TRADEMARK OF INNOVATION

An Introduction to Audio Electronics: Sound,
Microphones, Speakers, and Amplifiers
The Basics of Sound
Before discussing the specific components of audio-related circuits and electronics, let's first
take a crash course on the basic concepts of sound.
Sound is simply a type of energy vibrating through a medium (such as air or water); this
energy, within a specific range of frequencies, is interpreted by the human ear as sound.
Sound is made up of three basic elements:




Frequency: how fast the vibrations are occurring
Intensity: how loud the sound is
Timbre: the sound's quality

The human ear can detect sound frequencies ranging from 20 to 20,000 Hz. However, the
human ear is more sensitive to (i.e. able to discern at lowest intensity) frequencies ranging
between 2,000 and 5,000 Hz (see Hearing Range - Wikipedia). Recall that Hertz (Hz) is a
unit defined as cycles per second.
A sound's intensity corresponds to the amount of energy associated with that sound.
The decibel (dB) is used for measuring the sound's energy in a way that is relevant to how
humans perceive loudness.
In the context of audio, the decibel is defined as follows:
dB = 10 log10 (I/I0)
where



I = the measured intensity (W/m2)
I0 = 10-12 W/m2, which represents the lowest sound intensity detectable by the human ear

The figure below shows a variety of sounds and their dB intensity measurement.

Examples of sounds and their intensity (in dB). Image courtesy of ODYO Hearing Care.

Timbre is the complex wave pattern that occurs when overtones (also referred to as
harmonics) are present along with the fundamental frequency. For instance, a tuning fork is
designed to produce exactly one specific frequency, called the fundamental frequency. Let's
say we have a tuning fork that produces a middle C note (261.62 Hz)—click here to hear
middle C tuning fork. Since a tuning fork generates only one frequency, no other frequencies
(overtones) exist.
However, if you were to hear a middle C played on a violin—click here to hear middle C on
violin, you would hear both the fundamental frequency (261.62 Hz) and a variety of other,
albeit less intense, frequencies (overtones). The specific intensity of each overtone is largely
credited for giving an instrument (or a person's voice) its unique timbre (also called tonal
quality).

Microphones: Dynamic, Condenser, and Electret
The microphone is responsible for converting changes in sound pressure to changes in
electric current. The intensity of the changes in sound pressure corresponds to the AC
voltage amplitude generated by the microphone. Likewise, the frequency of the changes
in sound pressure corresponds to the frequency of the AC voltage. Obviously, if any
overtones are present, they too are present in the electrical signal generated by the
microphone.
Three common types of microphones are the following:




dynamic
condenser
electret

The Dynamic Microphone
The dynamic microphone consists of a plastic diaphragm, a voice coil, and a permanent
magnet. See figure below.

A dynamic microphone cross-section.

When varying sound pressure is applied to the diaphragm, the voice coil moves back and
forth through the magnet's magnetic field, resulting in a voltage across the leads of the voice
coil. Hence, the sound pressure is converted to a voltage signal.
Dynamic microphones are known for being very rugged, for being able to operate over a
wide temperature range, for providing smooth and extended frequency response, and for
not needing an external power source. They are widely used in applications such as public
address and high-quality recording.

The Condenser Microphone
The condenser microphone (see figure below) uses a pair of charged plates that can be
brought closer together or forced farther apart by changes in air pressure (i.e., sound). In
doing so, the charged plates act like a sound-sensitive capacitor. This type of microphone
works in conjunction with a low-noise, high-impedance amplifier.
Condenser microphones are known for providing crisp, low-noise sound and are used for
producing high-quality sound recordings.

A condenser microphone's basic components.

The Electret Microphone
An electret microphone is actually a microphone and a JFET in a single package. The gate of
the JFET provides a very high impedance and thus ensures that the charge on the electret
element remains fixed. The charge must remain fixed to ensure that changes in capacitance
(caused by sound waves) result in voltage changes. The JFET also converts the varying
(gate) voltage into varying (drain-source) current. While the electret element itself does not
require power (because its permanently charged) the overall electret microphone device
requires a power supply because the integrated JFET needs bias current.
Older electret microphones were known to deliver poor performance, but modern devices
can compete with condenser microphones.

An electret microphone

Types of Speakers
Microphones convert sound signals into electrical signals. Speakers do the exact opposite:
they convert electrical signals into audible (sound) signals.
The dynamic speaker, which uses the same operating principles as the dynamic microphone,
is the most popular speaker used today. When a varying electrical signal (current) is
channeled through a moveable coil (voice coil) surrounded by a magnet, the coil moves back

and forth. Cones (often made of paper) attached to the moving coil then produce variations in
air pressure (i.e., sound waves) that correspond to the electrical signal driven through the
speaker coil.

Parts of a dynamic speaker.

Every speaker has a nominal resistance—or, more accurately, an impedance—that represents
the average resistance between the speaker leads. Thus, speakers behave similarly to resistors
when placed in series and in parallel. See the figure below.

Speakers in parallel behave the same as resistors in parallel.

Frequency response, an important speaker characteristic, represents the frequency range over
which a speaker can successfully propagate sound waves.
Speakers can be categorized according to the frequency range that they are designed for:





Woofers: speakers designed specifically for low frequencies (less than 200 Hz)
Midrange: speakers designed to accommodate frequencies ranging from 500 Hz to
3000 Hz
Tweeter: a dedicated speaker type specifically designed to handle frequencies above
those of midrange speakers
Full-range speakers: capable of handling frequencies ranging from 100 Hz to 15,000
Hz

Full-range speakers have inferior sound qualities when compared to a sound system
consisting of woofers, midrange speakers, and tweeters. Such a three-way speaker system is
illustrated below.

A typical three-way speaker system consisting of a tweeter, a midrange speaker, and a woofer.

Amplifiers 101
Audio amplifier have three types of classification:


Preamplifier



Low-power amplifier



Power amplifier

An audio preamplifier (often shortened to "pre-amp") is an electronic device that amplifies a
very weak signal from a microphone, as an example, into signals strong enough to
manipulate. Pre-amps are often simple, fixed-gain amplifiers designed specifically for lownoise performance.
A low-power amplifier is often used to manipulate signals including such aspects as volume
and frequency equalization. This type of amplifier generally focuses on changing the
character of the signal in desired ways while introducing as little unwanted distortion as
possible and may provide little to no actual power amplification.
An audio power amplifier ("power amp") is used to increase the signal power so as to drive a
load, such as output speakers. Similar to pre-amps, power amps are often fixed gain (in terms
of signal amplitude) so that designers can focus on high-power gain and the power handling
challenges that typically result. In simple audio systems where high power and high fidelity
are not critical factors, a single-amplifier circuit may perform all of these functions, and, in
fact, specially designed operational amplifiers, such as the LM-386 Low Voltage Audio
Power Amplifier, are often used this way. A Class D audio amplifier is a switching or PWM
amplifier where the switches are either fully ON or fully OFF, which significantly reduces
the power losses. Class D amplifiers take on many different forms, including some that have
digital inputs while others have analog inputs.

Conclusion
Audio electronics can be summarized as converting sound to electrical signals, processing
the electrical signals, and turning these processed signals back into sound. This is a
straightforward objective; nevertheless, this particular discipline of electrical engineering
covers many areas of the EE world. In fact, many practicing engineers spend their entire
careers researching, developing, and designing audio electronics and related equipment.

