activities involving manual handling, trips and falls are probably the most common cause of workplace
accidents. The common risks are associated with manual handling involve the load being too heavy, bad
posture when lifting and environment factors such as uneven floors.

6.10 Visual Display Units
Though working at a computer may not seem particularly hazardous to your health there are health and
safety issues associated with the use of computers and the workstation (desk, chair, lighting,) at which a
person works. Anyone that works at a computer workstation for one continuous hour or more, as part of
their everyday work should be aware of the hazards associated – eye strain, back injury, repetitive strain.

6.11 Fire
Probably the hazard that most people are aware of and that which is a hazard in every workplace.
Common causes of fire include electrical faults, cooking, smoking and flammable liquids. Obviously, the
best control to prevent fire is to isolate the three factors that cause fire – heat, fuel and oxygen. Thus, your
studio should be kept neat and tidy to limit potential fuel sources. Ensure sockets are not overloaded and
that electrical equipment is in good condition. A smoke detector and fire extinguisher should be installed
in your studio.
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__________________________________________________________________________________________

Unit Summary
Safety is everyone's responsibility, and building a safer and healthier work environment in the studio.
Following proper safety procedures begins with individuals, and ultimately affects each person‘s work,
life and potential in the studio. We must all work together to ensure that studio environments are safe and
healthy. This unit provided an opportunity to reduce all types of risks related to the studio, and will
provide you with a healthy work culture.

_______________________________________________________________
Assignments



Note there is maximum number of risks in audio studio. How can we minimize and eliminate
risks.
What precautions should be taken on installation time to minimize all types of risks and hazards?

================
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