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Unit 1 – Introduction to Acoustics and
Sound Waves
1.1 Fundamentals of sound and acoustics

Fundamentals of Sound and Acoustics
Sound waves are mechanical vibrations that travel through matter, transferring energy through particle
oscillations. They produce alternating compressions and rarefactions in whatever medium they pass
through. Unlike electromagnetic waves, sound cannot travel through a vacuum; it always needs a physical
medium like air, water, or a solid.

This topic covers the core properties that define how sound behaves: frequency, wavelength, amplitude,
speed, and how these relate to one another. You'll also see how sound waves differ from other wave types
and what happens physically inside a medium as sound passes through it.

Nature of Sound as a Mechanical Wave
Sound is a pressure wave. When a source vibrates (a guitar string, a speaker cone, your vocal cords), it
pushes and pulls on the surrounding particles. Those particles bump into their neighbors, which bump into
their neighbors, and so on. The energy moves outward from the source, but the individual particles
themselves just oscillate back and forth around their resting positions.

The regions where particles are pushed together are called compressions (high-pressure zones). The
regions where particles are spread apart are called rarefactions (low-pressure zones). This alternating
pattern of high and low pressure is what makes sound a pressure wave.

Because this process depends on particles interacting with each other, sound requires a physical medium.
In the vacuum of space, there are no particles to carry the vibration, so sound simply can't propagate there.

Key Properties of Sound Waves
• Frequency ( ): The number of complete oscillations per second, measured in Hertz (Hz). Frequency
determines the pitch you perceive. A tuning fork vibrating at 440 Hz produces the note A4; doubling that
to 880 Hz gives you A5, one octave higher.

• Wavelength ( ): The distance between two consecutive compressions (or two consecutive
rarefactions). Wavelength is inversely proportional to frequency: higher frequencies have shorter
wavelengths.

• Speed of sound ( ): How fast the wave travels through the medium. In air at 20°C, sound travels at
roughly 343 m/s. In water, it's about 1,480 m/s. In steel, around 5,960 m/s. Denser and stiffer media
generally transmit sound faster.

• Amplitude: The maximum displacement of a particle from its equilibrium position. Larger amplitude
means more energy and a louder sound.

• Sound pressure level (SPL): Measured in decibels (dB), which use a logarithmic scale. This matters
because human hearing spans a huge range of intensities. A whisper is around 30 dB, normal
conversation about 60 dB, and a rock concert can exceed 110 dB.

The fundamental wave equation ties three of these together:
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If you know any two of these quantities, you can find the third. For example, a 1,000 Hz tone in air (
 m/s) has a wavelength of  m, or about 34 cm.

Longitudinal vs. Transverse Waves
Sound in air and water takes the form of longitudinal waves, where particle motion is parallel to the
direction the wave travels. Think of it like a slinky being pushed and pulled along its length.

Transverse waves, by contrast, have particle motion perpendicular to the wave's travel direction. Waves on
a guitar string and light waves are transverse.

The type of wave a medium can support depends on its physical properties:

• Gases and liquids support only longitudinal waves, because they can't sustain shear forces (they flow
instead of resisting sideways pushes).

• Solids support both longitudinal and transverse waves, since their rigid structure can resist both
compression and shear.

This distinction becomes important when you study how sound behaves in different materials, especially at
boundaries between media.

Relationships in Sound Propagation
Beyond frequency and wavelength, a few more quantities describe what's happening inside the medium as
sound passes through:

• Sound pressure ( ): The local deviation from the ambient (background) pressure, measured in
Pascals (Pa). When a compression passes by, pressure rises above ambient; during a rarefaction, it
drops below.

• Particle velocity ( ): A vector quantity describing how fast and in which direction the medium's
particles are oscillating. This is not the same as the speed of sound; particle velocities are typically very
small compared to the wave speed.

• Acoustic impedance ( ): A measure of how much a medium resists the propagation of sound waves.
It's defined as:

For a plane wave (a wave with flat, parallel wavefronts, which is a good approximation far from the source),
pressure and particle velocity are in phase, meaning they reach their peaks and zero-crossings at the
same time.

Acoustic impedance is especially important at boundaries between two different media. When sound hits a
boundary (say, air meeting a wall), the difference in impedance between the two materials determines how
much energy is reflected back and how much is transmitted through. Large impedance mismatches cause
strong reflections, which is why you hear echoes off hard surfaces but not off curtains.

1.2 Historical development of acoustics
Acoustics has a rich history spanning ancient civilizations to modern science. From Pythagoras' musical
experiments to Helmholtz's sound perception theories, key figures have shaped our understanding of
sound waves, vibrations, and hearing.
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Technology revolutionized acoustics with tools like oscilloscopes and advanced microphones.
Computational modeling, digital audio, and engineered materials have expanded the field. Acoustics now
intersects with physics, psychology, engineering, and more, impacting everything from concert halls to
medical imaging.

Historical Foundations of Acoustics

Key figures in acoustics history
Ancient Greek philosophers and scientists

Pythagoras (6th century BCE) is often considered the first person to study acoustics systematically. He
experimented with a monochord, a single-string instrument, and discovered that simple whole-number
ratios between string lengths produce harmonious musical intervals. For example, halving a string's length
doubles its pitch, producing an octave. This was one of the earliest demonstrations that physical
phenomena follow mathematical rules.

Aristotle (4th century BCE) proposed that sound is a disturbance in air, propagating through alternating
compression (regions of high pressure) and rarefaction (regions of low pressure). While he didn't have the
tools to prove it rigorously, his basic model of sound as wave-like air motion turned out to be remarkably
close to correct.

Renaissance and Enlightenment era contributors

Galileo Galilei (16th–17th century) studied vibrating strings and was among the first to connect vibration
frequency to the pitch we hear. His work laid the groundwork for the concept of fundamental frequency, the
lowest frequency at which a system naturally vibrates.

Marin Mersenne (17th century) took Galileo's observations further and derived the laws of vibrating strings,
which relate a string's frequency to its length, tension, and mass per unit length. These relationships are
still used today to understand how stringed instruments produce different pitches.

Modern acoustics pioneers

Hermann von Helmholtz (19th century) bridged physics and physiology. He analyzed how the ear
perceives sound, developed theories on combination tones (additional tones heard when two frequencies
sound together), and studied how different vowel sounds are produced by resonances in the vocal tract.
His book On the Sensations of Tone remains a foundational text.

Lord Rayleigh (19th–20th century) authored The Theory of Sound, a comprehensive two-volume work that
formalized much of classical acoustics. He studied sound radiation, scattering, and propagation through
various media, giving the field a rigorous mathematical framework.

20th century acousticians

Wallace Clement Sabine is considered the founder of architectural acoustics. He developed the
reverberation time formula:

where  is the reverberation time in seconds,  is the room volume in cubic meters, and  is the total
absorption in the room (in sabins). This equation gave architects a quantitative tool for designing spaces
with predictable sound behavior.

Leo Beranek built on Sabine's work and advanced both architectural acoustics and noise control. He
established detailed design criteria for concert halls and authored influential references that are still used
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by acoustical engineers.

Evolution of acoustic knowledge
Ancient civilizations observed sound phenomena like echo and reverberation and put that knowledge to
practical use. Greek amphitheaters, for instance, were designed so that a speaker on stage could be heard
clearly by thousands of audience members, an impressive feat of intuitive acoustics.

During the Middle Ages, attention shifted toward musical acoustics in religious settings. Cathedral builders
shaped interior spaces to enhance choral music, even though they lacked formal acoustic theory.

The Scientific Revolution brought experimental rigor. Mersenne's laws and other systematic studies
replaced intuition with measurable, repeatable results, establishing sound as a subject for scientific inquiry
rather than philosophical speculation.

The Industrial Revolution created new acoustic challenges and opportunities. Growing noise from factories
spurred interest in noise control, while inventions like the telephone (1876) and the phonograph (1877)
applied acoustic principles to communication and recording for the first time.

The 20th century saw rapid expansion in several directions:

1. Electroacoustics and audio engineering emerged, enabling the design of loudspeakers, amplifiers,
and recording systems.

2. Underwater acoustics developed for naval applications, most notably SONAR (Sound Navigation and
Ranging), which uses sound waves to detect objects beneath the water's surface.

3. Psychoacoustics explored the cognitive side of hearing, studying how the brain processes and
interprets sound signals.

Contemporary acoustics integrates computer modeling and simulation into acoustic design. Tools like
room modeling software, digital signal processing, and artificial intelligence allow engineers to predict and
optimize how sound behaves in complex environments before anything is built.

Technological and Interdisciplinary Aspects

Impact of technology on acoustics
Measurement and analysis tools

• The oscilloscope enabled engineers to see a visual representation of sound waves for the first time,
making it far easier to analyze waveforms.

• Spectrum analyzers allowed frequency-domain analysis, breaking a complex sound into its individual
frequency components.

• Advanced microphone technologies like condenser and ribbon microphones dramatically improved
the fidelity of sound capture.

Computational resources

• Finite element analysis (FEA) simulates how sound behaves in complex geometries, useful for
designing everything from car interiors to speaker enclosures.

• Ray tracing algorithms predict how sound paths bounce around a room, helping architects optimize
concert halls and auditoriums.
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• Machine learning is increasingly applied to acoustic signal processing, enhancing tasks like noise
reduction and speech recognition.

Recording and reproduction technologies

• The phonograph (1877) was the first device to record and play back sound, a turning point in human
history.

• Digital audio formats and compression techniques like MP3 and AAC enabled efficient storage and
transmission of high-quality audio.

• Spatial audio technologies such as Dolby Atmos and binaural audio create immersive 3D listening
experiences by placing sounds in three-dimensional space around the listener.

Acoustic materials and treatments

• Engineered absorbers (like bass traps) and diffusers (like quadratic diffusers) give designers precise
control over how sound reflects within a space.

• Acoustic metamaterials are specially structured materials that can manipulate sound waves in ways
not possible with conventional materials, such as bending sound around an object.

• Active noise control systems use destructive interference to cancel unwanted noise. They generate a
sound wave that is the exact inverse of the noise, so the two cancel each other out.

Interdisciplinary nature of acoustics
Acoustics sits at the intersection of many fields, which is part of what makes it such a broad and practical
discipline.

• Physics provides the foundation through wave mechanics and vibration theory, explaining how sound
propagates through different media.

• Mathematics supplies essential tools like Fourier analysis (for breaking complex signals into
component frequencies) and differential equations (for modeling wave propagation).

• Psychology contributes through psychoacoustics, the study of how humans perceive and interpret
sound, including phenomena like loudness perception and masking.

• Biology investigates bioacoustics, studying how animals produce, use, and respond to sound (whale
songs, bat echolocation, bird calls).

• Engineering applies acoustic principles in audio engineering and electroacoustics to design sound
systems, transducers, and devices.

• Computer Science develops digital signal processing algorithms and audio coding techniques for
efficient sound manipulation and compression.

• Environmental Science addresses noise pollution, develops control measures, and studies
underwater acoustics for marine ecology.

• Medicine uses acoustic principles in ultrasound imaging for diagnostics and in audiology for assessing
and treating hearing disorders.
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1.3 Sound wave characteristics and behavior

Sound Wave Propagation and Behavior
Sound waves are longitudinal waves that travel through a medium by creating alternating regions of high
and low pressure. Understanding how they propagate, reflect, bend, lose energy, and shift in frequency is
the foundation of acoustics. This section covers each of those behaviors and the physical principles behind
them.

Propagation of sound waves
Sound travels as a longitudinal wave, meaning the particles in the medium oscillate back and forth parallel
to the direction the wave is moving. This creates alternating zones of compression (high pressure) and
rarefaction (low pressure) that propagate outward from the source.

Speed of sound in different media

The speed of sound depends heavily on the medium it's traveling through:

• Air: ~343 m/s at 20°C. Speed varies with temperature and humidity.

• Water: ~1480 m/s at 20°C. Much faster than air because water is denser and far less compressible.

• Solids: Generally fastest. Steel transmits sound at ~5000 m/s; wood at ~3300 m/s.

The pattern here is worth remembering: sound typically travels fastest in solids, then liquids, then gases.
That's because the molecules in solids are packed tightly and coupled strongly, so vibrations pass between
them quickly.

Factors affecting propagation speed

Three properties of the medium matter most:

• Temperature: In gases, higher temperature means faster molecular motion, which increases the
speed of sound. In air, the speed rises by roughly 0.6 m/s for every 1°C increase.

• Density: Higher density generally increases speed, though this interacts with elasticity. Mercury
transmits sound faster than water partly because of its greater density.

• Elasticity: More elastic (stiffer) materials transmit sound faster. Steel is far more elastic than rubber, so
sound moves through steel much more quickly.

Acoustic impedance

Impedance describes how much a medium resists the propagation of sound waves. It's calculated as:

where  is the density of the medium and  is the speed of sound in that medium. Impedance is critical at
boundaries between two media. When there's a large impedance mismatch between two materials (like air
and water), most of the sound energy reflects back rather than transmitting through. When impedance
values are similar, more energy passes across the boundary.

Reflection and refraction of sound
Reflection
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When a sound wave hits a boundary or surface, some of its energy bounces back. The angle of incidence
equals the angle of reflection, just like light reflecting off a mirror. Two types of reflection matter in
acoustics:

• Specular reflection occurs off smooth, flat surfaces. The reflected wave stays coherent and directional.

• Diffuse reflection occurs off rough or irregular surfaces. The reflected energy scatters in many
directions, which is why concert halls use textured wall panels to distribute sound evenly.

Refraction

Refraction is the bending of a sound wave when it passes from one medium to another (or through a region
where the speed of sound changes). The wave changes direction because its speed changes. This
relationship is described by Snell's law:

Here,  and  are the angles of incidence and refraction, and  and  are the sound speeds in each
medium. A practical example: on a warm day, air near the ground is hotter (faster sound speed) than air
higher up, so sound waves bend upward and away from listeners. This creates sound shadows where it's
harder to hear distant sources.

Diffraction

Sound waves bend around obstacles and spread through openings. This is why you can hear someone
talking around a corner even when you can't see them. The key rule: diffraction is most pronounced when
the wavelength is similar to or larger than the obstacle or opening. Low-frequency sounds (long
wavelengths) diffract much more than high-frequency sounds, which is why bass travels around barriers
more easily than treble.

Huygens' principle explains this: every point on a wavefront acts as a new source of secondary wavelets,
and the sum of those wavelets determines the new wavefront shape.

Interference

When two or more sound waves overlap, they combine:

• Constructive interference: Waves in phase add together, producing a louder sound.

• Destructive interference: Waves out of phase cancel each other, reducing or eliminating sound.

Standing waves are a special case of interference. They form when sound reflects back and forth in an
enclosed space, creating fixed patterns of nodes (no displacement) and antinodes (maximum
displacement). This is how musical instruments produce resonant tones and why certain frequencies boom
unnaturally in small rooms (room modes).

Sound wave attenuation factors
Attenuation is the gradual loss of sound energy as a wave travels. Sound gets quieter with distance for
three main reasons:

• Geometric spreading: As a sound wave expands outward (like a growing sphere), its energy spreads
over a larger area. This is the inverse-square law at work.

• Absorption: The medium itself converts some sound energy into heat through friction between
vibrating particles.

• Scattering: Irregularities in the medium redirect portions of the wave in different directions.
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Absorption in materials

Porous materials like acoustic foam and fiberglass are effective absorbers because sound waves enter the
tiny air pockets and lose energy to friction. The absorption coefficient (ranging from 0 to 1) measures the
fraction of incident sound energy a material absorbs. A coefficient of 0.9 means 90% of the energy is
absorbed.

Several factors influence how much absorption occurs:

• Frequency: Higher frequencies generally attenuate faster than lower ones. This is why distant thunder
sounds like a low rumble rather than a sharp crack.

• Material properties: Density, porosity, and stiffness all affect absorption. Soft, porous materials absorb
well; hard, smooth surfaces reflect.

• Thickness: Thicker absorbing materials are more effective, especially at lower frequencies.

Transmission loss

Transmission loss (TL) measures how much sound a barrier blocks. The mass law for single-layer
partitions states that doubling the mass per unit area of a wall increases TL by approximately 6 dB. This is
why heavy concrete walls block more sound than thin drywall.

Reverberation time

Reverberation time ( ) is the time it takes for sound in a room to decay by 60 dB after the source stops.
The Sabine formula calculates it:

where  is the room volume in cubic meters and  is the total absorption in the room (in sabins). A large,
reflective room (like a cathedral) has a long . A small, heavily treated recording studio has a short one.

Doppler effect in acoustics
The Doppler effect is the apparent change in frequency (perceived pitch) of a sound wave caused by
relative motion between the source and the observer. You've experienced this if you've ever noticed an
ambulance siren sounding higher-pitched as it approaches and lower-pitched as it drives away.

The formula:

where  is the observed frequency,  is the emitted frequency,  is the speed of sound,  is the observer's
speed, and  is the source's speed. The sign conventions depend on the direction of motion (toward or
away), so pay attention to how your textbook defines positive direction.

Three scenarios to know:

1. Source stationary, observer moving: As the observer approaches the source, they encounter
wavefronts more frequently, so pitch increases. Moving away, pitch decreases.

2. Source moving, observer stationary: The source compresses wavefronts ahead of it (higher pitch)
and stretches them behind it (lower pitch).

3. Both moving: The effects combine. You apply both the source and observer velocity terms in the
formula.

Applications
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• Speed enforcement: Radar guns measure the Doppler shift of reflected radio waves to calculate
vehicle speed.

• Medical ultrasound: Doppler imaging detects blood flow velocity and direction by measuring frequency
shifts in reflected ultrasound.

• Astronomy: The redshift and blueshift of light from stars and galaxies reveals whether they're moving
toward or away from Earth, and how fast.

Limitations

• Wind and other medium motion can alter the observed Doppler shift in air, since the formula assumes
a stationary medium.

• At velocities approaching the speed of light, the classical Doppler formula breaks down and you need
the relativistic version from special relativity. For everyday acoustics, though, the classical formula
works fine.

1.4 Applications of acoustics in various fields
Acoustics plays a crucial role in engineering and design across various industries. From reducing vehicle
noise to optimizing concert hall sound, acoustic principles shape our everyday experiences. These
applications extend to urban planning, industrial settings, and even the design of musical instruments and
recording studios.

In the realm of noise control and health, acoustics is vital for creating comfortable environments and
advancing medical technologies. Sound insulation techniques protect against noise pollution, while
ultrasound and other acoustic-based medical tools revolutionize diagnostics and treatments. Acoustics
truly touches every aspect of our lives.

Applications of Acoustics in Engineering and Design

Applications of acoustics in design
• Engineering applications

• Automotive industry

• Vehicle noise reduction minimizes interior cabin noise enhances driving comfort (sound-absorbing
materials, active noise control)

• Sound system design optimizes audio quality and spatial distribution (speaker placement,
equalization)

• Aerospace engineering

• Aircraft noise control reduces environmental impact and passenger discomfort (engine nacelle design,
acoustic liners)

• Sonic boom mitigation lessens impact of supersonic flight on populated areas (aircraft shape
optimization, flight path planning)

• Architectural acoustics

• Concert hall design

• Sound reflection and diffusion ensures even sound distribution (shaped walls, diffusers)
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• Reverberation time control optimizes acoustic environment for different performances (adjustable
acoustic panels, variable volume)

• Office space planning

• Open-plan acoustics improves speech privacy and reduces distractions (sound-absorbing partitions,
ceiling treatments)

• Sound masking systems increase speech privacy by adding low-level background noise (networked
speakers, frequency-tuned noise)

• Environmental design

• Urban planning

• Traffic noise reduction improves quality of life in cities (noise barriers, low-noise road surfaces)

• Soundscape design for public spaces creates pleasant acoustic environments (water features,
vegetation)

• Industrial noise control

• Factory noise mitigation protects worker hearing and improves communication (enclosures, silencers)

• Equipment enclosures contain noise at the source (acoustic panels, vibration isolation)

Acoustics in audio and communication
• Music acoustics

• Instrument design and optimization enhances tonal quality and playability (resonance tuning, material
selection)

• Recording studio design

• Room modes and treatment minimizes unwanted resonances and reflections (bass traps, diffusers)

• Isolation booths prevent sound leakage between recording spaces (floating floors, double-wall
construction)

• Speech acoustics

• Speech recognition technology improves human-computer interaction (machine learning algorithms,
feature extraction)

• Teleconferencing systems

• Echo cancellation removes reflected sound for clearer communication (adaptive filters, signal
processing)

• Microphone array design enhances speech capture in noisy environments (beamforming, spatial
filtering)

• Audio technology

• Loudspeaker design

• Crossover networks divide audio spectrum for optimal driver performance (passive and active filters)

• Cabinet resonance control minimizes unwanted vibrations (bracing, damping materials)
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• Digital signal processing

• Equalization shapes frequency response for desired sound (parametric EQ, graphic EQ)

• Compression and limiting controls dynamic range for various applications (broadcast, music
production)

Acoustics in Noise Control and Health Applications

Acoustics for noise management
• Noise control principles

• Source-path-receiver model guides noise reduction strategies (identifying and treating noise at each
stage)

• Active and passive noise control techniques offer complementary approaches (sound-absorbing
materials, anti-noise systems)

• Sound insulation methods

• Mass law predicts transmission loss for simple partitions (doubling mass increases insulation by 6 dB)

• Damping materials reduce vibration and improve insulation (viscoelastic layers, constrained layer
damping)

• Decoupling techniques prevent direct transmission of vibrations (resilient channels, floating floors)

• Building acoustics

• Sound transmission class (STC) ratings quantify partition insulation performance (wall assemblies,
windows)

• Impact insulation class (IIC) ratings measure floor-ceiling assemblies' resistance to impact noise
(footsteps, dropped objects)

• Environmental noise regulations

• Occupational noise exposure limits protect worker hearing (OSHA standards, hearing conservation
programs)

• Community noise ordinances control environmental noise pollution (zoning restrictions, time-of-day
limitations)

Medical uses of acoustics
• Diagnostic ultrasound

• Prenatal imaging provides non-invasive fetal monitoring (morphology scans, Doppler blood flow)

• Echocardiography visualizes heart structure and function (valve assessment, blood flow
measurement)

• Therapeutic ultrasound

• Physical therapy applications reduce pain and promote healing (deep tissue heating, increased blood
flow)
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• High-intensity focused ultrasound (HIFU) for cancer treatment offers non-invasive tumor ablation
(prostate cancer, uterine fibroids)

• Audiology

• Hearing tests and diagnostics assess auditory function (pure tone audiometry, speech recognition
tests)

• Hearing aid design and fitting improves quality of life for hearing-impaired individuals (digital signal
processing, feedback cancellation)

• Medical imaging

• Magnetic Resonance Imaging (MRI) acoustic noise reduction improves patient comfort (quiet pulse
sequences, active noise control)

• Photoacoustic imaging combines light and sound for high-contrast tissue imaging (cancer detection,
brain imaging)

• Speech therapy

• Voice analysis tools quantify speech parameters for diagnosis and treatment (fundamental frequency,
formant analysis)

• Acoustic feedback for articulation training helps patients improve speech production (real-time
spectrograms, gamified exercises)
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Unit 2 – Sound Waves: Frequency,
Wavelength, Amplitude
2.1 Frequency and pitch

Frequency and Pitch in Acoustics
Frequency and pitch sit at the foundation of how we understand and describe sound. Frequency is the
physical measurement of a sound wave's oscillations, while pitch is the perceptual experience your brain
creates from that frequency. Understanding both, and how they relate, is essential for everything else in
acoustics.

Frequency and Pitch Perception
Frequency measures the number of complete oscillations (cycles) a sound wave completes per second,
expressed in Hertz (Hz). One cycle per second equals 1 Hz.

Pitch is the subjective quality your brain assigns to a frequency. Higher frequencies are generally
perceived as higher pitches, and lower frequencies as lower pitches. This correlation is strong, but pitch is
a perceptual phenomenon, not a purely physical one. Factors like loudness and timbre can subtly influence
how you perceive pitch.

The relationship between pitch and frequency is logarithmic, not linear. That means equal ratios of
frequency sound like equal steps in pitch. The clearest example is the octave: every time frequency
doubles, you hear the pitch go up by one octave. Going from 220 Hz to 440 Hz sounds like the same "step
up" as going from 440 Hz to 880 Hz, even though the second jump is twice as large in absolute terms.

Calculating Frequency from Period
The period ( ) of a wave is the time it takes to complete one full cycle, measured in seconds. Frequency
and period are inversely related:

where  is frequency in Hz and  is period in seconds.

Example: If a sound wave has a period of 0.005 seconds:

This means the wave completes 200 full cycles every second. If the period gets shorter, the frequency
goes up. If the period gets longer, the frequency goes down.

How the Human Ear Perceives Frequency
Your ear converts pressure waves in the air into the electrical signals your brain interprets as sound. Here's
how that process works:

1. The outer ear (pinna and ear canal) collects sound waves and funnels them toward the eardrum.

2. The middle ear contains three tiny bones (ossicles) that amplify the eardrum's vibrations and transmit
them to the inner ear.
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3. In the inner ear, the cochlea, a fluid-filled, spiral-shaped structure, performs frequency-to-place
coding. Different locations along the cochlea's basilar membrane respond to different frequencies. -
High frequencies cause vibrations near the base of the cochlea (the wider, stiffer end). - Low
frequencies cause vibrations near the apex (the narrower, more flexible end).

4. Hair cells sitting on the basilar membrane detect these vibrations and convert them into electrical
signals sent along auditory nerve fibers.

5. The auditory cortex in the brain processes and integrates these signals, producing your perception of
pitch.

This place-based coding is why damage to specific regions of the cochlea causes hearing loss at particular
frequencies.

Frequency Ranges of Instruments and Voice
The human ear can detect frequencies from roughly 20 Hz to 20,000 Hz, though this upper limit decreases
with age.

Voices and instruments each occupy characteristic frequency ranges:

Human Voice: - Adult male: approximately 85–180 Hz (fundamental frequency) - Adult female:
approximately 165–255 Hz - Child: approximately 250–300 Hz

Common Instruments: | Instrument | Approximate Range | |---|---| | Piano | 27.5 Hz – 4,186 Hz | | Violin |
196 Hz – 3,136 Hz | | Guitar | 82 Hz – 1,318 Hz | | Flute | 262 Hz – 2,349 Hz | | Bass drum | 30 Hz – 147 Hz
|

These ranges refer to the fundamental frequencies each instrument produces. Most instruments also
generate overtones (harmonics) that extend well above their fundamental range, which is a big part of what
gives each instrument its distinctive sound.

Instruments and voices are often classified by their frequency range: bass (low), tenor and alto
(mid-range), and soprano (high). Notice how the piano spans nearly the full range of human hearing in its
fundamentals, while something like the bass drum sits entirely in the low end.

2.2 Wavelength and its relationship to frequency

Fundamentals of Wavelength and Frequency
Wavelength and frequency are two sides of the same coin in acoustics. They're inversely related: as
frequency goes up, wavelength goes down. This relationship governs everything from how musical
instruments produce sound to how we treat room acoustics.

Understanding wavelength helps you reason about sound propagation, refraction, and diffraction. It's also
essential for designing instruments, acoustic spaces, and sound treatments. Longer wavelengths are
particularly hard to control, which is why managing low frequencies is one of the trickiest problems in
acoustics.

Wavelength and frequency relationship
Wavelength is the distance between two consecutive in-phase points on a wave (say, peak to peak),
measured in meters. Frequency is the number of complete wave cycles passing a fixed point per second,
measured in Hertz (Hz).

These two quantities are tied together through the speed of sound:
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where  is the speed of sound in the medium,  is frequency, and  is wavelength. Because  stays
roughly constant in a given medium, raising the frequency forces the wavelength to shrink, and vice versa.
You can see this on a guitar: a short, tight string vibrates at a high frequency and produces a short
wavelength, while a long, loose string vibrates slowly and produces a long one.

Wavelength calculation in sound
Rearranging the equation above gives you the wavelength directly:

To use it:

1. Determine the speed of sound in your medium (in air at 20°C, that's about 343 m/s).

2. Identify the frequency of the sound wave.

3. Divide speed by frequency.

Example: The note A4 has a frequency of 440 Hz. In air at 20°C:

So the wavelength of A4 is about 78 cm. For reference, a low bass note around 40 Hz would have a
wavelength of roughly 8.6 m, which starts to explain why low-frequency sound is so hard to contain.

Wavelength in Different Contexts

Wavelength effects on sound propagation
The speed of sound depends on the density and elasticity of the medium, so the same frequency will have
a different wavelength in different materials.

• Refraction happens when sound passes between mediums with different speeds (e.g., air to water).
The wavelength changes along with the direction of travel, much like light bending through a prism.

• Diffraction is the bending of waves around obstacles. It's more pronounced when the wavelength is
comparable to or larger than the obstacle. That's why you can hear someone talking around a corner
(long wavelengths wrap around walls), but high-frequency hissing sounds are more easily blocked.

• Reflection at boundaries between mediums is also wavelength-dependent. The classic example is an
echo in a canyon: the reflecting surface needs to be large relative to the wavelength for a clean
reflection.

Wavelength vs. acoustic structure size
The physical size of an acoustic structure matters most in relation to the wavelengths it interacts with.

• Musical instruments illustrate this directly. Producing a low fundamental frequency requires a large
vibrating element, which is why a bass guitar is much bigger than a ukulele. Standing waves form inside
instruments based on their dimensions, and these determine the harmonic series the instrument can
produce (think organ pipes of different lengths).

• Room acoustics follow the same principle. Room dimensions determine modal frequencies, the
frequencies at which standing waves form between walls. These modes create resonances that color
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the sound, especially at low frequencies. A small room might have strong modes in the 50–150 Hz
range, making bass sound uneven.

• Acoustic treatments are effective only when they're sized appropriately for the target wavelength. A
thin foam panel can absorb high frequencies (short wavelengths) easily, but controlling a 60 Hz wave
(wavelength ≈ 5.7 m) requires much larger treatments like bass traps placed in room corners.

• Critical frequency marks the transition between geometric behavior (where sound reflects predictably
off surfaces) and diffuse behavior (where sound scatters in many directions). This transition depends on
the relationship between room size and wavelength. Larger rooms with more surface area relative to
the wavelengths involved tend to become diffuse at lower frequencies.

Phenomena like flutter echoes (rapid reflections between parallel walls) and comb filtering (interference
patterns from delayed copies of a signal) are also wavelength-dependent. Recognizing how wavelength
relates to the physical space you're working in is the foundation for solving most practical acoustics
problems.

2.3 Amplitude and sound intensity

Amplitude and Sound Intensity

Amplitude and sound intensity
Amplitude and intensity describe two related but distinct properties of a sound wave. Amplitude tells you
how far the medium moves; intensity tells you how much energy that movement carries.

• Amplitude is the maximum displacement of a wave from its equilibrium (rest) position, measured in
meters. On a waveform diagram, it's the distance from the center line to the peak or trough.

• Sound intensity is the rate of energy transfer through a unit area, measured in watts per square meter
( ). Think of it as how much acoustic power is hitting a given surface.

The critical relationship between them is:

This means intensity is proportional to the square of amplitude. If you double the amplitude, intensity
doesn't just double; it quadruples. Triple the amplitude, and intensity increases by a factor of nine. This
square relationship shows up constantly in acoustics problems, so make sure it's second nature.

Decibel calculations
Raw intensity values span an enormous range, so acoustics uses the decibel (dB), a logarithmic unit, to
express sound levels in more practical numbers.

There are two main formulas you need to know:

Sound Intensity Level (SIL):

where  is the reference intensity (roughly the quietest sound a healthy human ear can
detect).

Sound Pressure Level (SPL):
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where  is the reference pressure.

Notice the coefficient is 10 for intensity but 20 for pressure. That factor of 2 comes from the relationship
between intensity and pressure:

where  is the density of air and  is the speed of sound. Because intensity depends on pressure squared,
the log formula for pressure picks up that extra factor of 2.

Worked example (SIL): A sound has an intensity 100 times the reference intensity. What is its SIL?

1. Plug into the formula: 

2. Simplify: 

3. , so 

Worked example (SPL): A sound pressure is 10 times the reference pressure. What is its SPL?

1. 

2. 

Both examples give 20 dB, which makes sense: a pressure ratio of 10 corresponds to an intensity ratio of
.

Logarithmic nature of decibels
The decibel scale is logarithmic for a good reason: human hearing itself responds logarithmically to
changes in intensity. A sound that carries 10 times more energy doesn't sound 10 times louder to you.
Instead, perceived loudness roughly doubles with every 10 dB increase.

This means 80 dB sounds about twice as loud as 70 dB, not eight-sevenths as loud. And 90 dB sounds
about four times as loud as 70 dB.

The logarithmic scale also compresses a huge range of values into manageable numbers. The dynamic
range of human hearing spans from about 0 dB (threshold of hearing) to around 120–140 dB (threshold of
pain). In raw intensity terms, that's a range from  to about , a factor of a trillion. The
decibel scale turns that trillion-fold range into a 0–120 dB span you can actually work with.

Typical sound intensity levels
Having a mental map of common dB values helps you check whether your calculations are reasonable and
gives you a feel for what the numbers actually mean.

Environment Example Approximate Level

Very quiet Threshold of hearing 0 dB

Quiet Whisper, rustling leaves 20–30 dB

Moderate Library, refrigerator hum 30–40 dB

Comfortable Normal conversation 60–70 dB

Noisy Washing machine, busy office 70–80 dB

Loud Lawn mower, motorcycle 90–95 dB

Very loud Rock concert 100–120 dB
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Environment Example Approximate Level

Painful Jet engine at takeoff 130–140 dB

A few useful benchmarks to memorize: normal conversation sits around 60–70 dB, prolonged exposure
above about 85 dB can cause hearing damage, and the threshold of pain begins around 120–140 dB.

2.4 Harmonic content and timbre
Sound waves are more than just pitch and volume. They're a complex mix of frequencies that give each
instrument its unique voice. This harmonic content shapes what we call timbre, the quality that lets us tell a
violin from a trumpet.

Instruments create their signature sounds through different harmonic structures. Strings vibrate with rich
overtones, while woodwinds and brass have their own patterns. Even human voices have distinct harmonic
fingerprints, influenced by our vocal tracts.

Harmonic Content and Timbre

Harmonic content and timbre perception
• Harmonic content comprises frequencies that are integer multiples of a fundamental frequency
shaping the overall sound character

• Fundamental frequency represents the lowest frequency component of a complex sound determining
its perceived pitch

• Timbre distinguishes different sounds with the same pitch and loudness based on harmonic content
and spectral envelope

• Harmonic content and timbre relationship shows presence and strength of harmonics shape tonal
quality (even harmonics create warm rich sound, odd harmonics contribute to hollow nasal quality)

Harmonic structure of instruments
• String instruments (violin, guitar) produce rich harmonics from vibrating strings with fundamental
frequency and multiple overtones

• Woodwind instruments feature odd harmonics more prominently in clarinets while flutes have both
even and odd harmonics

• Brass instruments (trumpet, trombone) exhibit strong presence of even and odd harmonics with higher
harmonics more prominent

• Human voice displays complex harmonic structure influenced by vocal tract shape varying between
individuals and vowel sounds

Harmonic amplitudes in timbre
• Spectral envelope shapes overall harmonic spectrum determining energy distribution across
frequencies

• Harmonic amplitude ratios affect timbral characteristics with higher amplitudes in specific regions
creating distinct tonal qualities



Fiveable archived study guides Page 20

• Harmonic decay rate influences timbre steeper decay results in darker mellower sound slower decay
produces brighter sharper timbre

• Inharmonicity involves slight deviations from perfect harmonic ratios contributing to unique timbres
(piano)

Formants in speech and music
• Formants represent resonant frequencies of vocal tract or instrument body appearing as peaks in
spectral envelope

• Speech sounds feature vowel formants with three to five formants characterizing each vowel sound
(F1 and F2 crucial for identification)

• Consonant formants involve rapid changes in formant frequencies characterizing consonant sounds

• Musical instruments body resonances act as formants enhancing certain frequency regions regardless
of played note

• Formant tuning adjusts vocal tract or instrument shape to emphasize specific formants used by
singers to project voice or alter timbral qualities
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Unit 3 – Wave Propagation: Sound Speed
and Pressure
3.1 Factors affecting the speed of sound
Sound speed in materials depends on physical properties like temperature, density, elasticity, humidity,
and molecular structure. Understanding what controls sound speed lets you predict how sound behaves in
different environments, which is foundational to everything else in acoustics.

Physical Properties Affecting Sound Speed
The speed of sound comes down to how quickly molecules can pass energy to their neighbors. Anything
that changes how fast molecules move or how strongly they're coupled together will affect sound speed.

• Temperature increases molecular motion, which speeds up wave propagation in gases.

• Elasticity (stiffness) directly increases sound speed. Stiffer materials transmit waves faster because
molecules spring back more forcefully.

• Density on its own works against sound speed. More mass per unit volume means more inertia for the
wave to overcome.

• Humidity changes the composition and effective molecular weight of air, slightly altering sound speed.

• Pressure has minimal effect on sound speed in ideal gases, because increasing pressure raises both
density and restoring force proportionally.

• Molecular structure matters in solids and liquids, where crystal lattice arrangement and bond strength
determine how efficiently energy transfers between molecules.

The general relationship that ties these together is:

where  is sound speed,  is the relevant elastic modulus (a measure of stiffness), and  is density. This
single equation is the backbone of nearly every sound speed calculation. The specific form of  changes
depending on the medium, but the logic stays the same: more stiffness means faster sound, more density
means slower sound.

Temperature Effects on Sound
Temperature is the dominant factor controlling sound speed in gases. Higher temperature means
molecules move faster, so they collide and transfer energy more quickly.

In air, sound speed increases by roughly 0.6 m/s for every 1 °C rise in temperature. At 20 °C, sound travels
at about 343 m/s; at 0 °C, it drops to about 331 m/s.

The formal relationship for an ideal gas is:

• : sound speed

• : ratio of specific heats (1.4 for air)
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• : universal gas constant (8.314 J/(mol·K))

• : absolute temperature in Kelvin

• : molar mass of the gas (0.029 kg/mol for air)

Notice that  depends on , so the relationship is technically a square root, not perfectly linear. But over
the temperature ranges you'll normally encounter (say, -20 °C to 40 °C), it's close enough to linear that the
"0.6 m/s per °C" approximation works well.

Density and Elasticity in Sound Propagation
Density and elasticity often pull in the same direction in real materials, which can be counterintuitive. You
might expect sound to travel slowly through dense materials, but steel (dense, very stiff) carries sound at
about 5,960 m/s, while rubber (less dense, very flexible) carries it at only around 1,600 m/s. The stiffness
of steel far outweighs its density.

Some patterns to remember:

• High elasticity, moderate density → fast sound speed. Steel (~5,960 m/s) and diamond (~12,000 m/s)
are classic examples.

• High density, low elasticity → slow sound speed. Lead is dense but soft, so sound only travels at about
1,200 m/s.

• In solids and liquids, density and elasticity tend to increase together, so you can't just look at one
property in isolation. The ratio  is what matters.

Calculating Sound Speed in Materials
Different media require different elastic moduli in the general formula :

• Ideal gases: 

• Liquids:  where  is the bulk modulus (resistance to uniform compression)

• Solids, longitudinal waves:  where  is Young's modulus (resistance to
stretching/compression along one axis)

• Solids, transverse (shear) waves:  where  is the shear modulus (resistance to shape
deformation)

Transverse wave speed is always slower than longitudinal wave speed in the same solid, because  is
always less than  for a given material.

When solving problems, keep these practical steps in mind:

1. Identify the medium (gas, liquid, or solid) and choose the correct formula.

2. Use the appropriate elastic modulus for the wave type (bulk, Young's, or shear).

3. Make sure temperature is in Kelvin for gas calculations.

4. For air, account for humidity if precision matters, since water vapor (  ≈ 0.018 kg/mol) is lighter than
dry air (  ≈ 0.029 kg/mol), which slightly increases sound speed in humid conditions.
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3.2 Sound pressure and sound pressure level

Sound Pressure Fundamentals
Sound pressure describes the small, rapid fluctuations in air pressure caused by a sound wave. These
fluctuations ride on top of the existing atmospheric pressure, and they're what your eardrum physically
responds to. Understanding sound pressure and how we measure it with decibels is central to everything
else in acoustics.

Because the range of pressures our ears can detect is enormous (spanning roughly six orders of
magnitude), we use a logarithmic scale called the sound pressure level (SPL) to express measurements in
decibels. This scale compresses that huge range into manageable numbers and also reflects how human
hearing actually perceives loudness.

Sound Pressure and Wave Amplitude
Sound pressure is measured in pascals (Pa). As a sound wave travels through air, it creates alternating
regions of slightly higher pressure (compressions) and slightly lower pressure (rarefactions) relative to the
ambient atmospheric pressure.

• Sound pressure is directly proportional to the amplitude of the wave, which represents the maximum
displacement of air particles from their resting position.

• Larger amplitude means greater pressure fluctuation, which you perceive as a louder sound.

• The frequency of these oscillations determines pitch: rapid oscillations produce high-pitched sounds,
while slow oscillations produce low-pitched sounds. Frequency affects how fast the pressure cycles, but
amplitude determines how much the pressure swings.

Sound Pressure Level in Decibels
Sound pressure level (SPL) expresses how loud a sound is by comparing its pressure to a fixed reference
value, using a logarithmic ratio. The result is given in decibels (dB).

The SPL formula:

where  is the measured sound pressure and  is the reference pressure.

Why logarithmic? Two reasons:

• The range of audible pressures is massive. The quietest sound you can hear is about  Pa,
while the threshold of pain is around 20 Pa. That's a ratio of 1,000,000:1. A linear scale would be
impractical.

• Human hearing perceives loudness roughly logarithmically. Doubling the perceived loudness doesn't
require doubling the pressure; it requires roughly a 10 dB increase.

Calculations and Reference Pressure

Calculations for Sound Measurements
Instantaneous sound pressure for a pure tone is described by:
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where  is the pressure amplitude,  is frequency in Hz, and  is time in seconds. This gives you the
pressure at any specific moment.

For SPL calculations, you don't use the peak pressure directly. Instead, you use the root mean square
(RMS) pressure, which represents the effective average pressure of the wave:

For a pure sine wave, .

To convert back from dB to pascals, rearrange the formula:

Quick example: What's the RMS pressure of a 94 dB SPL sound?

1. Start with 

2. Plug in values: 

3. Calculate the exponent: 

4. Multiply: 

So 94 dB SPL corresponds to an RMS pressure of about 1 Pa. This is a handy benchmark to remember.

Reference Pressure in Acoustics
The standard reference pressure for airborne sound is  Pa (20 µPa). This value
approximates the threshold of human hearing at 1 kHz for a young, healthy listener.

• Using a fixed reference ensures that SPL values are consistent and comparable across different
measurements, environments, and instruments.

• This reference is internationally standardized by organizations including ISO, ANSI, and IEC.

The reference pressure changes depending on the medium:

Medium Reference Pressure

Air 20 µPa

Water 1 µPa

Water uses a lower reference pressure because of its much higher density and sound speed. This means
you cannot directly compare a dB value measured in air with one measured in water. A sound that's 120
dB in water is not the same intensity as 120 dB in air.

3.3 Decibel scale and sound measurement

Decibel Scale Fundamentals
Decibels provide a way to compress an enormous range of sound intensities into manageable numbers.
Because human hearing spans roughly 12 orders of magnitude in intensity, a linear scale would be
impractical. The decibel scale solves this by using logarithms, which also happen to align well with how we
actually perceive loudness.
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Logarithmic Nature of Decibels
A decibel (dB) expresses the ratio between a measured value and a reference value on a logarithmic
scale. Rather than saying one sound is 1,000,000 times more intense than another, you can say it's 60 dB
higher.

The key relationship to internalize:

• A 10 dB increase = 10× the sound intensity

• A 20 dB increase = 100× the sound intensity

• A 30 dB increase = 1,000× the sound intensity

Each 10 dB step multiplies intensity by another factor of 10. This is why a rock concert at 110 dB isn't just
"a bit louder" than a 70 dB conversation; it's 10,000 times more intense.

Conversions in the Decibel Scale
There are two main quantities you'll convert to decibels: sound pressure and sound intensity. Each has its
own formula and reference value.

Sound Pressure Level (SPL):

The reference pressure  is 20 μPa in air, which corresponds to the threshold of human hearing at 1
kHz.

Sound Intensity Level (SIL):

The reference intensity  is  W/m², again corresponding to the hearing threshold.

Notice SPL uses a factor of 20 while SIL uses 10. This is because intensity is proportional to pressure
squared ( ), and the logarithm rule  pulls that factor of 2 out front: .

In free-field conditions (open outdoor spaces with no reflections), SPL and SIL are numerically equal. In
enclosed or reverberant spaces, they can diverge.

Common Sound Levels in Decibels
These benchmarks are worth memorizing for quick reference:

dB Level Example

0 dB Threshold of hearing (barely audible)

20–30 dB Whisper in a quiet library

60–70 dB Normal conversation

80–85 dB City traffic on a busy street

90 dB Lawn mower at close range

110–120 dB Rock concert, front row

130–140 dB Jet engine at takeoff; threshold of pain



Fiveable archived study guides Page 26

The threshold of pain sits around 130–140 dB. Prolonged exposure above 85 dB can cause hearing
damage, which is why occupational noise regulations typically set limits in that range.

Sound Level Meters for Measurement
A sound level meter converts acoustic pressure fluctuations into a dB reading. Its signal chain has four
main stages:

1. Microphone captures sound waves and converts them to an electrical signal

2. Amplifier boosts the signal to a usable level

3. Weighting network shapes the frequency response according to the selected weighting curve

4. Display shows the resulting dB value

Frequency weighting scales adjust which frequencies the meter emphasizes:

• A-weighting (dBA) rolls off low and very high frequencies to approximate how the human ear responds
at moderate levels. This is the most commonly used weighting for environmental and occupational
noise.

• C-weighting (dBC) is much flatter, with only slight rolloff at the extremes. It's used for louder industrial
noise and peak measurements.

• Z-weighting (dBZ) applies no filtering at all, giving a flat response across the full frequency range. This
is used for scientific and engineering analysis where you need the raw data.

Time weighting controls how quickly the meter responds to changes:

• Fast (125 ms time constant) tracks fluctuating sounds and captures short peaks

• Slow (1 s time constant) smooths out variations, giving a more stable reading for steady noise

Common measurement types:

•  (equivalent continuous level) averages the sound energy over a measurement period. This is the
single most useful metric for characterizing a noise environment.

•  records the highest level reached during the measurement.

• Statistical levels like , , and  indicate the dB level exceeded for 10%, 50%, or 90% of the
measurement time, respectively.  often represents the background noise floor, while  captures
the louder events.

Calibration should be performed before and after every measurement session using a known reference
source (typically a pistonphone or acoustic calibrator). This confirms the meter is reading accurately and
that no drift occurred during the session.
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Unit 4 – Sound Wave Behavior: Reflection
& Refraction
4.1 Reflection of sound waves and echo formation
Sound wave reflection is a fundamental concept in acoustics, governing how sound interacts with surfaces.
It follows the law of reflection and is influenced by factors like acoustic impedance, surface characteristics,
and wavelength. These principles shape our auditory experiences in various environments.

Echoes and reverberation are direct results of sound reflection. The timing and intensity of echoes depend
on the distance to reflecting surfaces and the environment's absorption properties. Understanding these
phenomena is crucial for acoustic design in spaces ranging from concert halls to open offices.

Principles of Sound Wave Reflection

Principles of sound wave reflection
• Sound wave reflection occurs when sound waves encounter boundary between two media following
law of reflection angle of incidence equals angle of reflection

• Acoustic impedance mismatch between media influences reflection strength

• Surface characteristics affect reflection smoothness leads to specular reflection hardness increases
reflectivity

• Wavelength of sound determines interaction with surfaces longer wavelengths diffract around
obstacles

• Angle of incidence impacts reflection intensity perpendicular incidence maximizes reflection

• Specular reflection on smooth surfaces maintains coherence of wavefront (polished marble)

• Diffuse reflection on rough surfaces scatters sound in multiple directions (textured walls)

Formation and nature of echoes
• Echo distinct repetition of original sound caused by reflected sound waves reaching listener after
delay

• Echo formation requires reflecting surface at least 17 meters away time delay between original and
reflected sound exceeding 0.1 seconds

• Echoes direct result of sound wave reflection multiple reflections create reverberation (concert halls)

• Distance to reflecting surface affects echo timing farther surfaces produce longer delays

• Sound absorption properties of environment influence echo intensity (forest vs open field)

• Original sound intensity determines echo detectability louder sounds produce more noticeable echoes

Surface effects on sound reflection
• Hard materials reflect more sound (concrete, metal) soft materials absorb more sound (foam, fabric)
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• Flat surfaces produce specular reflections maintain sound wave coherence

• Curved surfaces focus or disperse sound waves (domes, amphitheaters)

• Irregular surfaces create diffusion scatter reflections (textured wall panels)

• Sound diffusers scatter reflections improve sound distribution (recording studios)

• Bass traps absorb low-frequency reflections reduce room modes

• Reflection coefficient measures surface's ability to reflect sound ranges from 0 (full absorption) to 1
(full reflection)

Applications in acoustics and noise
• Concert hall design uses shaped surfaces for even sound distribution adjustable acoustic elements for
versatility

• Home theater optimization involves strategic placement of absorbers and diffusers

• Sound barriers reduce traffic noise through reflection and absorption

• Acoustic ceilings in open-plan offices minimize sound transmission between workspaces

• Echolocation in nature bats navigate using ultrasonic echoes

• Sonar systems use sound reflection for underwater mapping and object detection

• Architectural acoustics designs spaces to minimize unwanted echoes create desirable reverberation
times (churches, lecture halls)

• Sound reinforcement systems avoid feedback through proper speaker placement use delay systems
to synchronize sound in large venues (stadiums)

4.2 Refraction of sound in different media

Fundamentals of Sound Refraction

Refraction of sound waves
When a sound wave passes from one medium into another, its speed changes. Because the speed
changes but the frequency stays the same, the wave bends at the boundary between the two media. This
bending is refraction.

The direction and amount of bending depend on two things:

• The angle of incidence (the angle at which the sound wave hits the boundary)

• The ratio of sound speeds in the two media

Several properties of a medium determine how fast sound travels through it: density, elasticity (how stiff the
material is), and temperature. Any variation in these properties, whether at a sharp boundary or across a
gradual gradient, can cause refraction.

Sound behavior across media
Different media transmit sound at very different speeds, and that speed difference is what drives refraction
at every interface.
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• Air is the slowest common medium for sound (~343 m/s at 20°C). Air is highly compressible, and its
sound speed shifts noticeably with temperature and humidity.

• Water conducts sound much faster (~1480 m/s). It's far less compressible than air, and its sound
speed varies with temperature, pressure, and salinity.

• Solids transmit sound fastest of all (steel is ~5960 m/s). Solids are the least compressible and can
support both longitudinal and transverse (shear) waves, unlike fluids.

At any interface between two media, some sound energy reflects and some transmits through. How much
energy crosses depends on the acoustic impedance mismatch between the two materials. A large
mismatch (like air-to-water) means most energy reflects; a small mismatch allows more transmission.

Attenuation also differs: air absorbs sound energy quickly over distance, water allows propagation over
very long distances, and solids vary widely depending on the material.

Calculations with Snell's Law
Snell's Law relates the angles and speeds on each side of a boundary:

where  is the angle of incidence,  is the angle of refraction,  is the sound speed in the first medium,
and  is the sound speed in the second medium. All angles are measured from the normal (the line
perpendicular to the boundary).

Using Snell's Law step by step:

1. Identify the sound speeds in both media (  and ).

2. Measure or determine the angle of incidence  from the normal.

3. Plug into the equation and solve for : 

4. Take the inverse sine to find .

Which way does the wave bend?

• Entering a faster medium ( ): the wave bends away from the normal ( ).

• Entering a slower medium ( ): the wave bends toward the normal ( ).

Critical angle and total internal reflection

When sound travels from a slower medium into a faster one ( ), there's a special incident angle
called the critical angle:

At the critical angle, the refracted wave skims along the boundary at 90° to the normal. Beyond this angle,
no sound transmits into the second medium at all. Instead, all the energy reflects back into the first
medium. This is total internal reflection.

For example, if sound in water (  = 1480 m/s) hits a boundary with air (  = 343 m/s), , so there is
no critical angle from this direction. But going from air into water, , and

. Any sound wave in air hitting the water surface at more than 13.4°
from the normal would undergo total internal reflection.
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Applications of sound refraction
Refraction shows up across a wide range of fields:

• Underwater acoustics: SONAR systems rely on understanding how sound bends through water layers
of varying temperature and salinity. Deep ocean sound channels (the SOFAR channel) trap sound by
continuous refraction, allowing signals to travel thousands of kilometers. Marine animals exploit these
same channels for long-distance communication.

• Atmospheric propagation: On a calm night, a temperature inversion (warm air above cool air) bends
sound waves back toward the ground, making distant sounds surprisingly audible. Wind gradients
similarly refract sound, bending it downwind and creating "shadow zones" upwind.

• Seismic exploration: Geologists send sound waves into the earth and analyze how they refract
through rock layers to map subsurface geology and locate oil or mineral deposits.

• Medical ultrasound: Imaging systems must account for refraction as sound passes through tissues
with different speeds (fat, muscle, bone) to produce accurate images.

• Acoustic lenses: Specially shaped materials refract sound to focus or redirect it, similar to how optical
lenses work with light.

• Non-destructive testing: Engineers send ultrasound through manufactured parts and use refraction
patterns to detect internal flaws without cutting the material open.

4.3 Diffraction of sound around obstacles
Sound wave diffraction is a fascinating phenomenon where sound bends around obstacles or through
openings. It's all about how waves interact with objects, and it's key to understanding why we hear what we
hear in different environments.

Diffraction affects sound differently based on wavelength and object size. Low frequencies bend more
easily, while high frequencies are more directional. This concept is crucial in designing everything from
concert halls to noise barriers, shaping our acoustic world.

Sound Wave Diffraction Fundamentals

Concept of sound wave diffraction
• Sound waves bend around obstacles or through openings when encountering objects or apertures
comparable to their wavelength

• Longer wavelengths diffract more readily while shorter wavelengths experience less diffraction

• Objects smaller than the wavelength cause significant diffraction whereas larger objects lead to more
reflection/absorption

• Huygens' Principle explains wave propagation around obstacles as each point on a wavefront acts as
a source of secondary wavelets

• Fresnel zones influence diffraction patterns around obstacles creating regions of constructive and
destructive interference

Effects of diffraction on sound
• Acoustic shadow zones form behind barriers with partial sound transmission due to diffraction
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• Single-slit diffraction patterns emerge when sound passes through narrow openings

• Multiple-slit diffraction creates interference patterns

• Diffraction intensity varies based on aperture size relative to wavelength and distance from aperture to
observation point

• Edge diffraction contributes to overall sound field behind obstacles as sound bends around barrier
edges

• Periodic structures produce diffraction grating effect creating complex patterns

Diffraction patterns vs frequencies
• Low-frequency waves diffract more, resulting in uniform sound distribution in enclosed spaces

• High-frequency waves exhibit less diffraction, propagating more directionally and creating sharper
acoustic shadows

• Small obstacles minimally impact low frequencies but significantly scatter high frequencies

• Large obstacles effectively block high frequencies while partially obstructing low frequencies

• Angular spread of diffracted waves and intensity variations in diffraction lobes characterize patterns

• Complex environments produce frequency-dependent behavior leading to acoustic hot spots and
dead zones

Applications of sound diffraction
• Noise barrier design optimizes height and placement for different frequency ranges using shaped
edges to control diffraction

• Concert hall acoustics employ diffusive surfaces and strategic placement of reflectors and absorbers

• Outdoor sound propagation considers terrain effects and atmospheric refraction interacting with
diffraction

• Urban noise control accounts for street canyon effects and utilizes green barriers for
frequency-dependent effectiveness

• Architectural design creates quiet areas in open-plan offices and mitigates noise in outdoor spaces
through acoustic shadow zones

• Sound system design utilizes beneficial diffraction for speaker placement while minimizing unwanted
effects in reproduction

4.4 Scattering and focusing of sound waves
Sound waves behave in fascinating ways when interacting with objects and surfaces. Scattering redirects
waves in multiple directions, influenced by factors like wavelength, object size, and material properties.
This phenomenon plays a crucial role in how we perceive and manipulate sound in various environments.

Sound focusing concentrates energy in specific regions through reflection, refraction, or diffraction. This
principle is used in applications like ultrasound imaging and sonar technology. Understanding these
behaviors helps us design better acoustic systems and control sound in our surroundings.
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Sound Wave Behavior

Factors of sound wave scattering
• Sound wave scattering redirects waves in multiple directions upon encountering obstacles or
interfaces when wavelength is comparable to or smaller than obstacle size

• Wavelength of sound influences scattering behavior (shorter wavelengths scatter more)

• Size and shape of scattering object affect pattern (spheres vs cylinders)

• Material properties of scatterer determine reflection and absorption characteristics

• Frequency of sound wave impacts scattering intensity (higher frequencies scatter more)

• Angle of incidence affects scattering direction and intensity

• Specular reflection occurs on smooth surfaces, maintains wave coherence

• Diffuse reflection spreads energy in multiple directions on rough surfaces

• Refraction bends waves at interfaces between media with different sound speeds

• Scattering cross-section measures likelihood of scattering occurring, depends on object size relative
to wavelength

Concept of sound focusing
• Sound focusing concentrates sound energy in specific regions through reflection, refraction, or
diffraction

• Wave interference occurs when multiple sound waves interact, resulting in amplification or
cancellation

• Constructive superposition amplifies waves aligned in phase, increasing amplitude

• Concave reflectors focus parallel waves to a point (parabolic dishes)

• Acoustic lenses use material with different sound speed to focus waves (ultrasound transducers)

• Phased arrays electronically steer and focus beams (medical imaging, sonar)

• Focal point is region of maximum sound intensity, determined by focusing system geometry

• Beam forming controls directionality of sound waves using multiple sources or reflectors

Applications and Effects

Effects of surface irregularities
• Surface irregularities cause diffuse scattering when roughness is comparable to wavelength

• Inhomogeneities in material properties lead to refraction and scattering within media

• Increased sound diffusion reduces specular reflection, generates higher-order modes

• Degradation of focal point quality in focusing systems due to aberrations

• Potential for unintended hot spots in sound field
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• Scattering strength increases with frequency and surface roughness

• Acoustic impedance variations cause reflections and refractions, creating complex scattering patterns

Applications in ultrasound and sonar
• Ultrasound imaging uses focused beams for improved resolution in medical diagnostics (fetal imaging)
and non-destructive testing (weld inspection)

• Acoustic levitation suspends objects using precisely focused interference patterns (small particle
manipulation)

• Sonar technology exploits scattering for underwater object detection and identification (submarine
detection)

• Architectural acoustics utilize scattering for sound diffusion in concert halls

• Noise barriers incorporate scattering principles to reduce traffic noise

• Acoustic cloaking and stealth technology manipulate scattering to reduce detection

• Time reversal acoustics focuses sound in complex media (underwater communication)

• Acoustic metamaterials enhance control of sound waves (superlenses)

• Acoustic holography reconstructs 3D sound fields for analysis and reproduction
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Unit 5 – Superposition and Interference of
Sound Waves
5.1 Principle of superposition

Understanding the Principle of Superposition in Sound Waves
When two or more sound waves occupy the same space at the same time, they combine. The principle of
superposition tells you exactly how: the resulting displacement at any point is simply the sum of the
individual wave displacements. This one idea underpins interference patterns, standing waves, beats, and
most of what you'll study in this unit.

Principle of Superposition in Sound
The principle of superposition applies to linear systems, which includes sound waves traveling through air
under normal conditions. "Linear" here means the medium responds proportionally to the wave, so you can
just add waves together without worrying about them distorting each other.

In formal terms: when two or more waves overlap, the resulting displacement at any point equals the
algebraic sum of the displacements from each individual wave. After the waves pass through each other,
they continue on unchanged. The waves don't permanently affect one another.

This principle is what allows you to explain:

• Interference patterns (regions of louder and quieter sound)

• Standing waves (fixed patterns that form in enclosed spaces or on strings)

• Beats (the pulsing effect you hear when two close frequencies overlap)

Interaction of Multiple Sound Waves
Wave interference is what happens whenever waves overlap, and it comes in two main flavors:

• Constructive interference occurs when waves arrive in phase (their peaks and troughs line up). The
displacements add together, producing a larger amplitude and therefore louder sound.

• Destructive interference occurs when waves arrive out of phase (one wave's peak lines up with the
other's trough). The displacements oppose each other, reducing the amplitude. If two waves have equal
amplitude and are exactly half a cycle apart, they cancel completely.

A key detail: when you superpose sinusoidal waves of the same frequency, the frequency stays the same.
Only the amplitude and phase of the combined wave change, depending on how the individual waves line
up.

For waves of different frequencies, the superposition still holds, but the resulting waveform is more
complex. You're no longer getting a simple sinusoid; instead, you get a new wave pattern that is the
algebraic sum of the originals.

Problem-Solving for Wave Superposition
The core equation is straightforward:
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where each  represents the displacement of an individual wave at a given point and time.

Representing sinusoidal waves. Each wave can be written as:

where  is amplitude,  is angular frequency, and  is the phase.

Amplitude for two special cases:

1. Waves perfectly in phase ( ): 

2. Waves perfectly out of phase ( ): 

General case with a phase difference. When two waves of equal frequency but different phases overlap,
follow these steps:

1. Find the phase difference: 

2. Use the combined amplitude formula: 

3. Determine the resulting phase using trigonometric identities or the phasor method.

Phasor addition method. This is especially useful when combining several waves with different phases.
You represent each wave as a rotating vector (phasor) with length equal to its amplitude and angle equal
to its phase. Add the vectors tip-to-tail, and the resultant vector gives you the combined amplitude and
phase. It turns a trig problem into a geometry problem, which is often easier to visualize and compute.

Energy considerations. The energy carried by a wave is proportional to the square of its amplitude (
). Because of this, doubling the amplitude means quadrupling the energy. In regions of constructive
interference, energy concentrates; in regions of destructive interference, energy is reduced. The total
energy across the entire sound field is conserved, though it redistributes spatially.

5.2 Constructive and destructive interference

Wave Interference Fundamentals
When two or more sound waves overlap in space, they combine to produce a single resultant wave. This
process is called interference, and it's governed by the superposition principle: at any point, the total
displacement equals the sum of the individual wave displacements. Whether the result is louder or quieter
depends on how the waves align in phase.

Understanding interference is central to acoustics. It explains everything from dead spots in a lecture hall
to how noise-cancelling headphones work, and it gives you the math to predict exactly where sound will be
amplified or silenced.

Constructive vs. Destructive Interference
Constructive interference occurs when two waves arrive in phase, meaning their crests and troughs line
up. The displacements add together, producing a wave with a larger amplitude (louder sound).

Destructive interference occurs when two waves arrive out of phase, meaning the crest of one aligns with
the trough of the other. The displacements cancel, producing a wave with a smaller amplitude (quieter
sound), or complete silence if the amplitudes are equal.



Fiveable archived study guides Page 36

The key factor is the phase difference ( ) between the two waves, measured in radians or degrees. A
phase difference of  means perfect constructive interference. A phase difference of  radians (180°)
means maximum destructive interference.

Conditions for Each Type
For constructive interference, all three of these must hold:

• The waves have the same frequency

• The path difference ( ) is an integer multiple of the wavelength: , where 

• Equivalently, the phase difference is an even multiple of : 

For destructive interference:

• The waves have the same frequency

• The path difference is an odd multiple of half the wavelength: , where 

• Equivalently, the phase difference is an odd multiple of : 

Coherence is also required for a stable, observable interference pattern. Two sources are coherent if they
maintain a constant phase relationship over time. If the phase relationship drifts randomly (as with two
unrelated noise sources), the interference pattern shifts too fast to detect, and you just hear an average
intensity. Lasers are a classic example of highly coherent sources; in acoustics, two speakers driven by the
same signal are coherent.

Quantitative Analysis of Interference

Resultant Amplitude of Interfering Waves
The superposition principle tells you what to do (add the displacements), but you need a method to carry
out that addition. There are two main approaches.

Trigonometric approach. Represent each wave as a sinusoidal function, then add them algebraically. For
two waves of the same frequency:

 

The resultant  can be simplified using trig identities, but this gets tedious for more than two
waves.

Phasor method. Represent each wave as a rotating vector (phasor) whose length equals the wave's
amplitude and whose angle equals its phase. You then add the phasors tip-to-tail, just like adding vectors.
The length of the resultant phasor gives the resultant amplitude. This is faster and scales well to many
waves.

Both methods yield the same resultant amplitude formula:

where  and  are the individual amplitudes and  is the phase difference between them.

Check the extremes to build intuition:

• When  (constructive): , so . The amplitudes add directly.
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• When  (destructive): , so . The amplitudes subtract. If ,
you get complete cancellation: .

• When  (quarter cycle offset): , so . This is the Pythagorean
case, partway between full constructive and full destructive.

Path Difference and Interference Patterns
In many real situations, two waves start in phase but travel different distances to reach a listener. That
difference in distance is the path difference ( ), and it directly determines the phase difference:

This equation is the bridge between geometry and interference. If you know the positions of two speakers
and a listener, you can calculate , convert it to , and then use the resultant amplitude formula to find
the sound level at that point.

Interference fringes are the spatial pattern that results. As you move through a room,  changes
continuously, so you pass through alternating regions of constructive interference (loud) and destructive
interference (quiet). The spacing of these fringes depends on the wavelength and the geometry of the
sources.

Standing waves are a special case of interference. When two waves of the same frequency travel in
opposite directions (for example, a wave and its reflection), they produce a pattern of fixed nodes (points of
zero amplitude) and antinodes (points of maximum amplitude). The nodes are spaced half a wavelength
apart.

Practical applications: Noise-cancelling headphones generate a wave that is phase-inverted relative to
ambient noise, creating destructive interference at your ear. Concert hall designers use interference
analysis to minimize dead spots. Acoustic interferometry uses measured interference patterns to determine
properties of materials or sound fields.

5.3 Beat frequencies and wave interactions

Wave Interactions and Beat Phenomena

Beat frequency definition and occurrence
When two sound waves with slightly different frequencies overlap, they interfere with each other in a
pattern that shifts over time. At some moments the waves align (constructive interference), making the
combined sound louder. At other moments they oppose each other (destructive interference), making it
quieter. This alternating loud-soft pattern is what we call beats.

The underlying principle is superposition: at every point in space, the two waves combine algebraically.
Because the frequencies are slightly different, the waves drift in and out of phase with each other in a
regular cycle.

Your ear perceives this as a pulsating or throbbing quality in the sound. For example, if you play a 440 Hz
tone and a 442 Hz tone at the same time, you'll hear a steady pitch near 441 Hz that swells and fades
twice per second.

Calculation of beat frequency
The beat frequency equals the absolute difference between the two wave frequencies:
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The absolute value just guarantees a positive result regardless of which frequency you label  or .

Worked example:

1. You have two tuning forks:  Hz and  Hz.

2. Subtract:  Hz.

3. You hear 2 beats per second.

The beat period is the inverse of the beat frequency:

So a 2 Hz beat has a period of 0.5 seconds, meaning you hear one full loud-soft cycle every half second.

Perceived intensity variations from beats
The combined wave has an amplitude envelope that varies sinusoidally at the beat frequency. This
envelope is what your ear tracks as changing loudness: the sound swells to a maximum, dips to near
silence, then swells again in a steady rhythm.

A few factors shape what you actually hear:

• Beat frequency matters. Slow beats (1–5 Hz) are easy to hear as distinct pulsations. Faster beats blur
together.

• Amplitude difference matters. If the two waves have very different amplitudes, the cancellation during
destructive interference is incomplete, so the dips in loudness are less dramatic.

• Above roughly 20 Hz, beats stop sounding like pulsations and instead produce a sensation of
roughness or dissonance. Your auditory system can no longer track individual fluctuations that fast.

Wave interactions and sound quality
Beat phenomena are one specific case of interference, but wave interactions shape sound quality in
broader ways too.

• Constructive interference at certain frequencies boosts amplitude, while destructive interference
reduces it. In a room or concert hall, this means some frequencies are reinforced and others are
partially cancelled depending on where you stand.

• Comb filtering occurs when a sound and a slightly delayed copy of itself combine. The phase
relationship varies with frequency, creating a pattern of alternating peaks and dips across the spectrum.
This is why a voice near a reflective wall can sound hollow or thin.

• Standing waves form when sound reflects back and forth in an enclosed space (like inside an organ
pipe or a room). Fixed patterns of constructive and destructive interference create resonant frequencies
that define the instrument's tone color, or timbre.

• In complex tones with multiple harmonics, interference between those harmonic components also
affects timbre. This is part of why a piano and a guitar playing the same note still sound different: their
harmonic structures interact with the instrument body (like a piano's soundboard) in distinct ways.

For musicians, beats are a practical tuning tool. When tuning a string against a reference pitch, you listen
for beats and adjust until they disappear. Zero beats means the frequencies match exactly.
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Unit 6 – Standing Waves and Resonance
6.1 Formation of standing waves

Wave Superposition and Standing Waves
When two identical waves travel in opposite directions through the same medium, they combine to produce
a standing wave: a wave pattern that oscillates in place rather than propagating forward. This typically
happens when a wave reflects off a boundary and interferes with the incoming wave. Because the wave
doesn't travel, there's no net energy transfer along the medium.

Standing waves are central to how stringed and wind instruments produce musical tones. The fixed
patterns they create determine which frequencies a vibrating string or air column can sustain.

Formation of standing waves
A standing wave forms through superposition of an incident wave and its reflection. For this to work, the
two waves must share the same amplitude, frequency, and wavelength, but travel in opposite directions.

At certain points along the medium, the two waves always cancel (destructive interference). At other
points, they always reinforce (constructive interference). The result is a pattern that appears to vibrate in
place rather than move left or right.

A violin string is a clear example: the wave launched by the bow reflects off each fixed end, and the overlap
of outgoing and returning waves produces the standing wave you see vibrating between the bridge and the
nut.

Characteristics of standing waves
• Nodes are points of permanent zero displacement where destructive interference occurs. They're
evenly spaced along the medium.

• Antinodes are points of maximum displacement where constructive interference occurs. Each
antinode sits midway between two adjacent nodes.

• The distance between two consecutive nodes (or two consecutive antinodes) equals one
half-wavelength.

• Amplitude is not uniform along a standing wave. It's greatest at the antinodes and zero at the nodes.

• All points between two adjacent nodes oscillate in phase with each other (they reach their peaks at the
same time). Points on opposite sides of a node oscillate 180° out of phase.

Mathematical Analysis of Standing Waves

Equations for standing waves
For a string fixed at both ends, the boundary conditions require nodes at each endpoint. This constraint
means only certain wavelengths can "fit" on the string. Specifically, the string length  must equal a whole
number of half-wavelengths.

The allowed wavelengths and frequencies are:

1.
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Wavelength for mode :  where  is the mode number.

2.

Frequency for mode :  where  is the wave speed on the string.

3.

Fundamental frequency ( , the lowest possible mode): 

Every higher mode is an integer multiple of the fundamental: . Together these form the harmonic
series ( ).

Relationships in standing waves
The wave speed on a string depends on two physical properties:

where  is the tension in the string and  is its linear mass density (mass per unit length).

From this, several practical relationships follow:

• String length and frequency are inversely proportional. Doubling  cuts the frequency of any given
mode in half. This is why pressing a guitar string against a fret (shortening the vibrating length) raises
the pitch.

• Frequency is proportional to the square root of tension: . Tightening a string raises its pitch
because the wave travels faster.

• Frequency is inversely proportional to the square root of linear mass density: . Thicker, heavier
strings vibrate at lower frequencies, which is why a guitar's low E string is much thicker than the high E
string.

• Higher mode numbers increase frequency linearly: . The second harmonic is twice the
fundamental, the third is three times, and so on.

6.2 Resonance in strings, pipes, and cavities

Fundamentals of Resonance
Resonance occurs when an external driving force matches an object's natural frequency of vibration,
causing the amplitude of vibration to increase dramatically. This principle is central to how musical
instruments produce sound, how concert halls are designed, and how engineers control unwanted noise.

Concept of Resonance in Acoustics
Every physical system has one or more natural frequencies determined by its properties: mass, stiffness,
and geometry. When energy is supplied at one of these frequencies, the system absorbs that energy
efficiently, and vibrations grow much larger than they would at other frequencies. Energy transfers back
and forth between kinetic and potential forms, building up with each cycle.

This shows up everywhere in acoustics:

• Musical instruments rely on resonance to amplify sound. A guitar string vibrates at its natural
frequency, and the body of the guitar resonates in response, projecting the sound outward.
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• Acoustic space design depends on controlling which frequencies resonate in a room. Concert halls
and recording studios are shaped and treated so that resonances enhance clarity rather than create
muddiness.

• Noise control uses resonance principles in reverse. Mufflers and sound barriers are engineered to
absorb or redirect energy at specific frequencies, reducing unwanted sound in buildings and vehicles.

Conditions for Resonance
For resonance to occur, two things must be true: the driving force must be at or near the system's natural
frequency, and the system's damping (energy loss per cycle) must be low enough to allow vibrations to
build up.

Beyond that, each type of resonator has its own physical requirements:

• Strings need fixed endpoints (or a combination of fixed and free) to reflect waves back and create
standing wave patterns. The wave speed on the string depends on tension and linear mass density.

• Open pipes have both ends open to the atmosphere. Pressure nodes (points of minimum pressure
variation) form at each open end.

• Closed pipes have one end closed and one end open. A pressure node forms at the open end, and a
pressure antinode (point of maximum pressure variation) forms at the closed end.

• Cavities are enclosed volumes of air with rigid walls that reflect sound waves internally, trapping
energy at specific frequencies determined by the cavity's dimensions.

Resonance Calculations and Analysis

Resonant Frequency Formulas
Each type of resonator has its own formula for predicting which frequencies will resonate. The key variable
in all of them is the relationship between wave speed and the system's physical dimensions.

Strings:

The fundamental (lowest resonant) frequency of a string fixed at both ends is:

where  is the string length,  is the tension in newtons, and  is the linear mass density (mass per unit
length, in kg/m). All higher harmonics are integer multiples of the fundamental:

So a string with a fundamental of 110 Hz also resonates at 220 Hz, 330 Hz, 440 Hz, and so on. Strings
support all harmonics.

Open pipes:

An open pipe resonates at:

where  is the speed of sound in the medium inside the pipe. Like strings, open pipes support all
harmonics:
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Closed pipes:

A pipe closed at one end resonates at:

The closed end forces an antinode there, which means the pipe is effectively "half" of an open pipe for its
fundamental. Closed pipes support only odd harmonics:

This gives frequencies at  and is why closed-pipe instruments (like a clarinet, which
behaves approximately as a closed pipe) have a distinctly different timbre from open-pipe instruments like
a flute.

Rectangular cavities:

A rigid-walled rectangular cavity with dimensions , , and  has resonant frequencies given by:

Here , , and  are mode numbers (non-negative integers, not all zero). Each combination of 
represents a different standing wave pattern inside the room. This is why small rooms tend to have
problematic resonances at low frequencies: their dimensions correspond to wavelengths in the audible
range.

Effects of System Changes on Resonance
Changing the physical properties of a resonator shifts its resonant frequencies in predictable ways.
Understanding these relationships is how instrument builders and acousticians tune systems.

Strings: - Increasing length  lowers all resonant frequencies (this is why a bass guitar has longer strings
than a standard guitar). - Increasing tension  raises frequencies (tuning a guitar string tighter raises its
pitch). - Increasing linear mass density  lowers frequencies (thicker, heavier strings produce lower notes).

Pipes (open and closed): - Increasing length  lowers frequencies. A trombone extends its slide to lower
pitch. - Temperature affects the speed of sound (  m/s in air, where  is temperature in
°C). Warmer air means higher , which raises all resonant frequencies. This is why wind instruments go
sharp in warm environments.

Rectangular cavities: - Increasing any dimension lowers the resonant frequencies associated with that
axis. - Changing the medium inside (e.g., filling with a different gas) changes , shifting all modal
frequencies.

General principles across all systems: - Adding mass to a vibrating system typically lowers its resonant
frequencies (weighted piano keys vibrate more slowly). - Increasing stiffness typically raises resonant
frequencies (tightening a drum head raises its pitch). - Altering boundary conditions can change the
resonant modes entirely. Switching an organ pipe from closed to open changes which harmonics are
present and shifts the fundamental frequency.
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6.3 Natural frequencies and modes of vibration

Natural Frequencies and Modes of Vibration
Every physical object has certain frequencies at which it "wants" to vibrate. These are its natural
frequencies, and the specific patterns of motion that occur at each one are called modes of vibration.
Together, they explain everything from how a guitar string produces a note to why a poorly designed bridge
can shake itself apart.

Natural Frequencies and Vibration Modes
A natural frequency is a frequency at which a system tends to oscillate when it's disturbed and then left
alone. Which frequencies qualify depends on the object's physical properties (mass, stiffness, shape) and
its boundary conditions (how the ends or edges are held in place). A guitar string fixed at both ends, for
example, has a different set of natural frequencies than the same string with one end free.

Each natural frequency comes with a vibration mode, which is the spatial pattern of motion the system
takes on at that frequency. On a vibrating string, modes look like standing waves with different numbers of
loops. On a drum head, they form two-dimensional patterns (some circular, some radial). The first mode is
the simplest pattern; higher modes get progressively more complex.

Resonance occurs when you drive a system at one of its natural frequencies. The amplitude of vibration
builds up dramatically because energy is being added in sync with the system's preferred motion. Classic
examples include a singer shattering a wine glass by matching its natural frequency, or the Tacoma
Narrows Bridge collapse in 1940, where wind excited a structural resonance.

Fundamental Frequency vs. Harmonics
The fundamental frequency (also called the first harmonic, ) is the lowest natural frequency of a system.
It corresponds to the simplest mode shape and determines the perceived pitch of a vibrating object.

Harmonics are the natural frequencies above the fundamental. For ideal systems like strings and open
pipes, harmonics are integer multiples of the fundamental:

where  and  is the frequency of the th harmonic.

So if a string's fundamental is 100 Hz, its second harmonic is 200 Hz, its third is 300 Hz, and so on. These
higher harmonics are what give an instrument its timbre (tonal color). A flute and a violin can play the same
pitch, but they sound different because they produce different relative strengths of harmonics.

One important distinction: closed pipes (closed at one end, open at the other) only support odd harmonics (
). This is why a clarinet, which behaves roughly like a closed pipe, has a distinctly different

tone quality from a flute, which behaves like an open pipe supporting all harmonics.

Mode Shapes in Acoustic Systems
Strings vibrate as sinusoidal standing waves. Each mode has nodes (points of zero displacement) and
antinodes (points of maximum displacement). The fundamental has nodes only at the two fixed ends and
one antinode in the middle. The second harmonic adds a node at the center, creating two half-loops. The 
th mode has  antinodes and  nodes (including the endpoints).

Pipes work with pressure standing waves rather than displacement waves:
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• Open pipes (open at both ends): Pressure nodes form at each open end, with pressure antinodes
inside. All harmonics are present. A flute is a good approximation.

• Closed pipes (closed at one end): A pressure antinode forms at the closed end and a pressure node
at the open end. Only odd harmonics are supported. A clarinet approximates this behavior.

Cavities (rooms, car interiors, instrument bodies) support three-dimensional standing wave patterns. The
mode shapes depend on the cavity's geometry. A rectangular room, for instance, has modes along its
length, width, and height, plus combinations of all three. These room modes are why certain bass
frequencies can sound boomy in specific spots while nearly disappearing in others.

Factors Influencing Vibration Modes
Boundary conditions set the rules for where nodes and antinodes can exist:

• Strings: A fixed end forces a node; a free end creates an antinode.

• Pipes: An open end acts as a pressure node; a closed end acts as a pressure antinode.

• Cavities: Rigid walls reflect sound efficiently and enforce strong standing waves; flexible walls absorb
energy and weaken resonances.

Material properties determine how fast waves travel through the system:

• Density affects the inertia of the vibrating medium. A heavier string vibrates more slowly, producing a
lower pitch. Steel strings are denser than nylon, which is one reason they sound different even at the
same tension and length.

• Elasticity (stiffness) provides the restoring force. A stiffer material snaps back faster, raising the
natural frequencies.

• Tension in a string directly affects frequency. Tightening a guitar string raises its pitch because the
wave speed increases with tension.

Geometry shapes which modes are possible and at what frequencies:

• Length is inversely proportional to frequency. Doubling a string's length halves its fundamental
frequency (drops the pitch by one octave).

• Cross-sectional area changes the mass per unit length, which also affects frequency.

• Cavity shape determines the spatial pattern of modes. A rectangular room has a different set of
resonances than a cylindrical or spherical one.

Temperature shifts natural frequencies by changing wave speed:

• In air, the speed of sound increases with temperature (roughly 0.6 m/s per °C). Wind instruments go
sharp in warm environments and flat in cold ones.

• In solids, thermal expansion can change dimensions and material stiffness, subtly altering tuning. This
is why orchestras tune up after the instruments have warmed to performance temperature.
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Unit 7 – Acoustic Impedance and
Transmission
7.1 Concept of acoustic impedance

Understanding Acoustic Impedance

Definition of acoustic impedance
Acoustic impedance quantifies how much a medium resists the propagation of sound waves. More
precisely, it's the ratio of acoustic pressure to particle velocity at a point in the medium.

Think of it this way: when a sound wave travels through a material, it creates pressure variations and
causes tiny particles to move back and forth. Some materials "push back" against this motion more than
others. That resistance is acoustic impedance.

• A medium's impedance depends on its density and elasticity. Dense, stiff materials like steel have
very high impedance, while soft, flexible materials like rubber have much lower impedance.

• At boundaries between materials with different impedances (like an air-water interface), sound waves
partially reflect and partially transmit. This is why impedance matters so much for real-world acoustics.

One common misconception: higher impedance doesn't mean sound travels more slowly. Sound actually
travels faster in steel than in air, even though steel has far higher impedance. Impedance describes
resistance to the wave's propagation, not the wave's speed directly.

Calculation of acoustic impedance
The characteristic acoustic impedance of a medium is calculated with:

where: -  = acoustic impedance -  = density of the medium (kg/m³) -  = speed of sound in the medium
(m/s)

The unit is the Rayl (Pa·s/m, equivalent to kg/(m²·s)).

Here are some typical values to build intuition:

Medium Density (kg/m³) Speed of Sound (m/s) Impedance (Rayl)

Air (20°C) 1.21 343 ~415

Water (20°C) 998 1,482 ~1.48 × 10⁶

Steel 7,800 5,960 ~4.65 × 10⁷

Notice that water's impedance is roughly 3,500 times that of air. This enormous mismatch is why so much
sound reflects at the air-water boundary.

Environmental conditions also affect impedance. Temperature changes alter both density and sound
speed: warmer air is less dense and carries sound slightly faster, shifting the impedance value. Pressure
variations in gases have a similar effect, though typically smaller.
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Types of acoustic impedance
There are two types you need to distinguish:

Characteristic impedance ( ) is an inherent property of the medium itself. It doesn't change with
frequency or position. It applies to idealized conditions: plane waves traveling through a uniform, lossless
medium. This is the type you'll use most often in impedance calculations.

Specific acoustic impedance is the local ratio of sound pressure to particle velocity at a particular point in a
sound field. Unlike characteristic impedance, it can vary with frequency and position. In complex sound
fields (where waves reflect, diffract, or interfere), the pressure-to-velocity ratio at any given point may differ
from the medium's characteristic value.

Both are measured in Rayls. For a simple plane wave in a lossless medium, specific impedance equals
characteristic impedance. They diverge when the sound field gets more complex.

Effects of acoustic impedance
When sound hits a boundary between two media with different impedances, some energy reflects and
some transmits. The greater the impedance mismatch, the more energy reflects.

The reflection coefficient  and transmission coefficient  for normal incidence at a boundary are:

where  is the impedance of the first medium and  is the impedance of the second.

• If , then  and all energy transmits. This is perfect impedance matching.

• If  (or vice versa),  approaches  and most energy reflects. This explains why sound
barely penetrates from air into glass.

Standing waves can form when impedance discontinuities cause repeated reflections within a bounded
space. Organ pipes are a classic example: the open or closed ends create impedance mismatches that
reflect waves back and forth, producing resonance.

Impedance matching is the practice of minimizing reflection at boundaries. Applications include:

• Room acoustics: wall treatments and absorbers are designed to reduce impedance mismatch so
sound energy is absorbed rather than reflected

• Musical instruments: the bell of a brass instrument gradually transitions impedance from the narrow
bore to open air, improving sound radiation

• Ultrasound imaging: coupling gel is applied between the transducer and skin to eliminate the air gap,
since air's impedance is drastically different from tissue

7.2 Impedance matching and mismatching

Impedance Matching and Mismatching in Acoustic Systems
Acoustic impedance matching controls how much sound energy actually crosses from one medium into
another. When impedances are well-matched, most of the energy transmits through; when they're
mismatched, energy reflects back. This concept shows up everywhere, from loudspeaker cones to
ultrasound probes to building insulation.
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Concept of Impedance Matching
Every medium resists sound wave propagation to some degree. That resistance is captured by acoustic
impedance, defined as:

where  is the medium's density and  is the speed of sound in that medium. The units are rayl ( ).

Impedance matching occurs when two media sharing an interface have equal (or nearly equal) acoustic
impedances. When , power transfer across the boundary is maximized, reflections drop to zero,
and you get minimal signal loss or distortion.

This matters in practical design:

• Loudspeakers need the driver cone to couple efficiently into air

• Acoustic transducers (like piezoelectric elements) must transfer energy into a target medium

• Hearing aids route amplified sound into the ear canal with minimal reflection losses

Scenarios of Impedance Mismatching
When two media have very different impedances, most sound energy bounces back at the interface
instead of passing through.

• Air-water interface: Air has an impedance of about , while water sits near .
That's a factor of roughly 3,500. The result is that over 99.9% of sound energy reflects at the surface
rather than crossing into the water.

• Solid-air interfaces: Building walls, windows, and floors all exploit impedance mismatch for sound
insulation. The large impedance difference between solid materials and air reflects most airborne sound
back into the room.

• Transducer-medium interfaces: Piezoelectric crystals used in ultrasound have very high impedance
compared to body tissue or water. Without a matching layer, most of the generated acoustic energy
never enters the patient.

Consequences of mismatch include increased reflection, reduced transmitted power, standing wave
formation in enclosed spaces, and frequency-dependent transmission losses that can distort the signal.

Calculation of Reflection Coefficients
You can quantify how much sound reflects at a boundary using the pressure reflection coefficient:

where  is the impedance of the medium the wave travels from and  is the impedance it travels into.

•  ranges from  to . A value of  means total reflection with a phase inversion;  means
total reflection with no phase change.  means perfect transmission (impedances matched).

The pressure transmission coefficient is:

These are related by .
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For intensity (power per unit area), the coefficients are squared. Energy conservation requires:

where  and .

These formulas assume normal incidence, meaning the wave hits the boundary straight on
(perpendicular). For oblique incidence, you need to account for the angle using modified impedance
expressions, and phenomena like refraction and mode conversion come into play.

Design of Impedance Matching Layers
When you can't change the media themselves, you insert a matching layer between them to reduce
reflections.

Quarter-wavelength matching layer:

This is the most common single-layer approach. The layer needs to satisfy two conditions simultaneously:

1. Thickness: , where  is the wavelength in the matching layer at the operating frequency

2. Impedance: , the geometric mean of the two media's impedances

At the design frequency, reflected waves from the front and back surfaces of the layer interfere
destructively, canceling each other out. The tradeoff is that this works perfectly only at one frequency (and
its odd harmonics), so it's inherently narrowband.

Broader bandwidth strategies:

• Multilayer matching uses several layers with gradually stepping impedances from  toward . Each
layer handles part of the transition, and the combined effect covers a wider frequency range.

• Gradual impedance transitions create a smooth, continuous change in impedance (like a tapered
horn). These reduce reflections across a broad spectrum but require more physical space.

Design considerations include the target frequency range, material availability with the right acoustic
properties, and environmental factors like temperature and pressure that shift impedance values over time.

These techniques are applied in ultrasonic transducers (medical and industrial), sonar systems, and the
absorptive wedges inside anechoic chambers.

7.3 Transmission and reflection at boundaries

Acoustic Wave Behavior at Boundaries
When a sound wave traveling through one medium hits a boundary with a different medium, it doesn't just
keep going. Some of the wave's energy reflects back, some transmits through, and depending on the angle
and materials involved, the wave may change direction or even change type. Predicting how much energy
reflects versus transmits comes down to the acoustic impedance mismatch between the two media.

Behavior of sound waves at boundaries
Three things can happen when a sound wave reaches a boundary:

• Incident wave: the original wave approaching the boundary, carrying energy through the source
medium
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• Reflected wave: the portion that bounces back into the original medium, reversing direction at the
boundary

• Transmitted wave: the portion that crosses into the second medium, potentially at a different speed
and direction

The relative amounts of reflection and transmission depend on the impedance mismatch between the two
media. A large mismatch (like air meeting water, where water's impedance is roughly 3,500 times greater)
means most energy reflects. A small mismatch means most energy passes through.

Mode conversion can also occur at boundaries: a longitudinal (pressure) wave can partially convert into a
transverse (shear) wave, or vice versa. This is common in seismology, where P-waves hitting a rock layer
boundary generate both reflected P-waves and converted S-waves.

Reflection and transmission principles
Two coefficients quantify what happens at a boundary:

• Reflection coefficient (R): the ratio of reflected wave amplitude to incident wave amplitude.
Determined by the impedance mismatch between the two media.

• Transmission coefficient (T): the ratio of transmitted wave amplitude to incident wave amplitude.

Energy conservation constrains these values: the reflected energy plus the transmitted energy must equal
the incident energy. (Note that amplitude coefficients and energy/intensity coefficients are related but not
identical, since intensity depends on amplitude squared and on the medium's impedance.)

Normal incidence is the simplest case, where the wave hits the boundary straight on (perpendicular). At
normal incidence for pressure amplitudes:

where  and  are the characteristic acoustic impedances of the first and second media.

Oblique incidence is more complex because the transmitted wave refracts (changes direction), and you
need Snell's law to find the transmitted angle before calculating coefficients.

Snell's law for acoustic angles
When a wave hits a boundary at an angle, Snell's law relates the incident and transmitted angles to the
sound speeds in each medium:

where  is the angle of incidence (measured from the normal to the boundary),  is the angle of
transmission, and ,  are the sound speeds in the first and second media.

A few key results follow from this:

• Angle of reflection equals angle of incidence. The reflected wave always bounces back symmetrically,
just like a billiard ball off a cushion.

• Refraction bends the transmitted wave. If , the wave bends away from the normal (toward the
boundary surface). If , it bends toward the normal.
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• Critical angle. When , there's a critical angle  beyond which no wave
transmits into the second medium. All energy reflects back. This is total internal reflection, the same
principle used in fiber optic cables and also relevant in underwater acoustics where sound can get
trapped in certain ocean layers.

Boundary conditions in sound propagation
Different boundary types produce very different acoustic behavior:

Rigid boundaries (like a thick concrete wall) have extremely high impedance compared to air, so nearly all
sound energy reflects. The reflected pressure wave arrives in phase with the incident wave, creating a
pressure maximum at the surface.

Soft (pressure-release) boundaries have very low impedance relative to the source medium. An example is
the water-air interface as seen from underwater: sound in water hitting the surface reflects with a phase
inversion, creating a pressure minimum at the boundary.

Fluid-fluid interfaces (like a water-oil boundary) transmit and reflect longitudinal waves according to the
impedance mismatch. Both media support pressure waves, so the analysis follows directly from the
reflection and transmission coefficients.

Solid-fluid interfaces are more complex because solids support both longitudinal and shear waves while
fluids only support longitudinal waves. An incident longitudinal wave can generate both wave types in the
solid, which is mode conversion. Seismic waves at the Earth's crust-mantle boundary are a classic
example.

Layered media produce multiple reflections and transmissions at each layer boundary. Sound bouncing
back and forth within layers can interfere constructively or destructively, which is the principle behind
multi-layer acoustic insulation design.

Two additional phenomena worth noting:

• Absorption at boundaries converts some acoustic energy into heat. Sound-absorbing foam in
recording studios works this way, reducing reflections by dissipating energy.

• Standing waves form when incident and reflected waves of the same frequency interfere in a confined
space. Organ pipes and room resonances are common examples. The pattern of nodes (zero
displacement) and antinodes (maximum displacement) depends on the boundary conditions at each
end.

7.4 Acoustic filters and waveguides

Principles and Types of Acoustic Filters and Waveguides
Acoustic filters and waveguides give you control over where sound goes and which frequencies get
through. Filters selectively pass or block certain frequencies, while waveguides physically channel sound
along a defined path. Together, they're the foundation of practical acoustic design, from HVAC noise
control to loudspeaker horns.

Principles of acoustic filters
Acoustic filters work by exploiting three physical phenomena: resonance, reflection, and interference. A
filter element might resonate at a target frequency to absorb it, or it might create a reflection that sends
certain frequencies back toward the source. Interference between direct and reflected waves then
determines which frequencies make it through and which get attenuated.
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Acoustic waveguides, by contrast, confine and direct sound waves along a specific path using reflection
and refraction at the guide's boundaries. Think of a speaking tube or an organ pipe: the walls keep the
sound energy from spreading out, so it travels efficiently from one end to the other.

Common real-world applications include:

• Noise control in HVAC ductwork

• Sound isolation in recording studios

• Acoustic treatment in concert halls

• Mufflers in automotive exhaust systems

• Acoustic horns in loudspeakers

Types of acoustic filters
Each filter type is defined by which frequencies it lets through and which it attenuates.

• Low-pass filters allow frequencies below a cutoff frequency to pass and attenuate higher frequencies.
A subwoofer enclosure is a classic example: it's designed to radiate only the low-frequency content.

• High-pass filters do the opposite, passing frequencies above the cutoff and attenuating lower ones.
Tweeters use high-pass filtering so they only reproduce the high-frequency range they're built for.

• Band-pass filters pass a specific frequency range and attenuate everything outside it. Vocal
microphones often have a band-pass characteristic tuned to the human voice range (roughly 300 Hz to
3 kHz).

• Band-stop (notch) filters attenuate a specific frequency range while passing everything else. Equalizer
notch filters use this to surgically remove problem frequencies, like a 60 Hz electrical hum.

Helmholtz resonators are a particularly important type of band-stop filter. A Helmholtz resonator is simply a
cavity with a narrow neck opening. Air in the neck acts like a mass, and the air in the cavity acts like a
spring. The resonant frequency is:

where  is the speed of sound,  is the cross-sectional area of the neck,  is the volume of the cavity, and
 is the effective length of the neck. At this frequency, the resonator absorbs sound energy very effectively.

The body of an acoustic guitar functions as a Helmholtz resonator, with the sound hole as the neck. You
can verify this by tapping the body with the strings muted and listening for the low resonant tone.

Sound propagation in waveguides
Waveguides come in several geometries, each with different propagation characteristics:

• Rectangular ducts (HVAC systems, some horn designs)

• Circular pipes (organ pipes, exhaust systems)

• Conical horns (loudspeaker horns, brass instruments)

Sound inside a waveguide doesn't just travel as a simple plane wave. At low frequencies, a plane wave
mode dominates, where pressure is roughly uniform across the cross-section. Above a certain threshold,
higher-order modes appear, where the pressure varies across the cross-section in more complex patterns.
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The cutoff frequency is the lowest frequency at which a given higher-order mode can propagate. For the
fundamental higher-order mode in a rectangular duct:

where  is the width of the duct. Below this cutoff, only the plane wave mode propagates. This matters for
design because higher-order modes create uneven sound distribution and complicate the acoustic
behavior.

Two other effects shape waveguide performance:

• Dispersion: phase velocity changes with frequency, meaning different frequency components travel at
different speeds. This can smear out transient signals.

• Attenuation: viscous drag and thermal exchange at the waveguide walls gradually absorb energy. This
effect is stronger at higher frequencies and in narrower guides.

Design of acoustic devices
Designing acoustic filters and waveguides requires balancing several competing factors.

Filter design considerations: - Desired frequency response (which frequencies to pass or reject) - Insertion
loss (how much energy the filter removes from the signal overall) - Bandwidth (how wide or narrow the
pass/stop band needs to be) - Physical size constraints (a low-frequency Helmholtz resonator can be quite
large)

Waveguide design factors: - Cross-sectional shape and dimensions (these set the cutoff frequency) -
Length (affects attenuation and resonance behavior) - Material properties (rigid walls reflect well;
absorptive linings add attenuation)

Impedance matching is critical at any interface where the waveguide cross-section changes. An abrupt
change creates a large impedance mismatch, reflecting energy back. Gradual transitions in cross-sectional
area reduce these reflections and improve transmission efficiency.

Muffler design combines multiple strategies: expansion chambers (where a sudden increase in area
reflects sound back), Helmholtz resonators (targeting specific frequencies), and perforated tubes (which
dissipate energy across a broad range).

Horn design focuses on shaping the flare profile to control both frequency response and directivity.
Exponential horns provide smooth impedance matching down to a lower cutoff frequency, while conical
horns are simpler to build but less efficient at low frequencies. The flare rate determines the lowest
frequency the horn can effectively radiate.
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Unit 8 – Absorption, Attenuation, and
Reverberation
8.1 Sound absorption mechanisms and materials
Sound absorption is how we control the acoustic behavior of a space. When sound hits a surface, some
energy reflects back and some gets converted into heat through various loss mechanisms. Understanding
which mechanisms are at work and which materials exploit them is the foundation of acoustic treatment
design.

Sound Absorption Mechanisms

Mechanisms of sound absorption
Three main mechanisms convert sound energy into heat:

• Viscous losses occur when air particles oscillate back and forth through the tiny pores and fibers of a
material. Friction between the moving air and the stationary fiber surfaces converts kinetic energy into
heat. This is the dominant mechanism in most porous absorbers.

• Thermal losses result from the rapid compression and rarefaction cycles of a sound wave. As air
compresses inside a material's pores, it heats up slightly; as it expands, it cools. Heat exchange
between the air and the pore walls during these cycles is irreversible, so some sound energy is lost as
thermal energy.

• Structural losses happen when the material itself vibrates in response to sound. The fibers, panels, or
membranes flex and move, and internal friction within the material's structure dissipates that
mechanical energy as heat.

In practice, all three mechanisms usually occur simultaneously, but one will typically dominate depending
on the material type and frequency range.

Types of sound absorbers
Porous absorbers (open-cell foam, fiberglass, mineral wool) work primarily through viscous and thermal
losses. Air penetrates the interconnected pores, and friction does the work. They're most effective at mid to
high frequencies because shorter wavelengths interact more readily with the fine pore structure. A key rule
of thumb: a porous absorber becomes effective when its thickness is roughly one-quarter of the
wavelength it needs to absorb. That's why absorbing a 125 Hz tone (wavelength ~2.7 m) requires a much
thicker layer than absorbing 4,000 Hz (wavelength ~0.086 m).

Resonant absorbers include Helmholtz resonators and perforated panels. These are tuned to absorb at
specific frequencies. A Helmholtz resonator, for example, is an enclosed air volume connected to the room
through a narrow neck. At its resonant frequency, air in the neck oscillates vigorously, and viscous losses
in and around the neck dissipate the energy. Perforated panels work on the same principle, with each
hole-plus-backing-cavity acting as a small resonator.

Membrane (panel) absorbers consist of a thin, non-porous panel (plywood, sheet metal, or heavy fabric)
mounted over a sealed air cavity. Incident sound causes the panel to vibrate, and the combination of the
panel's mass and the air cavity's stiffness creates a mass-spring system. At its resonant frequency,
vibration amplitude peaks and energy is dissipated through internal friction in the panel and at its mounting
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points. These are particularly useful for absorbing low frequencies where porous materials would need
impractical thicknesses.

Material Selection and Absorption Coefficients

Selection of absorbing materials
Picking the right absorber starts with identifying the frequency range you need to target:

• Low frequencies (below ~250 Hz): Use membrane absorbers or very thick porous materials (often 100
mm or more, sometimes with an air gap behind them). Helmholtz resonators can also be tuned to
specific low-frequency problems.

• Mid frequencies (~250–2,000 Hz): Porous absorbers and resonant absorbers both work well here.
Standard 50 mm fiberglass or mineral wool panels are common choices.

• High frequencies (above ~2,000 Hz): Thin porous materials or perforated panels handle these
effectively, since the short wavelengths interact easily with surface textures and shallow pore
structures.

Beyond frequency, you also need to evaluate:

• Environmental factors: Will the material be exposed to moisture (e.g., a swimming pool)? Does it need
to meet fire-resistance ratings? How durable does it need to be against physical contact or cleaning?

• Aesthetic requirements: Visible absorbers need to integrate with the room's design. Fabric-wrapped
panels, micro-perforated wood, or printed acoustic panels are common solutions.

• Space constraints: Thicker absorbers perform better at low frequencies, but you may not have the
depth available. Weight limits on ceilings or walls can also rule out heavier panel systems.

Calculation of absorption coefficients
The absorption coefficient ( ) is the ratio of absorbed sound energy to incident sound energy at a given
frequency. A value of 0 means total reflection; a value of 1 means total absorption. Values occasionally
exceed 1.0 in lab measurements due to edge diffraction effects, but physically, 1.0 is the upper limit.

Two standard methods are used to measure :

1. Reverberation room method (ISO 354): A large sample is placed in a reverberant chamber, and the
change in reverberation time is used to calculate the absorption coefficient. This gives a
random-incidence value, which is what you'd use for room design.

2. Impedance tube method (ISO 10534): A small sample is tested in a tube with a loudspeaker at one
end. This measures normal-incidence absorption and is useful for comparing materials in the lab,
though the values don't directly translate to real-room performance.

Average absorption coefficient for a room with multiple surface materials:

where  is the surface area of each material and  is its absorption coefficient at the frequency of
interest.

Noise Reduction Coefficient (NRC) is a single-number rating that averages the absorption coefficients at
four key speech frequencies:
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The result is rounded to the nearest 0.05. NRC is handy for quick comparisons (e.g., a typical fiberglass
ceiling tile might have an NRC of 0.85), but it tells you nothing about performance below 250 Hz or above
2,000 Hz. For music venues or industrial noise control, you'll want to look at the full frequency-dependent 
values.

Sabine's reverberation time formula ties absorption directly to how long sound lingers in a room:

where  is the reverberation time in seconds (time for sound to decay by 60 dB),  is the room volume in
cubic meters, and  is the total absorption in sabins ( ). The constant 0.161 applies when using
metric units. This formula works best in rooms where absorption is relatively low and evenly distributed. For
highly absorptive rooms, the Eyring formula provides more accurate results.

8.2 Attenuation of sound in different media

Attenuation of Sound in Different Media
Sound attenuation describes how sound energy decreases as it travels through a medium. Understanding
attenuation is essential because it determines how far sound can travel, how clearly it arrives, and how
engineers design everything from concert halls to underwater sonar systems. Two primary mechanisms
drive attenuation: absorption (which converts sound energy into heat) and scattering (which redirects
sound waves away from their original path).

Factors of Sound Attenuation
Several interacting factors determine how quickly sound loses energy in a given medium.

Absorption mechanisms convert sound energy into thermal energy through three main processes:

• Classical absorption results from viscosity and thermal conduction in the medium. Viscosity causes
friction between adjacent fluid layers as they move relative to each other, damping the wave. Thermal
conduction dissipates energy because compressions and rarefactions in a sound wave create small
temperature gradients, and heat flows across those gradients irreversibly.

• Molecular relaxation occurs when energy transfers between molecules' translational (kinetic) motion
and their internal modes (rotational, vibrational). This transfer takes time, so it introduces a lag that
removes energy from the wave.

Scattering mechanisms redirect sound energy away from its original propagation path:

• Reflection bounces sound off surfaces, such as the ocean floor or a building facade.

• Refraction bends sound waves when they pass through regions with different properties. A
thermocline in the ocean, where temperature changes sharply with depth, is a classic example.

• Diffraction allows sound to bend around obstacles, which is why you can hear someone talking around
a corner.

Material properties play a direct role in how sound propagates:

• Density affects both the speed of sound and the medium's acoustic impedance.

• Elasticity determines how readily the material deforms and restores under sound pressure.
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• Porosity increases the internal surface area where viscous and thermal losses occur. Acoustic foam
works on this principle.

Frequency dependence is one of the most important factors. Higher frequencies attenuate much more
rapidly than lower ones. This is why you can hear the low rumble of thunder from far away, but birdsong
fades quickly with distance.

Temperature, pressure, and composition all modify molecular behavior, density, and sound speed, which
in turn change attenuation rates. For example, salt water attenuates sound differently than fresh water
because dissolved salts alter both density and molecular relaxation properties.

Calculation of Air Sound Attenuation
Quantifying attenuation in air requires combining several physical contributions into a single attenuation
coefficient, , which measures intensity loss per unit distance (typically in dB/m or Np/m).

Step 1: Classical (Stokes-Kirchhoff) absorption. The classical contribution accounts for viscosity and
thermal conduction:

Here  is angular frequency,  is air density,  is sound speed,  is shear viscosity,  is bulk viscosity, 
is thermal conductivity,  is the ratio of specific heats, and  is specific heat at constant pressure. Notice
the  term: classical absorption scales with the square of frequency, which is why it matters more at high
frequencies.

Step 2: Molecular relaxation contributions. Air is mostly nitrogen and oxygen, and each has its own
relaxation process:

• Oxygen relaxation dominates at frequencies below about 2 kHz.

• Nitrogen relaxation becomes significant above roughly 20 kHz.

Each contributes its own frequency-dependent attenuation term (  and ), and both are sensitive to
humidity because water vapor molecules act as catalysts for the relaxation process.

Step 3: Sum the contributions. The total attenuation coefficient is:

Step 4: Apply the exponential decay law. Sound intensity decreases with distance  according to:

where  is the initial intensity. This exponential relationship means that each equal increment of distance
removes the same fraction of remaining energy.

For practical engineering work, atmospheric absorption is typically calculated using the ISO 9613-1
standard, which provides lookup procedures accounting for temperature, humidity, and atmospheric
pressure.

Transmission Loss in Media
Transmission loss (TL) quantifies how much sound intensity is reduced when sound passes through a
medium or barrier, measured in dB.

When sound hits an interface between two materials with different acoustic impedances, some energy
reflects and some transmits. The reflection coefficient and transmission coefficient describe how energy
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splits at the boundary. A larger impedance mismatch means more reflection and less transmission.

For a single solid partition (like a wall), the mass law provides a useful approximation:

where  is frequency (Hz) and  is mass per unit area (kg/m²). The mass law tells you that doubling either
the frequency or the surface mass density increases TL by about 6 dB. This is why heavier walls block
more sound.

The mass law has important limitations at certain frequency ranges:

• At low frequencies, the partition's stiffness controls its behavior, and TL deviates from the mass law
prediction.

• At the coincidence frequency, the bending wavelength in the partition matches the wavelength of the
incident sound wave. This creates efficient coupling between the air and the panel, producing a dip in
TL that can be a significant weak point in sound isolation.

• Resonance effects create additional peaks and dips in the TL curve.

For multi-layer systems (double walls, laminated panels), the transfer matrix method is used. This
approach tracks how pressure and particle velocity change across each layer and interface, accounting for
multiple internal reflections and transmissions.

Environmental Effects on Attenuation
Environmental conditions create real-world complexity that can dramatically alter how sound propagates
outdoors.

Temperature has a direct effect on sound speed: approximately 331 m/s at 0°C and 343 m/s at 20°C.
Beyond changing propagation speed, temperature shifts also alter molecular relaxation rates, modifying
the absorption spectrum.

Humidity changes the concentration of water vapor molecules in air, which shifts the relaxation frequencies
of both oxygen and nitrogen. At some frequency-humidity combinations, attenuation increases; at others, it
decreases. This is why outdoor sound propagation can change noticeably between a dry winter day and a
humid summer afternoon.

Pressure affects air density, which in turn changes both sound speed and acoustic impedance. At the
molecular level, pressure changes alter the mean free path between molecular collisions, influencing how
efficiently relaxation processes extract energy from the wave.

These factors combine in frequency-dependent ways, so there's no single rule like "higher humidity always
means more attenuation."

Atmospheric layering adds another dimension:

• Temperature inversions (where air temperature increases with altitude instead of decreasing) can
bend sound waves back toward the ground, creating sound channels that allow sound to travel
unusually far.

• Wind gradients cause refraction that can create shadow zones downwind where sound is deflected
upward and away from listeners at ground level.

Seasonal and diurnal (day-night) variations in temperature, humidity, and wind patterns mean that
attenuation conditions at a given location can shift significantly over the course of a single day.
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8.3 Reverberation time and room acoustics

Fundamentals of Reverberation Time
Reverberation time (RT) measures how long sound lingers in a space after the source stops. It directly
shapes whether a room sounds clear enough for speech or rich enough for music, making it one of the
most important metrics in room acoustics design.

Definition of Reverberation Time
RT60 is the standard measure: the time (in seconds) it takes for sound to decay by 60 dB after the source
cuts off. A room with a long RT60 sounds "live" and echoey, while a short RT60 sounds "dead" and dry.

• RT quantifies sound decay duration and affects speech intelligibility, musical warmth, and overall
acoustic quality in spaces like concert halls, classrooms, and studios.

• Early decay time (EDT) is an alternative measure that focuses on just the first 10 dB of decay, then
multiplies that time by 6 to estimate a full 60 dB decay. EDT often correlates better with how listeners
perceive reverberance, because our ears are most sensitive to the early part of the decay.

Calculation of Reverberation Time
Two main formulas are used to predict RT, and choosing the right one depends on how absorptive the
room is.

Sabine equation:

•  = room volume in 

•  = total absorption in sabins (sum of each surface's area times its absorption coefficient)

•  = air absorption coefficient (matters mainly at high frequencies in large rooms)

The Sabine formula assumes a diffuse sound field with relatively low, uniform absorption. It works well for
live rooms where average absorption coefficients are below about 0.3.

Eyring equation:

•  = total surface area in 

•  = average absorption coefficient across all surfaces

The Eyring formula is more accurate when absorption is higher or unevenly distributed. Notice that as 
approaches 1 (a nearly fully absorptive room), the Eyring equation correctly predicts RT approaching zero,
while the Sabine equation does not. For lightly absorptive rooms, both formulas give similar results.

Factors and Design Considerations

Factors Influencing Reverberation Time
• Room volume has the strongest effect. Larger spaces hold more sound energy, so RT increases.
Cathedrals can have RT60 values above 5 seconds; a small office might be under 0.5 seconds.
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• Surface materials determine how much sound is absorbed at each reflection. Hard surfaces like
concrete and glass reflect most sound energy, extending RT. Soft or porous materials like carpet,
curtains, and acoustic panels absorb sound and shorten RT.

• Furniture and occupants add absorption. A packed audience can significantly reduce RT compared to
an empty hall, which is why designers account for both occupied and unoccupied conditions.

• Air absorption becomes relevant at high frequencies (above roughly 2 kHz), especially in large
volumes like stadiums or aircraft hangars. The  term in both formulas captures this effect.

• Room shape influences how evenly sound distributes. Rectangular rooms with parallel walls can
produce flutter echoes. Fan-shaped or irregularly shaped rooms scatter sound more effectively.

• Frequency dependence is often overlooked but critical. RT varies across frequency bands because
materials absorb different frequencies at different rates. A room might sound "boomy" if low-frequency
RT is much longer than mid and high-frequency RT.

Design for Optimal Reverberation
Different spaces need different RT values. Here are common targets:

Space Type Recommended RT60 (seconds)

Concert halls 1.8 – 2.2

Lecture rooms / classrooms 0.7 – 1.0

Recording studios 0.3 – 0.6

Speech-oriented spaces need shorter RT so words don't blur together. Music-oriented spaces benefit from
longer RT, which adds warmth and blends instrumental tones.

Design strategies to control RT:

1. Adjust room dimensions to set the baseline volume and, therefore, the starting RT.

2. Select surface materials with appropriate absorption coefficients. For example, adding acoustic
ceiling tiles to a classroom can drop RT from 1.5 s to under 1.0 s.

3. Incorporate acoustic treatments such as absorptive panels to reduce RT or diffusers to scatter
reflections without removing energy.

4. Address frequency balance. If a room sounds boomy, add low-frequency absorbers (bass traps). If it
sounds harsh, target high-frequency absorption.

5. Use acoustic simulation software (such as ODEON or EASE) to model and optimize RT before
construction, saving costly post-build corrections.

The goal is always a balance: enough reverberation to give a space a sense of life and envelopment, but
not so much that clarity suffers.

8.4 Sound diffusion and scattering
Sound diffusion and scattering are crucial for creating balanced acoustics in spaces. They redistribute
sound energy, reducing harsh reflections and improving clarity. Understanding these concepts helps
design rooms with better sound quality and fewer acoustic issues.

Diffuser design and implementation involve choosing the right type and placement of diffusers.
Effectiveness is measured through various metrics and techniques. Room design strategies balance
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diffusion with absorption, considering factors like reverberation time and reflection patterns to achieve
optimal acoustics.

Sound Diffusion and Scattering Fundamentals

Concepts of sound diffusion
• Sound diffusion redistributes sound energy in multiple directions reducing specular reflections and
creating a more uniform sound field

• Sound scattering reflects sound waves in random directions when interacting with irregular surfaces
(textured walls, furniture)

• Diffusion intentionally controls sound distribution while scattering can be unintentional and less
predictable

• Enhances spatial impression, improves sound clarity and intelligibility, reduces acoustic defects (flutter
echoes, standing waves)

Factors in sound scattering
• Surface characteristics: roughness, irregularity, and material composition affect scattering patterns

• Frequency of sound: wavelength relates to surface features, low frequencies less affected by small
irregularities

• Angle of incidence impacts reflection patterns, critical angle determines total internal reflection

• Room geometry: shape, dimensions, and parallel surfaces influence sound distribution

• Absorption properties of materials interact with diffusion, affecting overall acoustics

• Temperature and humidity alter sound propagation and scattering behavior

Diffuser Design and Implementation

Effectiveness of diffusers
• Types: Schroeder diffusers (QRD, MLS), geometric diffusers (pyramidal, convex), fractal diffusers

• Performance metrics: diffusion coefficient measures uniformity, scattering coefficient quantifies
non-specular reflections

• Measurement techniques: boundary element method (BEM) for computer modeling, scale model
measurements for physical testing

• Frequency range: design frequency determines optimal performance, operational bandwidth indicates
effective range

• Spatial distribution: polar response shows directional characteristics, directivity measures energy
concentration

• Integration with absorption: hybrid diffuser-absorber designs combine scattering and sound absorption
(perforated panels)
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Room design for acoustic improvement
• Room analysis identifies problematic reflections and assesses current acoustic conditions

• Placement strategies: 1. Treat rear wall to prevent strong reflections 2. Apply side wall diffusion for
spatial enhancement 3. Install ceiling applications for overhead scattering

• Balance diffusion with absorption considering reverberation time and desired early reflection patterns

• Custom diffuser design tailors to specific room requirements while considering aesthetic integration

• Simulation and modeling use ray tracing software to predict room response

• Practical considerations include budget constraints, installation methods, and maintenance

• Performance validation through before and after measurements and subjective listening tests
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Unit 9 – Doppler Effect and Sonic Booms
9.1 Doppler effect for stationary and moving sources

Understanding the Doppler Effect
The Doppler effect describes how the observed frequency of a sound wave changes when the source and
the observer are moving relative to each other. It's the reason an ambulance siren sounds higher-pitched
as it approaches you and lower-pitched after it passes. Beyond everyday experience, this effect is central
to technologies like radar speed detection, weather tracking, and medical ultrasound.

Doppler Effect and Sound Perception
Sound travels outward from a source in all directions as a series of wavefronts. When the source and
observer are both stationary, the observer receives wavefronts at the same rate they're emitted, so the
perceived frequency matches the emitted frequency.

Once relative motion enters the picture, that changes:

• If the source and observer are moving toward each other, wavefronts arrive more frequently, and the
perceived frequency increases (higher pitch).

• If they're moving apart, wavefronts arrive less frequently, and the perceived frequency decreases
(lower pitch).

The size of the frequency shift depends on how fast the source or observer is moving relative to the speed
of sound in the medium. A car traveling at 30 m/s produces a much smaller shift than a jet at 300 m/s.

The Doppler effect applies to all waves, not just sound. In astronomy, light from receding galaxies is shifted
toward lower frequencies (redshift), while light from approaching objects is shifted higher (blueshift).

Frequency Calculation for a Moving Observer
When the observer moves but the source is stationary, use:

•  = observed (apparent) frequency

•  = frequency emitted by the source

•  = speed of sound in the medium (about 343 m/s in air at 20°C)

•  = speed of the observer

Sign convention: Use + when the observer moves toward the source, and − when the observer moves
away.

The logic here is straightforward. An observer moving toward the source encounters wavefronts faster than
they're being emitted, so the effective wave speed relative to the observer increases. Moving away has the
opposite effect.

Example: A stationary siren emits sound at 500 Hz. You're driving toward it at 30 m/s. The speed of sound
is 343 m/s.
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You'd hear a pitch noticeably higher than the actual 500 Hz tone.

Frequency Calculation for a Moving Source
When the source moves but the observer is stationary, the formula changes:

•  = speed of the source

Sign convention: Use − when the source moves toward the observer, and + when it moves away.

Why is the source velocity in the denominator instead of the numerator? A moving source physically
compresses the wavefronts ahead of it (shorter wavelength, higher frequency) and stretches them behind
it (longer wavelength, lower frequency). This is different from a moving observer, who simply intercepts the
same wavefronts at a different rate.

Example: A car horn emits sound at 400 Hz while the car approaches a pedestrian at 25 m/s. Speed of
sound is 343 m/s.

After the car passes and moves away at the same speed:

That jump from 431 Hz to 373 Hz is the characteristic pitch drop you hear as a vehicle passes.

Doppler Effect with Both Source and Observer Moving
When both the source and observer are in motion, combine everything into one formula:

The sign rules stay the same as before:

• Numerator (observer): + if moving toward the source, − if moving away

• Denominator (source): − if moving toward the observer, + if moving away

A helpful way to remember: any motion that closes the gap between source and observer increases the
observed frequency. Any motion that opens the gap decreases it. In the numerator, closing the gap means
adding . In the denominator, closing the gap means subtracting  (which makes the denominator
smaller and the whole fraction larger).

Steps for solving combined Doppler problems:

1. Identify who is the source and who is the observer.

2. Determine each one's speed and direction of motion.

3. Decide the sign for : + toward, − away.

4. Decide the sign for : − toward, + away.

5. Plug values into the combined formula and solve.

Example: An ambulance (source) emitting a 700 Hz siren moves toward you at 35 m/s. You're driving
toward the ambulance at 20 m/s. Speed of sound is 343 m/s.
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Both motions close the gap, so the frequency shift is larger than either motion alone would produce.

Common mistake: Mixing up which velocity goes in the numerator vs. the denominator. The observer's
velocity always goes in the numerator with , and the source's velocity always goes in the denominator
with . Getting this backwards will give you the wrong answer.

Applications of the combined formula include traffic flow monitoring (both vehicles and detectors may be
moving), Doppler weather radar (tracking storm cells moving relative to a rotating antenna), and medical
ultrasound (where the "source" is a transducer and the "observer" is moving blood or a fetal heartbeat, with
the reflected signal analyzed for frequency shift).

9.2 Applications of the Doppler effect

Astronomical and Terrestrial Applications
The Doppler effect shows up far beyond the classic ambulance-siren example. Astronomers use it to
measure how fast galaxies move and to discover planets orbiting distant stars. Closer to home, doctors
rely on it to visualize blood flow, and police use it to clock speeding drivers. This section covers the major
real-world applications you need to know.

Applications of the Doppler Effect
Astronomy uses the Doppler effect to measure the radial velocity of stars and galaxies. By tracking how
spectral lines shift, scientists can determine whether an object is moving toward or away from Earth and
how fast. This technique revealed, for example, that the Andromeda galaxy is approaching us at roughly
110 km/s.

Astronomers also detect exoplanets through a method called the stellar wobble. A planet's gravitational
pull tugs its host star slightly back and forth, producing a tiny periodic Doppler shift in the star's light. The
first exoplanet found this way was 51 Pegasi b in 1995.

Medicine relies on Doppler ultrasound to measure blood flow speed in arteries and veins. This helps
diagnose conditions like deep vein thrombosis (blood clots in the legs) and carotid artery stenosis. Doppler
devices also monitor fetal heart rate during pregnancy, letting doctors detect problems such as bradycardia
(abnormally slow heart rate) early.

Law enforcement uses radar guns that emit a microwave signal and measure the frequency shift of the
reflected wave to calculate a vehicle's speed. In maritime security, acoustic Doppler systems track
underwater vessels by analyzing frequency shifts in reflected sound waves, which is useful for submarine
detection.

Doppler Effect in Astronomy
Stars and galaxies emit light at characteristic wavelengths called spectral lines. When a source moves
relative to an observer, those lines shift:

• Redshift means spectral lines shift toward longer (redder) wavelengths, indicating the source is
moving away. Most distant galaxies, including quasars, are redshifted.

• Blueshift means spectral lines shift toward shorter (bluer) wavelengths, indicating the source is moving
toward us. The Andromeda galaxy is one of the few large galaxies that is blueshifted.

Hubble's Law connects a galaxy's recession velocity to its distance from Earth:
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•  = recession velocity of the galaxy

•  = distance from Earth

•  = Hubble constant (approximately 70 km/s per megaparsec)

The fact that nearly all distant galaxies are redshifted, with more distant galaxies showing greater redshift,
is strong evidence that the universe is expanding uniformly in all directions. This observation is one of the
key pillars supporting the Big Bang theory.

Technological Applications

Principles of Doppler Radar
Doppler radar works by emitting radio waves toward a target and analyzing the frequency of the returned
signal. If the target is moving, the reflected wave comes back at a slightly different frequency. That
frequency shift reveals the target's velocity along the radar beam's line of sight.

Weather forecasting is one of the biggest uses:

1. Radar tracks precipitation movement and intensity by measuring how strongly the signal reflects off
rain, snow, or hail.

2. It measures wind speed and direction inside storms by detecting the motion of water droplets carried
by the wind.

3. Meteorologists identify tornadoes by looking for velocity couplets, where adjacent radar pixels show
winds moving in opposite directions, a signature of rotation.

Traffic monitoring also depends on Doppler radar:

• Radar guns measure individual vehicle speeds on highways.

• Fixed radar stations analyze overall traffic flow in urban areas.

• Some intersection systems use Doppler sensors to trigger warnings or adjust signals for accident
prevention.

Doppler Ultrasound in Medicine
Doppler ultrasound sends high-frequency sound waves (typically 2–18 MHz) into the body. When those
waves bounce off moving structures like red blood cells, the reflected frequency shifts. The device
calculates the velocity of that motion from the size of the shift.

Blood flow diagnosis:

• Measures arterial and venous flow rates to detect circulation problems such as clots or vessel
narrowing.

• Evaluates heart valve function by tracking the speed and direction of blood passing through the
valves.

• Helps diagnose peripheral artery disease by comparing flow in different limbs.

Fetal development monitoring:

• Assesses umbilical cord blood flow to check whether the fetus is receiving adequate nutrition.
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• Measures fetal heart rate to detect signs of distress or abnormalities.

• Evaluates placental blood flow to monitor overall pregnancy health.

Types of Doppler ultrasound you should know:

• Continuous wave Doppler transmits and receives signals constantly, making it good for measuring
high-velocity flow (like across a narrowed valve), but it can't pinpoint exact depth.

• Pulsed wave Doppler sends short bursts and listens for returns, allowing measurements at a specific
depth within the body.

• Color Doppler overlays a color map onto a standard ultrasound image, with red and blue representing
flow toward and away from the transducer. This gives doctors a quick visual picture of blood flow
patterns.

9.3 Sonic booms and shock waves

Supersonic Motion and Shock Waves
When an object moves faster than the speed of sound, it creates shock waves that pile up into what we
hear as a sonic boom. Understanding how these shock waves form, how intense they get, and what factors
influence them is central to acoustics at supersonic speeds.

Sonic Booms and Their Conditions
A sonic boom is the loud, explosive noise produced by shock waves when an object travels faster than the
speed of sound. It's not a one-time event that happens only when the object "breaks" the sound barrier.
Instead, the boom is generated continuously along the entire flight path as long as the object stays
supersonic.

• Sonic booms occur when an object exceeds Mach 1 (the local speed of sound). Common examples
include fighter jets like the F-16 and vehicles like the Space Shuttle during reentry.

• The pressure disturbance that reaches the ground has a characteristic N-wave signature: a sharp rise
in pressure, a drop below ambient, and then a return to normal. This whole pulse typically lasts less
than a second.

• A single boom can be heard across a wide strip on the ground, sometimes up to 50 miles wide,
depending on altitude and atmospheric conditions.

• Temperature, air pressure, humidity, and wind all influence how the boom propagates. For instance,
temperature inversions can bend shock waves toward the ground, making booms louder than expected
in certain areas.

Shock Waves in Supersonic Motion
Shock waves form because the object is outrunning its own sound waves. The pressure disturbances can't
propagate ahead of the object, so they pile up and compress into a thin, high-pressure front.

During supersonic travel, these compressed waves spread outward in a cone shape (called the Mach
cone) trailing behind the object. The faster the object moves, the narrower the cone and the more intense
the pressure jump across the shock.

There are several types of shock waves associated with a supersonic object:

• Bow shock forms at the front (nose) of the object, where air is first displaced.
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• Tail shock forms at the rear, created as airflow reattaches and pressure adjusts behind the object.
These two shocks are the primary sources of the "double bang" often heard during a sonic boom.

• Oblique shocks form at angled surfaces like aircraft wings and engine inlets, where the flow is
deflected rather than stopped.

Mach Number and Sonic Booms
The Mach number expresses how fast an object is moving relative to the local speed of sound:

where  is the object's velocity and  is the speed of sound in the surrounding medium.

At , the object is at the threshold of supersonic flight and shock waves begin to form. For any ,
a sonic boom is produced continuously along the flight path. Higher Mach numbers create stronger
pressure jumps across the shock, meaning louder booms on the ground.

Several factors change the effective Mach number and boom characteristics:

• Altitude: As altitude increases, air density and temperature drop, which changes the local speed of
sound. An aircraft at the same indicated airspeed will have a different Mach number at different
altitudes.

• Aircraft design and size: Larger aircraft generally produce stronger booms. Designs like the Concorde
produced significant booms, while NASA's X-59 QueSST is specifically shaped to reduce boom
intensity at ground level.

• Atmospheric conditions: Temperature inversions and wind shear can refract shock waves, focusing or
dispersing the boom energy before it reaches the surface.

Impacts and Mitigation of Sonic Booms
Environmental impacts:

• Wildlife disturbance is a real concern. Marine mammals can be startled by underwater-transmitted
booms, and nesting birds may abandon nests in response to repeated exposure.

• Structural damage is possible, though usually minor: cracked windows, loosened plaster, and in
extreme cases, weakened building elements from repeated exposure.

• Sonic booms contribute to overall noise pollution, particularly near military training routes.

Societal impacts:

• Populations under supersonic flight paths experience sleep disturbance, heightened stress, and
general annoyance. These effects were a major reason supersonic commercial flight never expanded
beyond a few routes.

• Most countries ban overland supersonic flight over populated areas, which severely limited the
Concorde's route options and increased operating costs.

Mitigation strategies:

1. Route supersonic flight paths over oceans or unpopulated areas.

2. Establish high-altitude supersonic corridors where booms attenuate before reaching the ground.
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3. Modify aircraft shape using low-boom design principles (elongated nose, carefully sculpted fuselage)
to spread the pressure signature and reduce peak overpressure.

4. Use operational techniques such as accelerating only at higher altitudes and employing the Mach
cutoff technique, where the aircraft flies just fast enough that atmospheric refraction bends the shock
waves upward before they reach the surface.

Regulatory approaches:

• Overland supersonic flight bans remain in effect in most jurisdictions.

• International bodies like ICAO are developing noise standards specifically for future supersonic
aircraft.

• As low-boom designs mature, regulations may evolve to permit supersonic overland flight below
certain noise thresholds.
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Unit 10 – Acoustics of Musical
Instruments
10.1 String instruments and resonance

String Vibration and Resonance
String vibrations are the foundation of how instruments like violins, guitars, and pianos produce sound. The
physics governing a vibrating string determines pitch, while the instrument's body shapes the timbre and
volume we actually hear. This section covers how strings vibrate, how instrument bodies amplify those
vibrations, and what makes each string instrument sound distinct.

Principles of string vibration
The fundamental frequency of a vibrating string depends on three physical properties: length, tension, and
linear density. The relationship is captured by this equation:

where  is frequency (Hz),  is the vibrating length of the string,  is tension (in Newtons), and  is linear
density (mass per unit length, in kg/m).

Each variable pulls its weight here. Increasing tension raises the pitch. Increasing length or density lowers
it. Every time you turn a tuning peg or press a finger down on a fret, you're changing one of these
variables.

When a string vibrates, it doesn't just move at the fundamental frequency. It also vibrates at integer
multiples of that frequency, called harmonics (or overtones). The second harmonic is twice the
fundamental, the third is three times, and so on. The relative strength of these harmonics is what gives an
instrument its unique timbre, which is why a guitar and a violin playing the same note still sound different.

Standing waves form on the string when waves traveling in opposite directions interfere with each other.
This creates:

• Nodes: points along the string that don't move at all

• Antinodes: points of maximum displacement

The fundamental has one antinode in the middle and nodes at each fixed end. Higher harmonics have
progressively more nodes and antinodes along the string's length.

Resonance occurs when a driving frequency matches one of the string's natural frequencies. At
resonance, energy transfers efficiently into the vibrating system, amplifying the vibration and increasing
sound output.

Role of soundboard and body
A vibrating string on its own barely moves any air. The string's surface area is too small to radiate sound
effectively. That's where the soundboard and body come in.

The soundboard (the top plate of a guitar or violin, for example) acts as a transducer: it converts the
string's mechanical vibrations into air pressure waves. Because the soundboard has a much larger surface
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area than the string, it pushes far more air and produces a much louder sound. The choice of wood matters
here. Spruce and cedar are common soundboard materials because they combine stiffness with low
density, allowing them to vibrate responsively.

The bridge is the physical link between strings and soundboard. It transmits vibrational energy from the
strings into the top plate. Bridge design and placement affect how efficiently that energy transfers, which in
turn influences the instrument's responsiveness and tonal balance.

The body as a whole functions as a resonating chamber. The enclosed air volume reinforces certain
frequencies, particularly in the lower range. Body shape and size have a direct effect on tonal character. A
large dreadnought guitar body emphasizes bass frequencies, while a smaller parlor body produces a more
midrange-focused sound.

The coupling between strings and soundboard also determines two important performance qualities:
projection (how far the sound carries) and sustain (how long a note rings).

Factors influencing string sound
Pitch varies with three factors, all visible in the fundamental frequency equation:

• String length: shorter vibrating length means higher pitch. A violin's strings are much shorter than a
cello's, which is why the violin plays higher.

• Tension: higher tension raises pitch. This is what you adjust when you turn tuning pegs.

• Linear density: heavier (thicker or denser) strings vibrate more slowly, producing lower pitches. Bass
strings are wound with metal to increase their mass without making them impractically long.

Timbre is shaped by several interacting factors:

• Playing technique and position change the harmonic content dramatically. Bowing near the bridge (sul
ponticello) emphasizes higher harmonics and produces a glassy, metallic tone. Bowing over the
fingerboard (sul tasto) suppresses upper harmonics for a warmer, softer sound. Plucking position on a
guitar has the same kind of effect.

• Body resonances emphasize certain frequency ranges. One important example is Helmholtz
resonance, where the air inside the body vibrates as a mass through the soundhole, boosting a specific
low frequency.

• String material affects overtone structure. Steel strings produce bright, strong overtones. Nylon strings
sound warmer and more mellow. Gut strings (historically common) have a complex, rich overtone
profile.

Volume depends on:

• The amplitude of the string's vibration (how hard you pluck, bow, or strike)

• How efficiently the bridge and soundboard convert that vibration into sound

• The size and design of the resonating body

Acoustic properties across instruments
Violin family instruments are played with a bow (arco) or plucked (pizzicato). The family includes violin,
viola, cello, and double bass, with graduated sizes that shift the pitch range lower as the instrument gets
larger. F-shaped soundholes (f-holes) are a defining feature; their shape and placement contribute to
sound radiation and influence the instrument's Helmholtz resonance frequency.
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Guitar family instruments are typically plucked or strummed. Acoustic guitars rely entirely on the body for
amplification, with the soundhole and internal air volume playing a central role. Electric guitars, by contrast,
use electromagnetic pickups to convert string vibration into electrical signals, making the acoustic body far
less important for volume.

Harps have multiple strings of varying lengths, each tuned to a specific pitch. There's no fingerboard, so
each string produces only one note (or a limited set with pedal adjustments). The soundboard is oriented
differently than in guitars or violins, running roughly parallel to the strings.

Pianos use felt-covered hammers to strike strings. Most notes have two or three strings tuned in unison to
increase volume and richness. The piano's large soundboard and cast iron frame work together: the frame
withstands the enormous combined string tension (which can exceed 20 tons), while the soundboard
efficiently radiates sound across a wide frequency range.

10.2 Wind instruments and air column vibrations

Air Column Vibrations in Wind Instruments
Wind instruments produce sound through vibrating columns of air trapped inside a tube. The length and
shape of that air column determine which frequencies resonate, which directly controls the pitch and timbre
you hear. Understanding how standing waves behave in open vs. closed pipes is the foundation for
everything else in this topic.

Principles of Air Column Vibrations
When a player excites the air inside a wind instrument, waves travel down the tube, reflect off the ends,
and interfere with each other. This interference creates standing waves, which are patterns of fixed nodes
(points of no displacement) and antinodes (points of maximum displacement).

The lowest frequency that a given air column supports is the fundamental frequency. Higher frequencies
that also resonate are called overtones or harmonics. Which harmonics are present depends on whether
the pipe is open at both ends or closed at one end.

A few key points about what's happening inside the column:

• Pressure and air velocity behave inversely along the standing wave. Where pressure variation is
greatest (a pressure antinode), air velocity is near zero, and vice versa.

• At an open end, you always get a pressure node (the air pressure stays close to atmospheric) and a
displacement antinode.

• At a closed end, you get a pressure antinode and a displacement node (the air can't move past the
wall).

• Energy transfers continuously from the player into the air column, sustaining the standing wave
against losses from radiation and friction.

Role of Mouthpiece and Embouchure
The mouthpiece is where the player's energy enters the system. It couples the player's body to the air
column and shapes the airflow so vibrations can be sustained efficiently. Different instrument families use
fundamentally different excitation methods:

• Air jet (flute family): The player directs a stream of air across a sharp edge. The air jet oscillates above
and below the edge, periodically injecting energy into the column. There's no reed involved.
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• Single reed (clarinet, saxophone): A thin cane reed vibrates against a mouthpiece opening. The reed
alternately opens and closes the airflow into the column.

• Double reed (oboe, bassoon): Two thin cane reeds vibrate against each other, controlling airflow in a
similar periodic fashion.

• Lip reed (brass): The player's lips themselves act as the vibrating element, buzzing into a cup- or
funnel-shaped mouthpiece.

Embouchure refers to the way a player shapes and controls their lips, facial muscles, and airflow. Adjusting
lip tension and air pressure lets the player select different harmonics and fine-tune pitch. This is especially
critical for brass players, who rely almost entirely on embouchure to move between notes within a given
valve combination.

Air Column Length vs. Pitch
Wavelength and frequency are inversely related: a longer air column supports a longer wavelength, which
means a lower frequency (lower pitch). The two fundamental formulas you need to know:

• Open pipe (open at both ends, e.g., flute):

where  (all harmonics present),  is the speed of sound, and  is the effective length of the
pipe.

• Closed pipe (closed at one end, e.g., clarinet approximation):

where  (only odd harmonics present).

Notice that for the same length , a closed pipe's fundamental is half that of an open pipe. This is why a
clarinet sounds roughly an octave lower than a flute of similar length.

How players change pitch in practice:

• Brass instruments use valves (trumpet, tuba) or a slide (trombone) to add tubing length, lowering the
resonant frequencies. Between valve combinations, the player selects different harmonics using
embouchure.

• Woodwinds use keys and tone holes. Opening a tone hole effectively shortens the vibrating air
column, raising the pitch.

Bore shape also matters. A cylindrical bore (like a clarinet) behaves more like a closed pipe and
emphasizes odd harmonics. A conical bore (like an oboe or saxophone) behaves acoustically more like an
open pipe, supporting the full harmonic series despite being closed at the reed end. This is a point that
often trips students up: the conical taper changes the boundary conditions so that even harmonics appear.

Brass vs. Woodwind Acoustics
These two families differ in excitation, bore geometry, and how players control sound.

Excitation mechanism: Brass instruments use a lip-reed system where the player's vibrating lips are the
sound source. Woodwinds use either a mechanical reed (single or double) or an air jet. The lip-reed
system gives brass players more direct control over which harmonic they excite, since lip tension selects
the mode of vibration.



Fiveable archived study guides Page 73

Bore shape and harmonic content: - Cylindrical closed pipes (clarinet) produce predominantly odd
harmonics (1st, 3rd, 5th...), giving a hollow, woody tone. - Conical bores (oboe, saxophone) and open
cylindrical pipes (flute) produce all harmonics, resulting in a brighter, fuller sound. - Brass instruments
typically have a partly cylindrical, partly conical bore that flares into a bell. The bell's shape strongly affects
which harmonics radiate efficiently and how directional the sound is at high frequencies.

Timbre and directivity: The bell on a brass instrument acts as an impedance-matching device, helping
sound radiate into the room. Larger bells radiate lower frequencies more effectively. At higher frequencies,
the sound becomes more directional, projecting forward in a narrower beam. Woodwinds radiate sound
from multiple tone holes along the body, producing a more diffuse radiation pattern.

Dynamic range: Brass instruments generally have a wider dynamic range. A trumpet can go from very soft
to extremely loud partly because the lip-reed system can be driven harder without the physical limits that a
cane reed faces. Woodwinds have a more constrained dynamic range, though skilled players extend it
considerably through technique.

Pitch control summary:

Brass: Valve/slide changes tube length + embouchure selects the harmonic. Woodwinds: Key/tone hole
combinations set the effective column length + reed/air jet provides the excitation.

10.3 Percussion instruments and membranes
Percussion instruments rely on vibrating membranes to create sound. These membranes generate
complex wave patterns, producing unique tones and overtones. The tension, size, and material of the
membrane all play crucial roles in shaping the instrument's pitch and timbre.

The shell and air cavity of percussion instruments also significantly impact their sound. The shell's material
and construction affect resonance and tone color, while the cavity's size influences low-frequency
response and sustain. Together, these elements create the rich, diverse sounds of drums and other
percussion instruments.

Membrane Vibration and Percussion Instrument Acoustics

Membrane vibration principles
• Membrane vibration fundamentals generate transverse waves in stretched circular membranes
creating modes of vibration encompassing fundamental tones and overtones

• Factors affecting membrane vibration include tension influencing pitch, material properties
determining timbre (density, elasticity), and size and shape of the membrane impacting resonance

• Vibrational patterns form nodal lines where membrane remains stationary and antinodes of maximum
displacement, producing circular and radial modes (concentric circles, diametric lines)

• Frequency relationships in ideal membranes described by Bessel functions for mode shapes result in
non-harmonic overtone ratios (unlike strings) (1 : 1.59 : 2.14 : 2.30 : 2.65)

Shell and cavity influence
• Shell functions provide structural support for the membrane, reflect and diffract sound waves, and
contribute to overall timbre through resonance (wood shells add warmth, metal shells add brightness)

• Air cavity effects create Helmholtz resonance boosting certain frequencies, couple membrane and air
modes enhancing sustain, and influence low-frequency response (larger cavities emphasize lower
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frequencies)

• Shell material and construction impact sound: 1. Wood types offer varied acoustic properties (maple
for brightness, mahogany for warmth) 2. Metal shells produce brighter, more projecting tones (brass,
steel) 3. Synthetic materials in modern drum design provide consistency and durability (carbon fiber,
acrylic)

• Cavity size and shape relate to fundamental frequency with larger cavities lowering pitch and impact
sustain and decay characteristics (deeper shells generally have longer sustain)

Factors affecting percussion sound
• Pitch influencing factors include membrane tension and size with higher tension raising pitch, shell
depth and diameter affecting resonance, and material density and stiffness impacting vibrational
characteristics

• Timbre determining elements comprise overtone structure shaped by membrane and shell properties,
shell resonances adding complexity to sound, and damping mechanisms altering decay (muffling rings,
dampening gels)

• Volume control aspects involve playing technique varying stroke type and force, membrane thickness
and material affecting sensitivity and projection, and instrument size and construction determining
overall loudness potential

Acoustic properties of percussion
• Membranophone categories include:

• Single-headed drums with open-ended shells (bongos, congas)

• Double-headed drums with two tunable membranes (bass drum, snare drum)

• Frame drums with shallow shells (tambourine, bodhrán)

• Tuning systems vary between fixed-pitch instruments like timpani tuned to specific notes and
variable-pitch instruments allowing continuous pitch changes (tabla, talking drum)

• Resonance characteristics range from short sustain in wood blocks and claves producing staccato
sounds to long sustain in cymbals and gongs creating rich, complex tones

• Frequency ranges span from low-frequency instruments producing deep tones (bass drum, timpani) to
high-frequency instruments generating bright, cutting sounds (cymbals, tambourine)

• Cultural and musical contexts shape instrument design and playing techniques:

• Western orchestral percussion emphasizes standardized instruments and precise tuning

• World music percussion traditions feature diverse materials and playing styles (djembe from West
Africa, gamelan instruments from Indonesia)

10.4 Electronic and synthesized instruments
Sound synthesis is the electronic creation of audio signals using oscillators to generate basic waveforms.
It's the backbone of electronic music production, employing synthesizers, sequencers, and Digital Audio
Workstations to craft unique sounds and compositions.
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Various methods like additive, subtractive, and FM synthesis shape these sounds. Components such as
filters, envelopes, and modulation techniques further refine the audio. This technology has revolutionized
music production, expanding timbral possibilities and influencing genres across the board.

Sound Synthesis Fundamentals

Principles of sound synthesis
• Sound synthesis creates audio signals electronically using oscillators generating basic waveforms
(sine, square, sawtooth, triangle)

• Electronic music production employs synthesizers (hardware/software instruments), sequencers
(program/playback musical patterns), and Digital Audio Workstations (DAWs) (record/edit/produce
music)

• Signal flow follows audio signal path (source > processing > output) and uses MIDI protocol for
communication between electronic instruments

Methods of sound synthesis
• Additive synthesis combines multiple sine waves creating complex tones based on Fourier analysis
principles

• Subtractive synthesis starts with harmonically rich waveforms and removes frequencies using filters to
shape sound

• Frequency Modulation (FM) synthesis modulates one oscillator's frequency with another creating
complex, evolving timbres

• Other methods include wavetable synthesis (stored waveforms as oscillator sources), granular
synthesis (manipulates tiny sound fragments), and physical modeling (simulates acoustic instrument
behavior)

Components of synthesized sounds
• Filters alter frequency content of signals (low-pass attenuates high frequencies, high-pass attenuates
low frequencies, band-pass allows specific range)

• Envelopes shape sound amplitude over time using ADSR stages (Attack, Decay, Sustain, Release)
controlling parameters like filter cutoff or pitch

• Modulation techniques include Low Frequency Oscillator (LFO) creating periodic changes, envelope
following using amplitude to control another signal, and key tracking mapping keyboard position to
sound parameters

Impact of electronic instruments
• Expanded timbral possibilities creating unique sounds and emulating/extending traditional instruments

• Changed music production/composition increasing accessibility of creation tools and spawning
electronic genres (techno, house, ambient)

• Influenced popular music integrating synthesizers in various genres (pop, rock, hip-hop) and evolving
sound design in film/TV scores



Fiveable archived study guides Page 76

• Advanced technology developing software synthesizers, virtual instruments, and increasing
portability/affordability of music production tools
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Unit 11 – Human Hearing and
Psychoacoustics
11.1 Anatomy and physiology of the human ear
The ear's intricate anatomy transforms sound waves into neural signals. From the outer ear's collection to
the inner ear's transduction, each structure plays a crucial role. The process involves mechanical
vibrations, fluid dynamics, and cellular responses, working together to enable our sense of hearing.

Tonotopic organization is key to frequency processing. The basilar membrane's varying properties allow
different regions to respond to specific frequencies. This spatial arrangement is maintained throughout the
auditory pathway, enabling complex sound analysis and pitch perception.

Anatomy of the Ear

Structures of the ear
• Outer ear

• Pinna (auricle) collects and funnels sound waves into ear canal enhancing directionality (elephant
ears)

• External auditory canal channels sound waves to tympanic membrane amplifying certain frequencies
(resonant tube)

• Tympanic membrane vibrates in response to sound waves converting acoustic energy to mechanical
energy

• Middle ear

• Ossicles (malleus, incus, stapes) transmit and amplify vibrations from tympanic membrane to oval
window increasing force by lever action

• Eustachian tube equalizes air pressure between middle ear and environment preventing membrane
damage (airplane descent)

• Inner ear

• Cochlea contains fluid-filled chambers and sensory cells for sound transduction shaped like a snail
shell

• Semicircular canals responsible for balance and spatial orientation detect rotational movements
(vertigo)

• Auditory nerve transmits electrical signals from cochlea to brain for processing and interpretation

Sound wave transformation process
1. Sound waves travel through ear canal to tympanic membrane

2. Tympanic membrane vibrates in response to sound waves

3. Ossicles amplify and transmit vibrations to oval window
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4. Stapes pushes on oval window creating pressure waves in cochlear fluid

5. Traveling wave forms along basilar membrane

6. Different frequencies cause peak displacement at specific locations (piano strings)

7. Stereocilia of hair cells bend due to fluid motion

8. Mechanoelectrical transduction occurs in hair cells converting mechanical energy to electrical signals

Hair cells and neural impulses
• Hair cell structure includes stereocilia (hair-like projections) on top connected by tip links

• Mechanoelectrical transduction process: 1. Stereocilia deflection opens ion channels 2. Potassium
influx depolarizes hair cell 3. Depolarization triggers calcium influx 4. Calcium causes release of
glutamate at synaptic terminal

• Auditory nerve activation occurs when glutamate binds to receptors on nerve fibers generating action
potentials

• Outer hair cells amplify soft sounds and enhance frequency selectivity (cochlear amplifier)

• Inner hair cells primarily responsible for transmitting auditory information to brain

Tonotopic organization in hearing
• Basilar membrane properties vary along its length:

• Base: narrow and stiff responds to high frequencies (dog whistle)

• Apex: wide and flexible responds to low frequencies (bass drum)

• Frequency-to-place mapping enables simultaneous processing of multiple frequencies (piano chord)

• Traveling wave characteristics change along basilar membrane:

• Wave speed decreases from base to apex

• Amplitude increases until reaching frequency-specific location then rapidly decays

• Neural representation maintains tonotopic organization in auditory pathway (cortical maps)

• Contributes to pitch perception and frequency resolution allowing complex sound analysis (speech
recognition)

11.2 Loudness perception and equal-loudness contours

Loudness Perception Fundamentals
Loudness perception sits at the intersection of physics and psychology. The physical intensity of a sound
wave is one thing; how loud it sounds to you is something else entirely. Your brain doesn't process volume
the way a microphone does, and understanding that gap is central to psychoacoustics.

This matters for practical work in audio engineering, hearing protection design, noise regulation, and
hearing aid fitting. The core question is: how do we connect objective measurements of sound to the
subjective experience of "how loud is that?"
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Loudness and Sound Pressure Level
Loudness is the subjective perception of how intense a sound seems. It's a psychological experience, not a
physical measurement, and it varies from person to person.

Sound pressure level (SPL), on the other hand, is an objective measurement of a sound wave's pressure
amplitude, expressed in decibels (dB). The decibel scale is logarithmic, which compresses the enormous
range of pressures the ear can detect (from the threshold of hearing to the threshold of pain) into a more
workable range of roughly 0–130 dB.

The relationship between SPL and perceived loudness is not linear. A rough but useful rule: an increase of
about 10 dB in SPL corresponds to a doubling of perceived loudness. So a 70 dB sound doesn't seem "a
little louder" than a 60 dB sound; it seems about twice as loud.

Frequency dependence adds another layer of complexity. Your ear is not equally sensitive at all
frequencies:

• The ear is most sensitive between about 2–5 kHz, a range that overlaps heavily with speech
frequencies. This is no coincidence; evolutionary pressure favored sensitivity in the range most useful
for communication.

• At low frequencies (below ~500 Hz) and high frequencies (above ~8 kHz), sensitivity drops off. A 50
Hz tone needs significantly more SPL to sound as loud as a 3 kHz tone at the same perceived volume.

Equal-Loudness Contours and Hearing
Equal-loudness contours are curves plotted on a graph of frequency (x-axis) vs. SPL (y-axis). Each curve
connects all the frequency-SPL combinations that a listener perceives as equally loud. They give you a
map of how human hearing sensitivity changes across the frequency spectrum.

The unit used to label these contours is the phon. A phon value is defined by the SPL in decibels of an
equally loud 1 kHz tone. For example, if a 100 Hz tone at 60 dB SPL sounds just as loud as a 1 kHz tone at
40 dB SPL, that 100 Hz tone has a loudness level of 40 phons.

A Brief History
• Fletcher and Munson (1933) published the original equal-loudness contours, which became the
foundation of psychoacoustic research on loudness.

• Robinson and Dadson (1956) revised these curves with improved methodology.

• The current international standard is ISO 226:2003, which reflects more recent data and corrects
some inaccuracies in the earlier curves.

What the Contours Tell You
The shape of these curves reveals several things about human hearing:

• The curves dip lowest (meaning the ear needs the least SPL) around 3–4 kHz. This is where your
hearing is sharpest.

• At low frequencies, the curves rise steeply. You need much more SPL at 50 Hz than at 3 kHz to
perceive the same loudness. This is why bass-heavy music can "disappear" at low playback volumes.

• At higher loudness levels, the contours flatten out. The difference in sensitivity across frequencies
becomes less dramatic as overall level increases. In other words, at high volumes, your hearing
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response becomes more uniform.

Practical Applications
• Audio equipment design: Speaker and headphone frequency responses are shaped with these
contours in mind, ensuring that reproduced sound matches perceived loudness expectations.

• A-weighting in noise measurement: The A-weighting filter applied to sound level meters approximates
the inverse of the equal-loudness contour at low levels, giving readings that better reflect how loud a
noise seems.

• Noise regulations and hearing protection: Standards for workplace noise exposure and hearing
protector ratings account for frequency-dependent loudness perception.

Loudness Scaling in Psychoacoustics
Equal-loudness contours tell you when two sounds seem equally loud, but they don't tell you how much
louder one sound is than another. For that, you need a loudness scale.

The Sone Scale
The sone is a unit of perceived loudness designed to be proportional to the listener's experience.

• 1 sone is defined as the loudness of a 1 kHz tone at 40 dB SPL (which is also 40 phons).

• 2 sones means "twice as loud as 1 sone." 4 sones means "four times as loud."

• Because of the ~10 dB doubling rule, each 10 dB increase roughly doubles the sone value.

This linear relationship to perception is what makes the sone scale useful. If you're comparing the loudness
of two vacuum cleaners rated at 3 sones and 6 sones, the second one genuinely sounds about twice as
loud.

Stevens' Power Law
The sone scale is grounded in Stevens' Power Law, which models the general relationship between a
physical stimulus and its perceived magnitude:

•  = perceived loudness

•  = sound intensity

•  = a constant

•  = the power exponent (approximately 0.3 for loudness)

The exponent of 0.3 means perceived loudness grows much more slowly than physical intensity. A tenfold
increase in intensity produces only roughly a doubling in perceived loudness.

Applications
• Hearing aid fitting: Loudness scaling helps audiologists map amplification to a patient's specific
perception, rather than just boosting dB levels uniformly.

• Product sound quality: Manufacturers of cars, appliances, and electronics use sone ratings and
loudness models to evaluate and improve how their products sound.
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• Audio compression algorithms: Perceptual coding (like MP3 and AAC) uses psychoacoustic models,
including loudness scaling, to discard audio data that listeners are unlikely to notice.

Loudness vs. Sound Intensity
It's worth being precise about the distinction between these two quantities, since they're easy to conflate.

Sound intensity is a purely physical measure: the amount of sound energy flowing through a unit area per
unit time, measured in watts per square meter ( ). It's proportional to the square of sound pressure. A
microphone can measure it; it doesn't change depending on who's listening.

Loudness is perceptual. Two people exposed to the same sound intensity may report different loudness,
and the same person will judge the same intensity differently depending on frequency, duration, and
context.

Weber-Fechner Law and the JND
The Weber-Fechner law states that perceived sensation is proportional to the logarithm of stimulus
intensity. This is the theoretical basis for why we use the decibel (a logarithmic unit) to describe sound
levels: it roughly tracks how we actually experience changes in intensity.

The just noticeable difference (JND) is the smallest change in a stimulus that a listener can reliably detect.
For sound intensity, the JND is typically around 1 dB for moderate-level broadband sounds, but it varies
with:

• Frequency: Sensitivity to changes is better in the 1–4 kHz range.

• Overall level: At very low or very high SPLs, the JND tends to increase (you need a bigger change to
notice it).

Other Factors That Affect Loudness Perception
Loudness isn't determined by intensity and frequency alone. Several other factors play a role:

• Duration: Very short sounds (under ~200 ms) are perceived as quieter than longer sounds of the
same intensity. This is called temporal integration; the auditory system effectively sums energy over a
brief window.

• Spectral content: A broadband sound (spread across many frequencies) generally sounds louder than
a pure tone at the same SPL, because it excites a wider region of the basilar membrane. This effect is
called loudness summation.

• Temporal patterns: Amplitude-modulated or fluctuating sounds can be perceived differently in
loudness compared to steady-state sounds at the same average level.

• Spatial factors: Sound arriving from multiple directions or sources can affect perceived loudness due
to binaural summation and localization cues.

11.3 Pitch perception and critical bands

Pitch Perception
Pitch is how your brain interprets the frequency of a sound. It's not a physical property of the sound wave
itself but a subjective experience, which is why two people can sometimes disagree about whether a tone
sounds higher or lower. Understanding pitch perception reveals how the ear and brain collaborate to turn
vibrations into meaningful auditory experience.
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Critical bands, covered in the second half of this guide, describe how the auditory system groups nearby
frequencies together for processing. They explain phenomena like auditory masking and are foundational
to modern audio technology.

Pitch and Its Relationship to Frequency
Pitch is the psychological correlate of a sound's fundamental frequency. A higher frequency generally
produces a higher perceived pitch, but the relationship isn't perfectly linear.

Several other factors shift pitch perception:

• Intensity: Very loud tones can sound slightly different in pitch than quiet ones at the same frequency.

• Duration: Extremely short tones (under ~10 ms) don't give the auditory system enough time to
establish a clear pitch.

• Spectral content: The overtone structure (timbre) of a sound can influence which frequency your brain
latches onto as "the pitch."

Simple vs. Complex Tones
• A simple tone (pure tone) consists of a single frequency, produced by a pure sine wave. A tuning fork
is the classic example.

• A complex tone contains multiple frequencies: a fundamental plus harmonics. Musical instruments
and the human voice produce complex tones.

With complex tones, your brain typically perceives the pitch as matching the fundamental frequency, even
when the fundamental is weak or missing entirely. This phenomenon is called virtual pitch (or the missing
fundamental), and it's a key reason why pitch perception can't be reduced to simple frequency detection.

Place Theory of Pitch Perception
Place theory explains pitch perception through the physical structure of the cochlea:

1. Sound enters the cochlea and creates a traveling wave along the basilar membrane.

2. Different frequencies cause maximum displacement at different locations: high frequencies peak
near the base, low frequencies peak near the apex.

3. This tonotopic organization is preserved all the way up the auditory pathway, from the cochlea to the
auditory cortex. Neurons at each stage are tuned to specific frequency ranges.

Place theory works well for mid-to-high frequencies but struggles to explain pitch perception below about
500 Hz, where the basilar membrane's frequency resolution becomes too coarse. At low frequencies,
temporal theory (also called phase-locking) fills the gap: auditory nerve fibers fire in sync with the
waveform's cycles, and the brain reads the timing pattern to determine pitch.

Most current models treat pitch perception as a combination of both place and temporal coding.

Critical Bands

Definition and Significance
A critical band is the frequency range within which sounds are processed by the same group of hair cells
on the basilar membrane. It's a direct measure of the auditory system's frequency resolution: if two tones
fall within the same critical band, your ear has difficulty separating them.
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Critical bands matter for several reasons:

• Auditory masking: A loud tone masks nearby quiet tones most effectively when they share the same
critical band. This is why you can't hear a soft whisper that's close in frequency to a loud hum.

• Loudness perception: Two tones within the same critical band don't sound as loud together as two
tones of equal intensity spread across different critical bands.

• Complex sound analysis: Your ability to pick out a single voice in a crowded room (the cocktail party
effect) depends partly on how critical bands separate overlapping frequency content.

Critical Bands and the Basilar Membrane
The basilar membrane varies in stiffness and width along its length, which creates its tonotopic frequency
map. Each critical band corresponds to approximately 1.3 mm of distance along the membrane, and this
physical distance stays roughly constant regardless of frequency.

What changes is the frequency range each band covers:

• At low frequencies (e.g., around 100 Hz), a critical band spans a relatively wide range, roughly 100
Hz.

• At high frequencies (e.g., around 10 kHz), a critical band spans a much wider range in Hz terms (over
1000 Hz), but the ratio of bandwidth to center frequency stays more consistent.

This means your ear has finer frequency resolution at low frequencies than at high frequencies, which
aligns with how important fine pitch distinctions are for speech and music in the lower registers.

The Bark Scale
The Bark scale is a psychoacoustic scale that maps frequency to perceptual pitch based on critical bands.
One Bark corresponds to approximately one critical bandwidth.

• The scale divides the audible range (20 Hz to 20 kHz) into 24 Bark units.

• It's non-linear relative to Hz: low frequencies are stretched out (more Bark units per kHz), while high
frequencies are compressed.

The standard approximation formula:

where  is the Bark value and  is frequency in Hz.

The Bark scale has direct applications in audio engineering and signal processing. MP3 and other lossy
audio codecs use psychoacoustic models based on critical bands to decide which frequency components
can be removed without noticeable quality loss. Speech recognition systems also use Bark-scale (or the
related Mel-scale) frequency analysis to process audio in a way that mirrors human perception.

11.4 Spatial hearing and sound localization

Binaural Cues and Sound Localization
Your brain figures out where sounds come from by comparing what each ear receives. Since your ears are
on opposite sides of your head, a sound coming from the left will reach your left ear slightly sooner and
slightly louder than your right ear. These tiny differences are the foundation of spatial hearing.
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Binaural cues for localization
Interaural Time Difference (ITD) is the difference in arrival time of a sound between your two ears. If a
sound comes from directly to your left, it reaches your left ear a fraction of a millisecond before your right
ear. Your brain detects this delay and uses it to estimate direction.

ITD works best for low-frequency sounds (below ~1500 Hz). At these frequencies, the wavelengths are
long enough relative to your head that the brain can reliably track phase differences between the two ears.
You can estimate ITD with:

where  is the radius of the head,  is the azimuth angle of the source, and  is the speed of sound.

Interaural Level Difference (ILD) is the difference in sound intensity between your ears. Your head
physically blocks high-frequency sound waves, creating an acoustic "shadow" on the far side. This head
shadow effect makes ILD most useful for high-frequency sounds (above ~1500 Hz), where the
wavelengths are short enough for the head to obstruct them effectively. ILD increases with both frequency
and the angle of the source away from center.

The duplex theory ties these two cues together: your brain relies on ITD for low frequencies and ILD for
high frequencies. Together, they cover the full audible spectrum for left-right localization.

Neural processing of these cues begins early in the auditory pathway. The superior olivary complex in the
brainstem contains specialized neurons that compare input from both ears, detecting interaural time and
level differences. These signals are then integrated further in the auditory cortex to build a spatial map of
your surroundings.

Cone of confusion implications
Even with ITD and ILD, there are positions in space that produce identical binaural cues. The cone of
confusion is the set of all points that lie on a conical surface extending outward from each ear, symmetrical
around the interaural axis (the imaginary line connecting your ears). Any sound source located on this cone
produces the same ITD and ILD, so your brain can't distinguish between them using binaural cues alone.

This leads to specific ambiguities:

• Front-back confusion: A source directly in front of you and one directly behind you can produce nearly
identical ITD and ILD values.

• Up-down confusion: Sources at different elevations on the same cone also share similar binaural
cues.

Your auditory system resolves these ambiguities in two main ways:

1. Head movements break the symmetry. Even a small turn of the head changes the ITD and ILD
pattern, giving your brain new data to distinguish front from back or up from down.

2. Spectral cues from the pinna (outer ear) provide direction-dependent filtering that differs for sources
in front versus behind, or above versus below.

These ambiguities matter for technology too. Virtual audio systems that only model ITD and ILD without
accounting for the cone of confusion will produce unconvincing spatial audio. Accurate HRTF modeling
and head-tracking are needed to overcome this.
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Spectral Cues and Localization Limitations

Spectral cues from the outer ear
Your pinna (the visible, folded part of your outer ear) acts as a direction-dependent filter. Sound waves
bounce off its ridges and folds before entering the ear canal, and these reflections alter the frequency
content of the sound in ways that depend on where the sound is coming from. Your brain learns these
spectral patterns over a lifetime and uses them to infer source direction.

The Head-Related Transfer Function (HRTF) captures this entire filtering process mathematically. It
describes how sound is transformed as it travels from a source to your ear canal, accounting for the effects
of your pinna, head, and torso. Because everyone's anatomy is slightly different, HRTFs are unique to
each person.

Spectral cues are especially important for elevation perception. Notches in the frequency spectrum
(typically in the 5–10 kHz range) created by pinna reflections shift depending on whether a sound comes
from above or below. Resonances in the ear canal and the concha (the bowl-shaped part of the outer ear)
create spectral peaks that further help with vertical localization.

Unlike ITD and ILD, spectral cues are primarily monaural, meaning a single ear can use them. This makes
them valuable for resolving cone-of-confusion ambiguities and for people with hearing loss in one ear.
Combined with binaural cues, spectral cues enable full three-dimensional sound localization.

Limitations of sound localization
Minimum Audible Angle (MAA) is the smallest change in source position you can detect. For sounds
directly in front of you, this is typically 1–2°. Accuracy drops significantly for sources off to the side (lateral
positions), where the MAA can be much larger.

Distance perception is notably imprecise compared to directional hearing. Beyond a few meters, your brain
relies on indirect cues:

• Intensity: Louder sounds seem closer, but this only works if you already know how loud the source
should be.

• Direct-to-reverberant ratio: In a room, nearby sounds have more direct energy relative to reflections.
Farther sources have proportionally more reverberation.

Several factors affect localization accuracy:

• Source characteristics: Broadband sounds (containing many frequencies) are easier to localize than
pure tones. Longer sounds and sharp onsets also help.

• Environmental factors: Reverberation, background noise, and competing sources all degrade
accuracy.

• Individual differences: Ear shape, hearing sensitivity, and experience all play a role.

Two phenomena help in complex listening environments:

• The cocktail party effect describes your ability to focus on one voice in a noisy room by using spatial
cues (along with attention and familiarity) to separate sound sources.

• The precedence effect (also called the law of the first wavefront) causes your brain to suppress
echoes arriving within roughly 5–40 ms of the direct sound, so you perceive the source at its true
location rather than at the reflecting surfaces.
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Reproducing accurate spatial hearing in technology remains challenging. Virtual and augmented reality
systems need precise, individualized HRTF data and real-time head tracking. Hearing aid design must
balance amplification with preserving the natural spatial cues that listeners depend on for localization.
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Unit 12 – Architectural Acoustics and
Room Design
12.1 Acoustic design principles for various spaces
Acoustic design principles shape how sound behaves in different spaces. From concert halls to
classrooms, key parameters like reverberation time and speech intelligibility guide the creation of optimal
acoustic environments. Understanding these principles helps tailor spaces for their intended use.

Treatments like sound absorption, diffusion, and isolation fine-tune acoustics. Room elements like shape,
materials, and furnishings also play crucial roles. Noise control strategies address external sources and
transmission paths, ensuring acoustic comfort in various settings.

Acoustic Design Principles for Various Spaces

Key acoustic parameters for design
• Reverberation Time (RT)

• Time required for sound to decay by 60 dB after source stops measures how long sound lingers in
space

• Factors affecting RT include room volume (larger spaces have longer RT), surface absorption (more
absorption shortens RT), and air absorption (affects high frequencies)

•

Optimal RT varies by space function with shorter times for speech clarity (classrooms) and longer times for
music richness (concert halls)

•

Early Decay Time (EDT)

• Time for sound to decay by 10 dB multiplied by 6 correlates with perceived reverberance

• Often more important than RT for subjective impression of room acoustics

•

Comparison to RT helps assess acoustic quality with EDT/RT ratio indicating sound field uniformity

•

Speech Transmission Index (STI)

• Measures speech intelligibility on scale from 0 (unintelligible) to 1 (perfect intelligibility)

• Influenced by background noise (higher noise lowers STI), reverberation (excessive reverb reduces
STI), and early-to-late energy ratio (higher ratio improves STI)

•

Crucial for spaces like classrooms, auditoriums, and conference rooms

•
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Other relevant parameters

• Clarity (C50 for speech, C80 for music) quantifies sound definition

• Definition (D50) measures ratio of early to total sound energy

• Sound strength (G) indicates amplification provided by room

Acoustic treatments for optimization
• Sound Absorption

• Porous absorbers like open-cell foam, fiberglass, and acoustic ceiling tiles trap sound waves in
material pores

• Resonant absorbers including Helmholtz resonators and membrane absorbers target specific
frequencies

•

Placement strategies involve distributing absorbers to control reflections and optimize RT

•

Sound Diffusion

• Scatters sound energy uniformly to prevent echoes and create even sound field

• Types include Quadratic Residue Diffusers (QRD) with wells of varying depths, primitive root diffusers
using mathematical sequences, and curved surfaces

•

Placement considerations include identifying problematic reflections and enhancing spatial impression

•

Sound Isolation

• Mass Law relates material mass to sound transmission loss with heavier materials providing better
isolation

• Decoupling techniques like floating floors, resilient channels, and double-wall construction reduce
structure-borne sound transmission

• Sealing gaps and penetrations prevents sound leakage through weak points in construction

Room Acoustics and Design Considerations

Room elements affecting acoustics
• Room shape

• Rectangular rooms can create strong standing waves while non-rectangular shapes distribute modes
more evenly

• Avoiding parallel surfaces minimizes flutter echoes and focuses reflections

•
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Optimal length-to-width ratios (1:1.4:1.9) promote uniform sound distribution

•

Ceiling design

• Flat ceilings can cause unwanted reflections while sloped ceilings direct sound more effectively

• Reflective surfaces enhance sound projection while absorptive surfaces control reverberation

•

Ceiling clouds provide targeted reflections to improve sound distribution (orchestra shells)

•

Surface materials

• Absorption coefficients vary by frequency with porous materials (carpets) more effective at high
frequencies

• Balancing absorption and reflection creates desired acoustics for specific uses (recording studios vs.
lecture halls)

•

Specular reflection occurs on smooth surfaces while diffuse reflection scatters sound (textured walls)

•

Furnishings

• Soft furnishings (upholstered chairs) increase room absorption especially at mid and high frequencies

• Hard surfaces (tables) can create unwanted reflections or useful sound reinforcement

• Occupancy significantly affects room acoustics with people absorbing sound (audience in theater)

Noise control in space design
• External noise sources

• Traffic noise penetrates through windows and building envelope

• HVAC systems generate both airborne and structure-borne noise

•

Adjacent spaces transmit sound through walls, floors, and ceilings

•

Transmission paths

• Airborne sound transmission occurs through air and building elements

• Structure-borne sound travels through solid materials as vibrations

•

Flanking paths allow sound to bypass main partitions (ductwork, electrical conduits)
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•

Noise control strategies

• Sound barriers and enclosures block direct sound paths (highway noise barriers)

• Vibration isolation reduces structure-borne noise transmission (floating floors for mechanical rooms)

•

Acoustic windows and doors with higher STC ratings improve façade sound insulation

•

Acoustic comfort metrics

• Background noise levels measured using NC and NR curves set acceptable limits

• Room Criteria (RC) curves assess both level and spectral quality of background noise

•

Privacy metrics like Articulation Index quantify speech intelligibility between spaces

•

HVAC noise control

• Duct lining and silencers attenuate airborne noise in ductwork

• Equipment selection and placement minimize noise generation at source

• Vibration isolation of mechanical equipment prevents structure-borne noise transmission to occupied
spaces

12.2 Sound reinforcement and public address systems
Sound reinforcement systems are crucial for delivering clear audio in various settings. These systems
consist of loudspeakers, amplifiers, and signal processing equipment, each playing a vital role in
converting electrical signals into high-quality sound.

Designing effective public address systems requires careful consideration of acoustic factors, speaker
placement, and system tuning. Microphone selection and placement are equally important, with different
types and techniques suited to specific applications. Troubleshooting common issues like feedback and
distortion is essential for maintaining optimal performance.

Sound Reinforcement System Components and Design

Components of sound reinforcement systems
• Loudspeakers convert electrical signals into sound waves

• Types include dynamic (moving coil), ribbon (thin metal strip), electrostatic (charged diaphragm),
horn-loaded (increased efficiency)

• Frequency response measures range of reproducible frequencies

• Sensitivity indicates sound pressure level produced with given input

• Directivity controls sound dispersion pattern
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• Power handling capacity determines maximum input without damage

• Amplifiers boost audio signals to drive loudspeakers

• Classes differ in efficiency and sound quality (A, B, AB, D)

• Power output measured in watts determines volume capability

• Impedance matching ensures optimal power transfer

• Gain structure sets proper signal levels throughout system

• Signal processing equipment shapes and enhances audio

• Equalizers adjust frequency balance (graphic, parametric, shelving)

• Compressors and limiters control dynamic range

• Gates reduce unwanted noise during quiet passages

• Reverb and delay add space and depth to sound

• System design principles ensure optimal performance

• Signal flow maps audio path through components

• Impedance matching prevents signal loss and distortion

• Crossover networks split audio for multi-way speaker systems

• Time alignment synchronizes drivers for coherent wavefront

Design of public address systems
• Acoustic considerations impact system performance

• Room dimensions and shape affect sound propagation

• Reverberation time influences clarity and intelligibility

• Background noise levels determine required signal-to-noise ratio

• Speaker placement and coverage optimize sound distribution

• Line arrays provide consistent coverage for long distances

• Point source systems suit smaller venues

• Distributed designs evenly cover large areas

• Delay towers synchronize sound for distant listeners

• Speech intelligibility metrics quantify clarity

• Speech Transmission Index (STI) measures overall intelligibility

• Articulation Loss of Consonants (ALcons) focuses on consonant clarity

• System tuning and optimization refine performance

• Room equalization compensates for acoustic anomalies

• Feedback suppression prevents howling and squealing
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• Level balancing ensures consistent volume across zones

• Environmental factors affect outdoor systems

• Wind and temperature gradients alter sound propagation

• Ground plane reflections can reinforce or cancel direct sound

• Noise pollution considerations limit system output

Microphone selection and placement
• Microphone types suit different applications

• Dynamic mics (moving coil, ribbon) handle high SPL

• Condenser mics (large diaphragm, small diaphragm) offer high sensitivity

• Boundary and PZM mics capture sound from surfaces

• Polar patterns determine pickup characteristics

• Omnidirectional captures sound from all directions

• Cardioid rejects rear sounds

• Supercardioid provides narrower pickup

• Figure-8 captures front and rear, rejects sides

• Frequency response shapes tonal characteristics

• Flat response reproduces sound neutrally

• Tailored response enhances certain frequencies

• Proximity effect boosts bass in directional mics

• Placement techniques optimize sound capture

• Close-miking isolates individual sources

• Distant-miking captures blend and ambience

• Stereo techniques (X-Y, ORTF, spaced pair) create spatial image

• Area miking covers large ensembles or audiences

• Application-specific considerations guide choices

• Podium and lavalier mics suit speech applications

• Instrument miking techniques vary by instrument type

• Choir and orchestra miking balances blend and definition

Troubleshooting in sound reinforcement
• Feedback occurs when amplified sound re-enters microphone

• Causes include improper mic-speaker placement and room acoustics
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• Prevention involves careful gain structure and speaker positioning

• Mitigation uses notch filters or automatic feedback suppressors

• Distortion degrades audio quality

• Types include harmonic (added overtones), intermodulation (new frequencies), clipping (flattened
waveform)

• Sources range from overdriven preamps to stressed speakers

• Solutions involve proper gain staging and limiter use

• Uneven sound distribution creates inconsistent listening experience

• Causes include poor speaker placement and interference patterns

• Analysis tools (SPL meters, real-time analyzers) identify issues

• Corrections involve repositioning speakers and adjusting delays

• Phase issues result in comb filtering and cancellation

• Causes include multiple sources and improper cable polarity

• Detection uses phase correlation meters

• Solutions involve polarity inversion and precise time alignment

• Ground loops and electrical noise introduce unwanted sounds

• Symptoms include hum, buzz, and radio frequency interference

• Isolation techniques use balanced connections and ground lifts

• Proper shielding and cable management reduce interference

12.3 Acoustic modeling and simulation techniques
Acoustic modeling and simulation are powerful tools in sound design and analysis. These techniques use
various methods, from ray tracing to wave-based solutions, to predict how sound behaves in different
spaces. They help optimize room acoustics, sound systems, and more.

Industry software like ODEON, CATT-Acoustic, and EASE make these simulations accessible. They allow
designers to predict key metrics like reverberation time and speech clarity. Validation through real-world
measurements and listening tests ensures accuracy, leading to better acoustic environments.

Acoustic Modeling and Simulation Principles

Principles of acoustic modeling software
• Geometrical acoustics models sound propagation as rays reflecting off surfaces

• Ray tracing simulates sound paths considering reflection, absorption, and diffusion

• Image source method creates virtual sources for reflections but struggles with complex geometries

• Wave-based methods solve wave equations numerically

• Finite Element Method (FEM) discretizes space into elements
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• Boundary Element Method (BEM) uses surface-only discretization suitable for open spaces

• Modeling techniques have limitations

• Frequency range constraints affect accuracy

• Computationally intensive requiring significant processing power

• Trade-offs between simulation accuracy and time

Virtual acoustic models in industry software
• ODEON facilitates 3D room modeling

• Imports/creates geometries, assigns materials, places sources/receivers

• Sets up simulation parameters for acoustic analysis

• CATT-Acoustic specializes in room acoustics

• Predicts acoustic parameters (reverberation time, clarity)

• Offers auralization capabilities and advanced diffusion modeling

• EASE optimizes loudspeaker systems

• Designs speaker layouts, maps coverage, predicts intelligibility

• Integrates with measurement systems for real-world validation

• Simulation results interpretation focuses on key metrics

• Reverberation time (RT60) measures sound decay

• Early Decay Time (EDT) indicates initial sound fade

• Clarity (C50, C80) assesses speech/music distinction

• Definition (D50) relates to speech intelligibility

• Speech Transmission Index (STI) quantifies speech clarity

Validation of acoustic simulations
• Measured data comparison ensures accuracy

• Conducts in-situ measurements following standards (ISO 3382)

• Analyzes statistical differences between simulated and real results

• Subjective listening tests evaluate perceptual accuracy

• Employs auralization for realistic sound reproduction

• Uses ABX testing to assess audible differences

• Considers Just Noticeable Difference (JND) in acoustic parameters

• Validation metrics quantify simulation performance

• Calculates mean absolute error and correlation coefficients
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• Performs frequency-dependent analysis for spectral accuracy

• Iterative refinement improves model fidelity

• Adjusts model based on validation results

• Calibrates material properties to match real-world behavior

Applications of acoustic modeling techniques
• Room design optimization enhances acoustic environments

• Considers shape and volume for desired sound characteristics

• Simulates surface treatments to achieve target acoustic response

• Optimizes diffuser placement for improved sound diffusion

• Acoustic treatment evaluation assesses sound control strategies

• Optimizes absorption coefficients for different materials

• Simulates bass trap effectiveness in low-frequency control

• Develops reflection control strategies for clarity

• Sound system performance prediction improves installations

• Optimizes loudspeaker placement for even coverage

• Analyzes coverage uniformity across listening areas

• Maps intelligibility (STI, ALCons) for speech clarity

• Application-specific considerations address unique needs

• Concert halls: Enhances audience envelopment and stage acoustics

• Lecture rooms: Improves speech intelligibility and controls background noise

• Recording studios: Manages modal response and early reflections

• Parametric studies explore design variations

• Conducts sensitivity analysis on key variables

• Applies multi-objective optimization for balanced acoustic performance

12.4 Concert hall and auditorium acoustics

Acoustic Parameters and Design Principles
Concert hall acoustics sit at the intersection of physics and perception. The goal is to shape how sound
travels from the stage to every seat, so that music sounds clear, rich, and enveloping. Achieving this
requires balancing a set of measurable acoustic parameters with the physical characteristics of the room
itself.
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Acoustic Parameters for Concert Halls
Several measurable parameters define how a concert hall sounds. Each one captures a different
dimension of the listening experience.

Clarity (C80) measures the ratio of early sound energy (arriving within 80 ms) to late sound energy,
expressed in decibels. The optimal range for concert halls is -2 to +2 dB. Higher values mean more
definition in the music; lower values mean a more blended, reverberant sound.

Lateral Energy Fraction (LEF) quantifies how much sound reaches your ears from the sides rather than
head-on. Side-wall reflections drive LEF up, and higher LEF creates a stronger sense of envelopment, the
feeling of being surrounded by sound.

Bass Ratio (BR) compares low-frequency reverberation time to mid-frequency reverberation time. An
optimal BR of 1.1 to 1.3 gives music a sense of warmth and richness without muddying the sound.

Reverberation Time (RT60) is the time it takes for sound to decay by 60 dB after the source stops. It varies
by performance type:

• Symphony orchestra: 1.8–2.2 s

• Chamber music: 1.4–1.8 s

• Opera: 1.2–1.6 s

• Speech: 0.7–1.2 s

Early Decay Time (EDT) tracks how quickly sound decays in the first 10 dB of its drop. EDT strongly
influences perceived reverberance and the "liveliness" of a space. It often matters more to listeners than
RT60 itself.

Initial Time Delay Gap (ITDG) is the time between the direct sound and the first strong reflection. An ITDG
of 20–40 ms creates a sense of intimacy, making the audience feel close to the performers even in a large
hall.

Strength (G) measures the overall loudness at a listener's position relative to a free-field reference. It
depends on room volume and surface absorption. Higher G values mean the room amplifies the
performers' sound more effectively.

Room Characteristics and Acoustics
The physical shape, volume, and surface treatment of a hall determine how these parameters play out in
practice.

Room shape has a major impact on sound distribution:

• Shoebox (rectangular): Promotes strong lateral reflections, which boosts envelopment. Boston
Symphony Hall is the classic example and is widely regarded as one of the best-sounding halls in the
world.

• Fan-shaped: Widens toward the back, seating more people but making it harder to generate lateral
reflections. Common in multi-purpose venues.

• Vineyard: Uses terraced seating sections arranged around the stage, balancing intimacy with
envelopment. The Berlin Philharmonie pioneered this layout.

• Arena / in-the-round: Surrounds the stage with audience on all sides. Achieving uniform sound
distribution is difficult, so this layout works best for amplified performances.
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Room volume directly affects reverberation time. The Sabine equation provides a useful approximation:

•  = room volume in cubic meters

•  = total absorption in sabins (square meters)

Larger volumes generally produce longer reverberation, which is why symphony halls tend to be tall and
spacious.

Surface materials control how much sound is reflected, absorbed, or scattered:

• Hard surfaces (concrete, plaster, marble) reflect sound strongly, increasing RT and brightness.

• Soft materials (curtains, upholstered seats, carpets) absorb sound, reducing RT and creating a drier,
more intimate acoustic.

• Diffusive surfaces (irregular shapes, textured panels) scatter sound in many directions, producing a
more even sound field throughout the hall.

Acoustic Design for Performance Spaces
Designing a great-sounding hall means managing the balance between early and late sound energy. Early
reflections (arriving within ~80 ms of the direct sound) reinforce clarity and definition. Late reflections (after
80 ms) contribute to reverberance and spaciousness. Too much of either at the expense of the other
degrades the experience.

Diffusion is a key design tool. Irregular surfaces, coffered ceilings, sculpted balcony fronts, and textured
walls all break up sound reflections and distribute energy more evenly. Without diffusion, you get hot spots
and dead zones.

Low-frequency control requires special attention because bass wavelengths are long and tend to build up
in corners:

• Bass traps placed in room corners absorb excess low-frequency energy.

• Helmholtz resonators can be tuned to target specific problematic frequencies, reducing boominess
without affecting the rest of the spectrum.

Seating area design also matters more than you might expect:

• Seats should have similar absorption whether occupied or empty. This keeps the hall's acoustic
character consistent during rehearsals and performances. Many modern halls use seats with perforated
undersides that mimic the absorption of a seated person.

• The rake angle (the slope of the seating) affects how directly sound reaches each listener. A steeper
rake gives rear seats better sightlines and clearer direct sound.

Variable Acoustics in Auditoriums
Multi-purpose venues need to serve symphony concerts, chamber recitals, spoken-word events, and
amplified shows, each with different acoustic requirements. Variable acoustics systems make this possible.

Adjustable reflector panels are one of the most common solutions:

• Ceiling reflectors can be raised, lowered, or angled to control early reflections and adjust clarity.
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• Side-wall reflectors change the amount of lateral energy reaching the audience, tuning envelopment
up or down.

Retractable curtains and banners add or remove absorption:

• Deploying heavy curtains shortens reverberation time for speech or amplified music.

• Retracting them opens up the reflective surfaces underneath, lengthening RT for orchestral
performances.

Reversible panels offer a simpler approach. One side is reflective, the other absorptive. Flipping them
provides a quick acoustic change without mechanical systems.

Variable volume systems physically alter the room's size. Movable ceilings or walls can expand or shrink
the effective volume, directly changing RT and loudness according to the Sabine relationship.

Electroacoustic enhancement uses microphones and speakers to augment the hall's natural acoustics.
Active acoustic systems can simulate longer reverberation, add early reflections, or even recreate the
acoustic signature of a different hall entirely. These systems are increasingly sophisticated but work best
as a supplement to good passive design, not a replacement for it.

Evaluating the results of variable acoustics involves three approaches:

1. Objective measurements: Capture RT60, C80, LEF, G, and other parameters at multiple seat
positions.

2. Subjective listening tests: Musicians and trained listeners evaluate the perceptual quality of each
configuration.

3. Computer modeling and auralization: Simulate the acoustic environment before physical changes are
made, allowing designers to predict outcomes and iterate quickly.

The best multi-purpose venues store preset configurations for different event types, so switching from a
symphony concert to a lecture takes minutes rather than hours. The ongoing challenge is balancing
flexibility with acoustic excellence, since a hall optimized for everything often excels at nothing. Thoughtful
design of variable systems helps close that gap.
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Unit 13 – Environmental Noise and Noise
Control
13.1 Sources and characteristics of environmental noise
Environmental noise surrounds us daily, impacting our health and well-being. From the constant hum of
traffic to the sudden roar of aircraft, various sources contribute to this auditory assault. Understanding
these noise sources is crucial for managing their effects on our lives.

Noise pollution isn't just annoying; it can harm our health and disrupt ecosystems. As cities grow, so does
the cacophony of sounds. This urban soundtrack affects everything from our sleep to wildlife behavior,
making noise management an essential part of modern life.

Sources of Environmental Noise

Sources of noise pollution
• Transportation noise disrupts urban and rural environments

• Road traffic generates constant low-frequency rumble from engines and tires on pavement (cars,
trucks, motorcycles)

• Rail traffic produces rhythmic clacking and screeching from wheels on tracks plus loud horns

• Air traffic creates intense noise during takeoffs/landings and from jet engines overhead

• Industrial activities emit persistent mechanical sounds

• Manufacturing plants operate heavy machinery and assembly lines (conveyor belts, presses)

• Power generation facilities run large turbines and cooling towers (nuclear, coal plants)

• Construction temporarily introduces extreme noise levels

• Heavy equipment like excavators and cranes produce low rumbling and beeping

• Demolition activities create sudden loud crashes and sustained crushing sounds

• Pile driving and drilling generate repetitive pounding and grinding noises

Characteristics of environmental noise
• Frequency content spans audible spectrum

• Low-frequency noise (20-200 Hz) penetrates walls easily (HVAC systems)

• Mid-frequency noise (200-2000 Hz) dominates speech range (traffic, machinery)

• High-frequency noise (2000-20000 Hz) attenuates quickly over distance (power tools)

• Temporal patterns vary in duration and regularity

• Continuous noise maintains steady level (factory hum)

• Intermittent noise fluctuates predictably (traffic signals)
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• Impulsive noise occurs suddenly (door slams, gunshots)

• Spatial distribution depends on source geometry

• Point sources radiate spherically from a single location (loudspeaker)

• Line sources spread cylindrically along a path (highway traffic)

• Area sources emit from a surface (crowd noise in stadium)

• Sound pressure level quantifies intensity in decibels

• Spectral characteristics describe frequency composition

• Broadband noise contains wide range of frequencies (white noise)

• Tonal noise concentrates energy at specific frequencies (alarm)

Effects and Factors of Environmental Noise

Effects of noise on health
• Human health suffers from chronic noise exposure

• Hearing loss and tinnitus develop gradually from sustained loud sounds

• Cardiovascular issues arise including hypertension and increased heart disease risk

• Sleep disturbances lead to fatigue and reduced cognitive function

• Stress and mental health problems like anxiety and depression worsen

• Human well-being declines in noisy environments

• Cognitive performance drops for complex tasks requiring concentration

• Productivity decreases in office and industrial settings

• Communication becomes difficult leading to social isolation

• Quality of life diminishes from constant auditory intrusions

• Wildlife populations face numerous challenges

• Behavioral patterns shift for feeding, mating, and migration

• Reproductive success falls due to missed mating calls and increased stress

• Habitat avoidance forces animals from optimal territories

• Important environmental cues get masked by anthropogenic noise

Urbanization and noise issues
• Increased population density amplifies noise

• More people occupy smaller spaces (apartment buildings)

• Higher concentration of noise sources in cities (traffic, construction)

• Urban expansion encroaches on quiet areas
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• Previously tranquil regions experience new noise pollution

• Natural sound barriers like forests get removed for development

• Transportation networks grow to accommodate population

• New roads increase traffic noise (highways, interchanges)

• Airport expansions create larger noise footprints from flight paths

• Industrial development introduces new noise sources

• Factories and power plants operate in mixed-use urban zones

• Constant construction reshapes cityscapes

• Urban renewal projects generate long-term noise (jackhammers, cranes)

• Green spaces shrink reducing noise absorption

• Parks and undeveloped land get converted to buildings and roads

• 24/7 economy creates perpetual noise

• Night deliveries and shift work extend noisy hours

• Urban planning faces noise mitigation challenges

• Balancing development needs with resident quality of life

• Noise exposure distributes unequally across socioeconomic lines

• Lower-income areas often experience higher noise levels (proximity to industry, airports)

13.2 Noise measurement and assessment methods

Noise Measurement Techniques
Noise measurement gives you the tools to quantify how loud an environment actually is and whether that
noise poses a risk to health or violates regulations. Without reliable measurement, noise control is just
guesswork. This section covers the instruments, metrics, and modeling methods you'll need to understand.

Principles of noise measurement
Sound Level Meters (SLMs) are the primary instrument for measuring environmental noise. An SLM works
by capturing sound with a microphone, amplifying the signal, applying frequency weighting, detecting the
level, and displaying the result.

A few key settings determine what an SLM actually measures:

• Type classification reflects accuracy. Type 0 is a laboratory reference, Type 1 is precision grade (used
for environmental and compliance work), and Type 2 is general purpose (surveys, screening).

• Frequency weighting adjusts the meter's sensitivity to match how humans perceive sound at different
frequencies:

• A-weighting approximates human hearing sensitivity and is the most common for environmental and
occupational noise

• C-weighting has a flatter response and is used for peak measurements and low-frequency noise
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• Z-weighting (zero weighting) applies no filtering at all, capturing the full unweighted spectrum

• Time weighting controls how quickly the meter responds to changes in level. Fast (125 ms) tracks
rapid fluctuations, Slow (1 s) smooths them out, and Impulse (35 ms rise, 1.5 s decay) captures sharp
transient sounds like hammering or gunshots.

Noise dosimeters are worn on a person to measure cumulative noise exposure over a work shift. They
calculate a noise dose, which is the percentage of the maximum allowable daily exposure. The exchange
rate is critical here: a 3 dB exchange rate (used internationally per ISO standards) means every 3 dB
increase halves the allowable exposure time, while a 5 dB exchange rate (used by OSHA in the U.S.) is
more lenient.

Calibration is non-negotiable. You apply an acoustic calibrator (which produces a known sound level,
typically 94 dB or 114 dB at 1 kHz) to the microphone before and after every measurement session. If the
readings drift by more than the acceptable tolerance (usually ±0.5 dB for Type 1), the data may be invalid.

Measurement protocols standardize how data is collected. These specify microphone placement (height,
distance from reflective surfaces), measurement duration, number of samples, and how to account for
background noise. If background noise is within 10 dB of the source you're measuring, you need to apply a
correction; if it's within 3 dB, the measurement may not be usable.

Interpretation of noise data
Raw sound level readings aren't very useful on their own. Noise metrics condense complex, fluctuating
sound into single numbers that describe different aspects of the noise environment.

Equivalent Continuous Sound Level ( ) is the most widely used metric. It represents the steady sound
level that would contain the same acoustic energy as the actual fluctuating noise over a given time period

:

where  is the instantaneous sound pressure and  is the reference pressure (20 µPa). This is the
go-to metric for traffic noise studies, industrial noise assessments, and most regulatory contexts.

Day-Night Average Sound Level ( ) is a 24-hour metric that adds a 10 dB penalty to nighttime noise (10
PM to 7 AM) to account for increased sensitivity during sleeping hours:

where  is the daytime  and  is the nighttime . This metric is commonly used for community
noise evaluation around airports and in urban planning. A related metric, , adds an additional 5 dB
penalty for evening hours (used in EU regulations).

Statistical noise levels describe the variability of a noise environment by indicating the level exceeded for a
certain percentage of the measurement period:

•  is the level exceeded 10% of the time, representing the louder portions of the noise climate (often
used to characterize traffic noise peaks)

•  is the median noise level

•  is the level exceeded 90% of the time, representing the background noise level with occasional
louder events stripped away

Other important metrics:
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•  and  capture the highest and lowest sound levels recorded during the measurement period

• Sound Exposure Level (SEL) normalizes a single noise event to a one-second duration, making it
possible to compare events of different lengths. This is standard for assessing aircraft flyovers, train
pass-bys, and similar discrete events

• Long-term averages are built from multiple short-term measurements to characterize noise over days,
weeks, or seasons

Noise Assessment and Compliance

Noise mapping and prediction
Noise mapping translates measurement data and model outputs into visual representations of how noise is
distributed across an area. These maps are typically color-coded contour maps produced using
Geographic Information Systems (GIS), where each color band represents a range of noise levels (e.g.,
55–60 dB, 60–65 dB).

Since you can't measure every point in a city, interpolation techniques estimate noise levels between
measurement locations. Common methods include kriging (which accounts for spatial correlation in the
data) and inverse distance weighting (which assumes closer points have more influence).

Noise prediction models simulate how sound propagates from source to receiver. They all follow the
source-path-receiver framework:

1. Source: Characterize the emission (sound power level, directivity, spectrum)

2. Path: Account for geometric spreading, atmospheric absorption, ground effects, terrain shielding, and
meteorological conditions (wind, temperature gradients)

3. Receiver: Determine the resulting level at the point of interest

Several standardized models exist for different applications:

• ISO 9613 for industrial and general environmental noise

• CNOSSOS-EU for strategic noise mapping across the European Union (covers road, rail, aircraft, and
industrial sources)

• NMPB-Routes for road traffic noise (French method, widely adopted)

Software packages like SoundPLAN, CadnaA, IMMI, and NoiseModelling implement these models and
handle the complex calculations. After running a model, you validate it by comparing predicted levels with
actual field measurements at selected points.

Scenario analysis is where prediction models become especially powerful. You can test the effect of
proposed interventions (adding a noise barrier, rerouting traffic, changing building layouts) before any
money is spent.

Compliance with noise standards
Noise regulations exist at multiple levels. International standards like the ISO 1996 series define
measurement and assessment procedures, while the WHO Environmental Noise Guidelines recommend
exposure limits based on health evidence (e.g.,  below 53 dB for road traffic noise to avoid serious
health effects). National and local regulations then set enforceable limits that vary by land use zone
(residential, commercial, industrial) and time of day.
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A noise impact assessment typically follows these steps:

1. Conduct a baseline noise survey to document existing conditions

2. Predict future noise levels using models that account for the proposed development or change

3. Compare predicted levels against applicable regulatory limits and guidelines

4. If levels exceed limits, identify and recommend noise control measures

Noise control measures fall into three categories, applied in order of preference:

• Source control: Use quieter equipment, modify operations, reduce speeds, or limit hours of noisy
activity

• Path control: Install noise barriers, increase the distance between source and receiver, or use terrain
to block sound

• Receiver control: Improve building sound insulation, install acoustic windows, or adjust land use
planning to keep sensitive uses away from noise sources

Compliance reports must document the measurement methods used, state the measurement uncertainty
(typically ±1–3 dB depending on conditions and instrument class), provide clear compliance or
non-compliance statements, and recommend noise reduction measures where needed.

13.3 Noise control strategies and regulations
Noise control strategies are crucial for managing sound in various environments. From source control to
receiver protection, these methods aim to minimize noise generation, interrupt transmission, and safeguard
individuals from excessive exposure.

Regulations and planning play a vital role in noise management. Land-use planning separates noisy areas
from sensitive zones, while noise regulations set limits and guidelines. These measures ensure healthier,
more comfortable living and working spaces for everyone.

Noise Control Strategies

Noise control strategy comparison
• Source control minimizes noise generation at origin modifies equipment or processes implements
quieter technologies (electric motors instead of combustion engines)

• Path control interrupts noise transmission between source and receiver uses barriers enclosures or
distance employs sound-absorbing materials (acoustic panels or green walls)

• Receiver control protects individuals from noise exposure utilizes personal protective equipment limits
exposure time or relocates sensitive receivers (noise-canceling headphones or earplugs)

Principles of noise mitigation
• Noise barriers block direct sound path effectiveness depends on height and position materials include
concrete wood metal or transparent panels (highway sound walls or acoustic fences)

• Sound insulation prevents sound transmission through building elements measured by Sound
Transmission Class ranges from 20 to 60+ for typical building materials double-wall construction
improves performance (adding mass or creating air gaps)
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• Sound absorption converts sound energy into heat uses porous materials absorption coefficient
ranges from 0 to 1 (carpets curtains or acoustic ceiling tiles)

Regulations and Planning

Land-use planning for noise management
• Separates noise-sensitive areas from noise sources establishes buffer zones between incompatible
land uses (residential areas away from industrial zones)

• Implements noise overlay zones in urban planning considers future noise impacts in development
decisions

• Integrates noise mapping into urban planning processes identifies hot spots and quiet areas (3D noise
models or GIS-based noise maps)

Key features of noise regulations
• World Health Organization guidelines recommend noise limits for various environments use
day-evening-night noise level for overall exposure night noise level for sleep disturbance prevention (45
dB Lnight outdoor for residential areas)

• National regulations vary by country and jurisdiction set maximum permissible noise levels include
time-of-day restrictions (65 dB daytime 55 dB nighttime for residential areas)

• Environmental Noise Directive in European Union requires noise mapping and action plans focuses
on road rail aircraft and industrial noise (5-year update cycle for major cities)

• Occupational noise exposure limits set by agencies like OSHA or EU-OSHA typically use 8-hour
time-weighted average (85 dBA TWA with hearing conservation program)

• Enforcement mechanisms include fines for non-compliance mandatory noise reduction plans regular
monitoring and reporting requirements (annual noise audits or continuous monitoring systems)

13.4 Active noise control systems
Active noise control systems use destructive interference to cancel unwanted noise. They generate
"anti-noise" with equal amplitude and opposite phase to neutralize primary noise. ANC systems adapt
continuously to changing environments, working best at low frequencies below 500 Hz.

Key components include reference sensors to detect noise, error sensors for feedback, control algorithms
to process data, and secondary sources to produce anti-noise. ANC excels where passive methods
struggle, offering compact, adaptable solutions for specific noise sources.

Principles and Components of Active Noise Control Systems

Principles of active noise control
• Destructive interference of sound waves cancels out unwanted noise

• "Anti-noise" generated with equal amplitude and opposite phase neutralizes primary noise

• ANC systems continuously adapt to changing noise environments for optimal performance

• Effective primarily in low-frequency ranges (below 500 Hz)
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Components of ANC systems
• Reference sensors detect primary noise source providing crucial input for control algorithm

• Error sensors measure residual noise offering feedback on system performance

• Control algorithm processes sensor data and generates anti-noise signal (FXLMS, RLS)

• Secondary sources (actuators) produce anti-noise signal (loudspeakers, piezoelectric devices)

ANC vs passive noise control
• ANC excels at low frequencies where passive methods struggle

• Compact and lightweight design ideal for space-constrained applications

• Adaptable to changing noise conditions unlike static passive solutions

• Can target specific noise sources with precision

• Less effective at high frequencies compared to passive methods

• Requires power source limiting deployment in some scenarios

• Higher complexity and cost than simple passive solutions

Challenges in ANC implementation
• Computational complexity demands powerful processors for real-time operation

• Multiple noise source environments create complex soundfields difficult to cancel

• Non-linear and time-varying systems challenge traditional control algorithms

• Acoustic feedback between secondary sources and error sensors can destabilize system

• Limited spatial coverage restricts effectiveness in large open spaces
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Unit 14 – Ultrasound and Its Applications
14.1 Physics of ultrasonic waves

14.1 Physics of ultrasonic waves
Ultrasonic waves are mechanical vibrations with frequencies above the human hearing range (greater than
20 kHz). Understanding their physics is essential for applications like medical imaging, industrial testing,
and nondestructive evaluation. The behavior of these waves depends on their frequency, wavelength,
propagation speed, and the properties of the medium they travel through.

Generating and detecting ultrasonic waves typically relies on piezoelectric transducers, which convert
electrical energy into mechanical vibrations and back again. Other methods exist too, including
magnetostrictive transducers, electromagnetic acoustic transducers (EMATs), and laser-generated
ultrasound.

Fundamentals of Ultrasonic Waves

Characteristics of ultrasonic waves
Ultrasonic waves are mechanical waves, which means they need a medium to travel through (air, water,
solids). They can't propagate in a vacuum. What sets them apart from audible sound is simply their
frequency: anything above 20 kHz counts as ultrasonic, and practical applications use frequencies ranging
from tens of kilohertz up to several gigahertz.

Three core properties define any ultrasonic wave:

• Frequency measures wave cycles per second in Hertz. Higher frequencies give better resolution in
imaging but get absorbed more quickly by the medium.

• Wavelength is the distance between consecutive wave crests, inversely proportional to frequency:

where  is wavelength,  is wave speed, and  is frequency. A higher frequency means a shorter
wavelength, which is why high-frequency ultrasound can detect smaller features.

• Propagation speed is how fast the wave moves through a given medium. It depends on the material's
density and elasticity, not on the wave's frequency (in most cases). For a fluid, it's calculated as:

where  is the bulk modulus (a measure of the material's resistance to compression) and  is its density.
Stiffer materials with lower density transmit ultrasound faster. For example, ultrasound travels at roughly
1,480 m/s in water but around 5,960 m/s in steel.

Generation and detection methods
Piezoelectric transducers are by far the most common way to generate and detect ultrasound. They rely on
the piezoelectric effect, where certain materials (quartz crystals, lead zirconate titanate ceramics) deform
when voltage is applied, and generate voltage when deformed.

How generation works:



Fiveable archived study guides Page 108

1. An alternating electrical signal is applied to the piezoelectric crystal.

2. The crystal vibrates at the frequency of the applied signal.

3. These mechanical vibrations propagate into the surrounding medium as ultrasonic waves.

How detection works:

1. Incoming ultrasonic waves strike the crystal and cause it to deform.

2. The deformation generates a small electrical signal.

3. That signal is amplified and processed to extract information about the wave.

The same transducer often serves as both transmitter and receiver, switching between roles rapidly.

Alternative generation methods include:

• Magnetostrictive transducers exploit the tendency of ferromagnetic materials to change shape in a
magnetic field. They're commonly used at lower ultrasonic frequencies.

• Electromagnetic acoustic transducers (EMATs) generate ultrasound directly in a conductive material
using the Lorentz force, without needing physical contact with the surface.

• Laser-generated ultrasound uses a pulsed laser to create rapid, localized thermal expansion on a
surface, launching an ultrasonic wave. This is useful for remote or non-contact inspection.

Ultrasonic Wave Behavior and Propagation

Interaction with matter
When ultrasonic waves encounter boundaries or travel through materials, three main phenomena occur:

•

Reflection happens at boundaries between different media. The angle of incidence equals the angle of
reflection, just like with light. How much energy reflects depends on the acoustic impedance mismatch
between the two materials. A large mismatch (like a water-air interface) reflects almost all the energy,
which is why gel is used in medical ultrasound to eliminate air gaps between the transducer and skin.

•

Refraction bends the wave's path when it passes from one medium into another at an angle. This follows
Snell's law:

where  and  are the angles in each medium, and  and  are the respective wave speeds. If the
wave enters a faster medium, it bends away from the normal.

• Attenuation is the gradual loss of wave energy as it travels, caused by absorption (energy converted
to heat) and scattering (energy redirected in other directions). It follows an exponential decay:

where  is the initial amplitude,  is the distance traveled, and  is the attenuation coefficient (which
depends on the material and frequency). Higher frequencies attenuate faster, creating a trade-off between
resolution and penetration depth.
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Factors in wave propagation
Acoustic impedance is one of the most important concepts for understanding how ultrasound behaves at
interfaces. It's defined as:

where  is density and  is wave speed. When two materials have very different  values, most of the
wave energy reflects at their boundary. When their  values are similar, most energy transmits through.
This is the principle behind tissue imaging: different tissue types have slightly different impedances,
producing reflections that form the image.

Medium properties that affect wave behavior include:

• Density influences both speed and acoustic impedance.

• Elasticity (bulk modulus, Young's modulus) directly impacts propagation speed.

• Temperature alters both density and elasticity, changing wave speed. In water, for instance,
ultrasound speed increases by about 2.5 m/s per degree Celsius near room temperature.

Several additional effects shape how ultrasonic waves propagate:

• Dispersion occurs when wave speed varies with frequency. This can distort short ultrasonic pulses as
they travel, since different frequency components arrive at different times.

• Scattering redirects wave energy when the wave encounters particles or inhomogeneities smaller than
or comparable to the wavelength. In medical ultrasound, scattering from small structures in tissue
contributes to the speckle pattern seen in images.

• Nonlinear effects become significant at high wave amplitudes. The wave shape distorts as it
propagates, generating harmonics (multiples of the original frequency). This is exploited in techniques
like harmonic imaging and even acoustic levitation.

• Mode conversion can occur at boundaries, where a wave changes type (for example, a longitudinal
wave partially converting into a shear wave upon reflection from a solid surface). This is particularly
relevant in ultrasonic welding and angle-beam inspection of solids.

14.2 Medical applications of ultrasound
Ultrasound has revolutionized medical diagnostics and treatment. It offers non-invasive imaging for various
body parts, from fetal development to heart function. This versatile technology also provides therapeutic
benefits, like breaking down kidney stones and targeting tumors.

Ultrasound imaging uses sound waves to create visual representations of internal structures. Different
modes, such as A-mode and B-mode, offer unique insights. Doppler imaging adds the ability to measure
blood flow, making ultrasound invaluable for vascular and cardiac assessments.

Diagnostic Applications of Ultrasound

Medical applications of ultrasound
• Diagnostic imaging applications revolutionize medical visualization

• Obstetrics and gynecology monitor fetal development and detect abnormalities

• Cardiology assesses heart structure and function (echocardiography)
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• Abdominal imaging examines liver, kidneys, and other organs for pathologies

• Musculoskeletal imaging evaluates joints, tendons, and ligaments for injuries

• Vascular imaging detects blood clots and assesses blood flow in vessels

• Therapeutic applications harness ultrasound energy for treatment

• Physical therapy and pain management reduce inflammation and promote healing

• Lithotripsy breaks down kidney stones without invasive surgery

• High-Intensity Focused Ultrasound (HIFU) ablates tumors with precision

• Surgical applications enhance precision and safety

• Guidance for minimally invasive procedures improves accuracy (needle biopsies)

• Intraoperative imaging provides real-time feedback during surgeries

Principles of ultrasound imaging
• A-mode (Amplitude mode) imaging provides one-dimensional tissue representation 1. Transmits
ultrasound pulses into tissue 2. Measures echo amplitude from tissue interfaces 3. Displays echo
amplitude vs depth on a graph 4. Used in ophthalmology for eye measurements and some therapeutic
applications

• B-mode (Brightness mode) imaging creates two-dimensional tissue visualizations 1. Combines
multiple A-mode scans across an area 2. Converts echo intensities into varying brightness levels 3.
Produces grayscale image of tissue structures 4. Most common form of ultrasound imaging (abdominal
scans)

• Doppler imaging measures blood flow based on frequency shifts 1. Utilizes Doppler effect to detect
moving reflectors (blood cells) 2. Measures blood flow velocity and direction 3. Types include
Continuous wave, pulsed wave, and color Doppler 4. Applications in vascular studies and cardiac
assessments

Ultrasound vs other imaging modalities
• Advantages of ultrasound enhance its clinical utility

• Non-ionizing radiation ensures safety for frequent use and sensitive patients

• Real-time imaging capability allows dynamic assessments (fetal movements)

• Portability and cost-effectiveness enable point-of-care diagnostics

• No known long-term side effects make it suitable for repeated examinations

• Limitations of ultrasound influence its applicability

• Limited penetration in some tissues hinders imaging (bone, air-filled structures)

• Operator-dependent technique requires skilled technicians for accurate results

• Lower resolution compared to some modalities (CT, MRI) for certain applications

• Difficulty imaging obese patients due to increased tissue attenuation
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Therapeutic uses of ultrasound
• Lithotripsy non-invasively treats kidney stones 1. Employs focused shock waves to break down stones
2. Fragments stones for easier passage through urinary tract 3. Offers non-invasive alternative to
surgical removal 4. Reduces recovery time and complications compared to traditional surgery

• High-Intensity Focused Ultrasound (HIFU) targets and destroys abnormal tissues 1. Focuses
high-energy ultrasound waves to generate localized heat 2. Ablates targeted tissue while sparing
surrounding healthy areas 3. Applications include prostate cancer treatment, uterine fibroid removal,
and brain disorder management 4. Minimizes side effects and recovery time compared to traditional
surgeries

• Other therapeutic applications expand ultrasound's medical utility

• Physical therapy for muscle and joint pain reduces inflammation (tendinitis)

• Wound healing acceleration promotes tissue repair and regeneration

• Transdermal drug delivery enhances medication absorption through the skin

14.3 Industrial and scientific uses of ultrasound
Ultrasound isn't just for medical imaging. It's a powerhouse in industry, cleaning parts, welding materials,
and even manipulating particles. These high-frequency sound waves are revolutionizing manufacturing
processes, making them faster, cleaner, and more precise.

From cavitation cleaning to acoustic levitation, ultrasound's versatility is mind-blowing. It's changing how
we weld, test materials, and even process food. The best part? It's often safer and more efficient than
traditional methods.

Industrial Applications of Ultrasound

Applications of ultrasound in industry
• Cleaning applications utilize cavitation to remove contaminants from industrial parts, jewelry, and
medical instruments

• Welding and soldering processes join materials through high-frequency vibrations (plastic, metal,
microelectronics)

• Particle manipulation employs acoustic forces for levitation and separation of materials

• Material testing detects flaws and measures thickness non-destructively

• Sonochemistry enhances chemical reactions and synthesizes nanoparticles

• Food processing homogenizes mixtures and extracts compounds

Principles of ultrasonic cleaning
• Cavitation process forms microscopic bubbles in liquid that implode creating localized high pressure
and temperature

• Acoustic streaming induces fluid motion enhancing contaminant removal

• Advantages over conventional cleaning include:
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• Cleans complex geometries and hard-to-reach areas

• Removes microscopic contaminants more effectively

• Reduces use of harsh chemicals

• Improves time efficiency

• Produces consistent cleaning results

Ultrasound in welding processes
• Ultrasonic welding mechanism uses high-frequency vibrations (20-40 kHz) to generate friction heat for
localized melting and fusion

• Joins thermoplastics and metals (thin sheets, wires)

• Ultrasonic soldering removes oxide layers through cavitation improving solder wetting

• Manufacturing advantages:

1. Fast process (< 1 second)

2. No external heat source needed

3. Suitable for heat-sensitive components

4. Clean process without fumes or flux residues

Particle manipulation with ultrasound
• Acoustic levitation creates standing waves with nodes and antinodes balancing gravitational and
acoustic forces

• Applications include containerless processing, droplet dynamics study, and crystallization experiments

• Particle separation techniques use acoustic radiation force based on particle acoustic properties

• Acoustophoresis moves particles in acoustic fields for cell sorting in microfluidic devices

• Scientific research advantages:

• Non-contact sample manipulation

• Precise particle positioning control

• Applicable to wide range of particle sizes and types (microscopic to millimeter-scale)

14.4 Ultrasonic imaging and non-destructive testing
Ultrasonic imaging uses high-frequency sound waves to peek inside materials without damaging them. It's
like having X-ray vision, but with sound! This technique is super useful for finding hidden flaws in
everything from metal pipes to human bodies.

The quality of ultrasonic images depends on a bunch of factors. Things like the frequency of the sound
waves, the type of sensor used, and even the material being scanned all play a role. It's a bit like adjusting
your camera settings to get the perfect photo.
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Ultrasonic Imaging Principles and Applications

Principles of ultrasonic imaging
• Ultrasonic imaging fundamentals

• High-frequency sound waves (1-50 MHz) penetrate materials to create images

• Piezoelectric transducers convert electrical energy into mechanical vibrations generating sound waves

• Waves propagate through materials interacting with internal structures

• Reflected or transmitted waves detected to form images of internal features

• Principles of wave interaction with materials

• Reflection occurs at interfaces between materials with different acoustic impedances (steel-air
boundary)

• Refraction bends waves when passing through boundaries at an angle (water-steel interface)

• Attenuation reduces wave amplitude as it travels through a medium due to absorption and scattering

• Image formation process

• Time-of-flight measurements determine depth of reflectors based on wave travel time

• Amplitude analysis of reflected signals indicates strength of reflectors (large void vs small crack)

• Signal processing techniques reconstruct 2D or 3D images from raw data (B-scan, C-scan)

• Applications in non-destructive testing

• Flaw detection identifies internal defects without damaging the material (cracks, voids, inclusions)

• Thickness measurements determine material thickness without access to both sides (pipe wall
thickness)

• Material characterization assesses properties like grain size or elastic moduli

• Weld inspection evaluates quality and integrity of welded joints

• Composite material evaluation detects delaminations or foreign object inclusions

Ultrasonic NDT Techniques and System Factors

Ultrasonic NDT techniques
• Pulse-echo technique

• Single transducer transmits and receives ultrasonic pulses

• Time delay between transmitted and reflected signals measures depth of reflectors

• Detects flaws and measures thickness in various materials (metals, plastics, composites)

• Through-transmission technique

• Separate transmitter and receiver positioned on opposite sides of test object

• Measures signal attenuation to detect flaws or variations in material properties
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• Inspects materials with high attenuation (rubber, some composites)

• Phased array technique

• Multiple element transducer array electronically steers and focuses beam

• Improves inspection coverage and flexibility by sweeping beam without moving probe

• Creates sector scans for weld inspection or curved surface examination

• Time-of-flight diffraction (TOFD) technique

• Two transducers in pitch-catch arrangement detect diffracted waves from flaw tips

• Accurately sizes and positions flaws based on diffraction patterns

• Widely used for weld inspection in critical applications (nuclear, aerospace)

Factors in ultrasonic imaging quality
• Frequency of ultrasound

• Higher frequencies (10-50 MHz) improve resolution but reduce penetration depth

• Lower frequencies (1-5 MHz) increase penetration but reduce resolution

• Transducer characteristics

• Bandwidth affects axial resolution determining ability to separate closely spaced reflectors

• Element size influences lateral resolution impacting minimum detectable flaw size

• Focusing capabilities shape beam to enhance resolution in specific regions

• Material properties

• Acoustic impedance mismatch determines reflection and transmission at interfaces

• Attenuation reduces signal strength limiting inspection depth in highly attenuative materials

• Signal-to-noise ratio (SNR)

• Higher SNR improves detection of small flaws or subtle features in noisy materials

• Influenced by system electronics noise and material scattering properties

• Scanning parameters

• Step size affects spatial sampling determining image detail and smallest detectable features

• Scan speed impacts data acquisition rate balancing inspection time and resolution

• Signal processing techniques

• Filtering methods reduce noise enhancing flaw detection in challenging materials

• Image enhancement algorithms improve contrast and feature visibility in reconstructed images

Ultrasonic vs other NDT methods
• Advantages of ultrasonic NDT
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• Non-invasive inspection preserves material integrity for continued use

• High sensitivity detects flaws as small as fractions of a millimeter

• Subsurface inspection capabilities examine internal structures without disassembly

• Portable equipment enables on-site inspections in various environments

• Real-time imaging allows immediate assessment of component condition

• Minimal safety hazards compared to radiographic methods reducing personnel risk

• Limitations of ultrasonic NDT

• Skilled operators required for proper setup and result interpretation

• High attenuation materials (rubber, some plastics) challenging to inspect

• Complex geometries or rough surfaces complicate signal coupling and interpretation

• Coupling medium (water, gel) needed between transducer and test object

• Near-surface defects difficult to detect in certain pulse-echo configurations

• Comparison with other NDT methods

• X-ray radiography better detects volumetric flaws but poses radiation hazards

• Eddy current testing effectively finds surface and near-surface flaws in conductive materials

• Magnetic particle testing limited to ferromagnetic materials and surface/near-surface flaws

• Liquid penetrant testing only detects surface-breaking defects but simple to apply
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Unit 15 – Infrasound and Low–Frequency
Acoustics
15.1 Characteristics and sources of infrasound
Infrasound, the hidden world of sound below our hearing range, surrounds us daily. From elephants
chatting to volcanoes rumbling, these low-frequency waves travel vast distances, penetrating solid
structures and influencing our environment in ways we can't directly perceive.

Detecting and studying infrasound poses unique challenges. Specialized equipment, advanced signal
processing, and global monitoring networks are essential to uncover the secrets of these elusive waves.
Understanding infrasound opens doors to natural disaster prediction and environmental monitoring.

Understanding Infrasound

Definition of infrasound
• Sound waves below human hearing threshold oscillate at frequencies under 20 Hz

• Audible sound ranges from 20 Hz to 20 kHz encompassing human hearing spectrum

• Ultrasound vibrates above 20 kHz used in medical imaging and industrial applications

Sources of infrasound
• Natural phenomena generate low-frequency waves

• Geological events release energy (earthquakes, volcanic eruptions, landslides)

• Atmospheric disturbances create pressure fluctuations (thunderstorms, tornadoes, auroras)

• Large animals communicate using infrasonic calls (elephants, blue whales)

• Human activities produce artificial infrasound

• Industrial processes emit low-frequency vibrations (wind turbines, heavy machinery)

• Transportation vehicles generate infrasonic waves (jets, cargo ships)

• Explosions and weapons testing create powerful infrasonic pulses (nuclear tests, sonic booms)

Properties of infrasound waves
• Long wavelengths enable propagation over vast distances with minimal energy loss

• Low atmospheric absorption allows waves to travel globally

• Solid structure penetration facilitates detection through barriers

• Diffraction around obstacles enhances wave propagation in complex environments

• Resonance potential in large structures can amplify effects (bridges, skyscrapers)

• Ionospheric interaction influences wave propagation in upper atmosphere
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• Non-linear effects at high amplitudes distort wave shape and energy distribution

Challenges in infrasound detection
• Specialized equipment required for accurate measurement

• Low-frequency microphones with extended bass response

• Large aperture arrays to improve signal-to-noise ratio

• Environmental noise interference complicates signal isolation

• Wind-induced pressure fluctuations mask infrasonic signals

• Anthropogenic sources create background noise (traffic, industrial activity)

• Advanced signal processing techniques necessary for analysis

• Digital filtering to remove unwanted frequency components

• Cross-correlation analysis to identify coherent signals

• Sensor calibration ensures accurate amplitude and phase response

• Source discrimination techniques differentiate multiple infrasound generators

• Human perception limitations necessitate instrumental detection

• Global monitoring networks essential for comprehensive data collection

• Time-frequency analysis challenges arise from long-duration, low-frequency signals

15.2 Propagation of low-frequency sound

Atmospheric and Environmental Factors
Atmospheric factors play a crucial role in how low-frequency sound propagates. Temperature, wind, and
ground impedance all affect how sound waves travel, bend, and interact with surfaces. These elements
can create unique phenomena like sound channels and shadow zones, and they explain why infrasound
can travel thousands of kilometers while higher-frequency sounds fade out relatively quickly.

Atmospheric Effects on Sound Propagation
Atmospheric absorption has minimal impact on low-frequency sound. Absorption increases with both
frequency and humidity, so higher frequencies attenuate much more rapidly than infrasound does. This is
one of the main reasons infrasound can propagate over such long distances.

Refraction bends sound waves when the speed of sound changes along the wave's path. Two main factors
cause these speed changes:

• Temperature gradients cause sound to bend toward cooler air (where sound speed is lower).

• Wind gradients cause sound to bend against the wind direction (into the slower-moving air mass).

These refraction effects are what create shadow zones (areas where sound doesn't reach) and sound
channels (areas where sound gets focused and travels efficiently).

Atmospheric turbulence scatters sound waves, creating fluctuations in both amplitude and phase. High
frequencies are affected more than low frequencies, which gives infrasound yet another propagation
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advantage.

The atmosphere's layered structure also matters. The troposphere, stratosphere, and thermosphere each
influence propagation differently. The thermosphere, for example, can reflect infrasound back down to
Earth's surface, enabling detection at very long range.

Ground Impedance in Infrasound
Ground impedance describes how much a surface resists the propagation of sound waves at the
boundary. It depends on several physical properties:

• Soil composition and moisture content: Wet soil has higher impedance than dry soil.

• Surface hardness: Concrete and asphalt have higher impedance than grass or forest floor.

• Vegetation cover: Dense vegetation tends to lower effective impedance by absorbing sound energy.

Hard, high-impedance surfaces reflect more sound energy, while soft, low-impedance surfaces absorb
more. This distinction matters because of the ground effect: interference between the direct sound wave
and the wave reflected off the ground. For low frequencies, this interference is especially pronounced,
producing regions of constructive interference (louder sound) and destructive interference (quieter sound)
that can significantly shape what a receiver detects.

Temperature and Wind Gradient Influences
The speed of sound in air depends on temperature according to:

where  is the speed in m/s and  is the temperature in degrees Celsius. Sound travels faster in warmer
air.

Temperature gradients shift throughout the day:

• Daytime: The ground heats the air near the surface, so temperature decreases with height. Sound
refracts upward, away from the ground, creating shadow zones at the surface.

• Nighttime: The ground cools and air near the surface becomes cooler than the air above (a
temperature inversion). Sound refracts downward, which is why distant sounds often seem louder at
night.

Wind gradients add another layer. Wind speed typically increases with altitude, so:

• Downwind: The effective sound speed increases with height, bending sound downward toward the
ground.

• Upwind: The effective sound speed decreases with height, bending sound upward and creating
shadow zones.

Temperature and wind gradients can reinforce or counteract each other. When both push sound downward
in the same direction, a strong sound channel forms. When they oppose each other, propagation becomes
more complex, with partial shadow zones and uneven coverage.

Long-Range Characteristics of Infrasound
Infrasound's ability to travel vast distances comes from several reinforcing factors:
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• Waveguide effect: Sound gets trapped between atmospheric layers that act as boundaries,
channeling it horizontally over thousands of kilometers. This is the primary mechanism behind extreme
long-range propagation.

• Low atmospheric absorption: As noted above, absorption at infrasonic frequencies is minimal
compared to audible sound.

• Geometric spreading: Sound intensity still decreases with distance (inversely proportional to distance
for a waveguide, inversely proportional to distance squared for free-field spreading), but this is the
dominant loss mechanism for infrasound rather than absorption.

Ducting is a specific form of waveguide propagation that occurs in the stratosphere and thermosphere.
Temperature increases in the stratosphere (due to ozone heating) and in the thermosphere (due to solar
radiation absorption) create conditions where infrasound refracts back downward, bouncing repeatedly
between these layers and the ground.

Infrasound also diffracts efficiently around large obstacles like mountains and buildings, because its
wavelengths (tens to hundreds of meters) are comparable to or larger than these features. This means
terrain doesn't block infrasound the way it blocks higher-frequency sound.

In extreme cases, infrasound can propagate around the entire Earth multiple times. This global reach
makes it valuable for practical monitoring applications:

• Nuclear test detection: The International Monitoring System uses infrasound stations worldwide as
part of the Comprehensive Nuclear-Test-Ban Treaty verification regime.

• Volcanic eruption monitoring: Large eruptions produce strong infrasonic signals detectable at
thousands of kilometers.

• Severe weather tracking: Hurricanes, tornadoes, and large thunderstorms all generate characteristic
infrasound signatures.

15.3 Effects of infrasound on humans and structures
Infrasound, sound below 20 Hz, affects humans in unique ways. It can be heard, felt, and sensed through
various body systems. While often unnoticed, infrasound can cause physical and psychological effects,
from sleep disturbances to mood changes.

Buildings aren't immune to infrasound either. It can make structures vibrate, especially if the frequency
matches the building's natural resonance. Factors like construction materials, distance from the source,
and environmental conditions all play a role in how infrasound impacts buildings.

Human Perception and Health Effects of Infrasound

Human perception of infrasound
• Hearing threshold generally falls below 20 Hz varies among individuals depending on age and
auditory health

• Perception mechanisms engage auditory system detects pressure fluctuations, tactile sensations felt
through skin and internal organs, vestibular system senses motion and balance (inner ear)

• Common physiological effects manifest as pressure or fullness in ears similar to altitude changes,
chest vibrations felt internally, feelings of awe or fear evoked by subliminal stimuli
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• Factors affecting perception include sound pressure level measured in dB, exposure duration ranging
from seconds to hours, individual sensitivity influenced by genetics and prior exposure

Health impacts of infrasound exposure
• Sleep disturbances disrupt circadian rhythms causing difficulty falling asleep and reduced sleep
quality leading to daytime fatigue

• Cognitive effects impair mental processes decreasing concentration and task performance (reading,
problem-solving)

• Cardiovascular impacts alter physiological functions changing heart rate and potentially affecting
blood pressure regulation

• Psychological effects increase stress and anxiety levels induce mood changes (irritability, depression)

• Balance and spatial orientation issues arise from vestibular system disruption causing dizziness and
disorientation

• Chronic fatigue develops over time due to cumulative effects of sleep disturbances and physiological
stress

Infrasound Effects on Structures

Infrasound resonance in structures
• Natural frequencies of buildings typically fall within infrasound range dependent on height and
construction materials (steel, concrete)

• Resonance phenomenon amplifies vibrations at specific frequencies transfers energy from infrasound
waves to structural elements

• Structural responses manifest as swaying or oscillation in tall buildings (skyscrapers), rattling of
windows and loose objects (picture frames, dishes)

• Potential damage mechanisms include fatigue stress on building materials weakening structural
integrity over time through repeated flexing and vibration

Factors in infrasound vibration severity
• Source characteristics determine impact through frequency content of infrasound (1-20 Hz), sound
pressure level measured in dB, duration of exposure from intermittent to continuous

• Structural properties influence susceptibility including natural frequency of the building, damping
characteristics absorb vibrations, construction materials and methods (steel frame vs. masonry)

• Environmental factors affect transmission including ground composition and transmissibility (bedrock
vs. sediment), presence of other structures in urban vs. rural settings

• Distance from infrasound source impacts intensity follows inverse square law

• Geometry and orientation of structure relative to source affects exposure surface area and angle

• Coupling efficiency between infrasound and structure determines energy transfer effectiveness varies
with material properties and structural design
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15.4 Monitoring and applications of infrasound
Infrasound monitoring techniques use specialized equipment to detect low-frequency sound waves. These
methods are crucial for studying atmospheric phenomena, volcanic activity, and seismic events. They also
play a key role in early warning systems for natural disasters.

Non-destructive testing with infrasound has wide-ranging applications. From assessing structural integrity
to detecting pipeline leaks, this technology helps maintain safety in various industries. It's even used in
aerospace and manufacturing for quality control.

Infrasound Monitoring Techniques and Applications

Techniques for infrasound monitoring
• Microbarometers measure small pressure variations in atmosphere with high sensitivity to detect
low-frequency sound waves (0.001 to 100 Hz)

• Infrasound arrays utilize multiple sensors arranged in geometric patterns (triangular, star) to improve
signal detection and source localization

• Data acquisition systems employ analog-to-digital converters with high-resolution sampling (≥100 Hz)
for accurate waveform capture

• Signal processing techniques involve frequency domain analysis and time-frequency analysis
methods (spectrograms, wavelet transforms)

• Noise reduction methods incorporate wind noise reduction systems (porous hoses, pipe arrays) and
spatial filtering techniques (beam forming)

Infrasound in atmospheric studies
• Atmospheric dynamics detection characterizes gravity waves and monitors jet streams and
large-scale phenomena (stratospheric warming events)

• Volcanic activity monitoring detects eruptions, ash plumes, and characterizes eruption intensity and
duration (Krakatoa, Mount St. Helens)

• Seismic activity analysis complements seismometer data for earthquake detection and analyzes
coupled seismo-acoustic waves

• Meteorite detection tracks bolide entries into atmosphere and estimates size and trajectory
(Chelyabinsk meteor)

• Climate studies involve long-term monitoring of atmospheric pressure variations and investigate
correlations between infrasound and climate patterns (El Niño)

Applications in warning systems
• Tsunami detection monitors underwater earthquakes and landslides for rapid assessment of tsunami
potential (Indian Ocean Tsunami Warning System)

• Severe weather prediction detects tornadoes, severe storms, and monitors hurricane intensity and
movement (NOAA's Hurricane Hunter aircraft)

• Nuclear test monitoring verifies compliance with test ban treaties and discriminates between nuclear
explosions and other sources (CTBTO)
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• Avalanche detection provides early warning for mountain communities and monitors snow pack
instability (Swiss Alps Monitoring Network)

• Industrial accident detection monitors chemical plants and refineries for rapid response to explosions
or large-scale releases (Texas City refinery explosion)

Infrasound for non-destructive testing
• Structural integrity assessment detects hidden defects in large structures and monitors bridge and
building resonances (Golden Gate Bridge)

• Pipeline leak detection performs long-range acoustic monitoring of gas and liquid pipelines to identify
small leaks early (Trans-Alaska Pipeline)

• Aircraft and spacecraft testing detects aerodynamic anomalies during flight tests and monitors engine
performance and structural integrity (NASA's X-planes)

• Quality control in manufacturing detects internal defects in large castings or forgings and monitors
industrial processes for anomalies (steel production)

• Underground cavity detection maps structures and voids and assesses mine stability and potential
sinkholes (Carlsbad Caverns)
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Unit 16 – Acoustic Levitation and
Nonlinear Acoustics
16.1 Principles of acoustic levitation

Fundamentals of Acoustic Levitation
Acoustic levitation uses sound waves to suspend small objects in mid-air without any physical contact. The
technique works by generating pressure forces strong enough to counteract gravity, and it has become a
valuable tool in fields ranging from material science to biotechnology. Understanding how it works starts
with the physics of sound pressure and standing waves.

Principles of Acoustic Levitation
Sound waves are pressure disturbances traveling through a medium like air. When these waves are
intense enough, they exert a measurable force on small objects in their path. This force is called the
acoustic radiation force, and it arises from nonlinear effects in the sound field. "Nonlinear" here means the
pressure variations are large enough that simple linear wave equations no longer fully describe the
behavior.

For levitation to occur, the acoustic radiation force pushing upward on an object must equal or exceed the
gravitational force pulling it down. In practice, this requires:

• Ultrasonic frequencies (typically 20–40 kHz), which are above the range of human hearing and
produce wavelengths short enough to interact with small objects

• High sound intensity, since stronger pressure variations generate greater lifting force

• A carefully designed geometry of sound sources and reflectors to create stable trapping points

The objects that can be levitated are generally small: dust particles, water droplets, small beads, and
biological samples on the millimeter scale or smaller.

Standing Waves and Pressure Nodes
The key to stable levitation is creating standing waves. A standing wave forms when a sound wave reflects
off a surface and interferes with the incoming wave. Instead of traveling through space, the resulting
pattern stays fixed in place, with alternating regions of high and low pressure variation.

• Pressure nodes are points where the pressure variation is at a minimum. These are the spots where
objects can be stably trapped.

• Pressure antinodes are points of maximum pressure variation, located between the nodes.

• The spacing between adjacent nodes is exactly half the wavelength of the sound:

Objects settle at the pressure nodes because the acoustic radiation force pushes them toward these
low-pressure-variation regions. You can think of each node as sitting at the bottom of an acoustic potential
well, a small energy valley that the object naturally falls into and stays in, much like a marble resting at the
bottom of a bowl.
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For a typical setup operating at 40 kHz in air (where the speed of sound is roughly 343 m/s), the
wavelength is about 8.6 mm, so nodes are spaced roughly 4.3 mm apart.

Parameters of Levitation Stability
Several factors determine whether levitation succeeds and how stable it is:

Frequency controls the wavelength, which in turn sets the size scale. Higher frequencies produce shorter
wavelengths and can trap smaller objects. Most laboratory setups operate in the 20–40 kHz range.

Sound intensity directly affects lifting capacity. Greater intensity means a stronger acoustic radiation force,
which allows heavier or denser objects to be levitated. However, pushing intensity too high can destabilize
the trapped object or cause unwanted heating.

Object properties matter significantly:

• The object must be smaller than the wavelength of the sound. If the object is too large relative to the
wavelength, the pressure field can't wrap around it to create a stable trap.

• Denser objects require stronger acoustic forces. Lightweight materials like small liquid droplets or
polymer beads are easier to levitate than dense metals.

Environmental factors such as air temperature and humidity affect the speed of sound, which shifts the
wavelength and node positions. Stable lab conditions help maintain consistent levitation.

Transducer configuration determines the geometry and flexibility of the levitation:

• A single-axis setup uses one transducer facing a reflector, creating a vertical column of nodes. This is
the simplest arrangement.

• Multi-axis setups use transducers along multiple directions, enabling levitation with more degrees of
control.

• Phased array systems use many small transducers whose phases can be individually adjusted. This
allows dynamic repositioning of the trapped object in three dimensions without moving any hardware.

Applications in Science and Industry
Acoustic levitation is useful whenever you need to hold, manipulate, or process small samples without
touching them. Physical contact can introduce contamination, trigger unwanted chemical reactions, or
damage delicate materials.

• Material processing: Molten metals and alloys can be studied in a containerless state, avoiding
reactions with container walls. This yields cleaner measurements of material properties like viscosity
and surface tension.

• Biotechnology: Small biological samples such as blood droplets or stem cells can be suspended and
manipulated without contact, preserving cell integrity during culturing or analysis.

• Chemistry and pharmaceuticals: Tiny quantities of reactive substances can be mixed in mid-air.
Protein crystallization studies benefit from the absence of container surfaces that might nucleate
crystals prematurely. Drug development uses levitated microdroplets for precise dosage testing.

• Space research: Acoustic levitation simulates some aspects of microgravity on Earth, enabling fluid
dynamics experiments without launching payloads into orbit.

• Manufacturing: Delicate electronic components can be positioned and handled without mechanical
grippers that might cause damage.
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• Display technology: Phased array systems can move small particles along programmed paths,
enabling mid-air visual displays and acoustic holography for interactive visualizations.

16.2 Nonlinear effects in sound propagation
Nonlinear acoustics explores sound waves with large amplitudes, causing effects that violate the
superposition principle. This field studies phenomena like wave distortion, new frequency generation, and
amplitude-dependent sound speed, which become significant in high-intensity or long-distance scenarios.

Practical applications of nonlinear acoustics include medical ultrasound imaging, focused ultrasound
therapy, and underwater sonar technology. These utilize effects like harmonic generation and acoustic
streaming to enhance performance, though challenges remain in predicting and controlling nonlinear
phenomena.

Fundamentals of Nonlinear Acoustics

Nonlinear vs linear acoustics
• Nonlinear acoustics studies sound waves with large amplitudes causing nonlinear effects violating
superposition principle

• Linear acoustics assumes small-amplitude sound waves based on linear wave equation

• Key differences include wave distortion, generation of new frequency components, and
amplitude-dependent speed of sound in nonlinear regime

• Nonlinear effects become significant with high sound pressure levels, long propagation distances, or
medium properties strongly dependent on pressure or temperature (shock waves in air, cavitation in
water)

Phenomena in nonlinear acoustics
• Acoustic streaming induces steady fluid flow from high-intensity sound waves transferring momentum
from sound to fluid (Rayleigh, Eckart, Schlichting streaming)

• Radiation pressure exerts time-averaged force by sound waves on objects or interfaces proportional
to sound intensity used in acoustic levitation (manipulation of small particles)

• Acoustic saturation limits sound amplitude growth due to nonlinear effects balancing energy transfer to
higher harmonics with energy input (maximum achievable sound pressure level for given frequency and
distance)

Nonlinear Acoustics in Practice

Nonlinear effects on sound propagation
• Air experiences shock wave formation in high-amplitude sound generating harmonics and spectral
broadening (sonic booms)

• Water enhances absorption of high-frequency components and induces cavitation at high intensities
(underwater explosions)

• Biological tissues increase heating due to nonlinear absorption forming localized high-pressure
regions (focused ultrasound therapy)
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• Solid materials exhibit nonlinear elasticity leading to harmonic generation and dislocation movement
causing microstructural changes (ultrasonic welding)

Applications of nonlinear acoustics
• Medical ultrasound enhances image contrast through harmonic imaging improving resolution via
nonlinear beam forming (fetal imaging)

• High-Intensity Focused Ultrasound (HIFU) enables noninvasive thermal ablation of tissues with
enhanced heating efficiency due to shock formation (tumor treatment)

• Nondestructive testing and evaluation utilize nonlinear effects for improved defect detection (crack
identification in metals)

• Acoustic cleaning and sonochemistry harness nonlinear effects for enhanced chemical reactions
(ultrasonic cleaning of jewelry)

• Underwater acoustics and sonar technology benefit from nonlinear propagation for long-range
detection (submarine detection)

• Challenges include difficulty predicting and controlling nonlinear effects, increased modeling
complexity, and potential unintended biological effects in medical applications (tissue damage in
ultrasound therapy)

16.3 Acoustic cavitation and sonoluminescence
Acoustic cavitation is a fascinating phenomenon where sound waves create, grow, and collapse bubbles in
liquids. This process involves nucleation, bubble growth, and violent implosion, influenced by factors like
acoustic pressure, frequency, and liquid properties.

Sonoluminescence, a related effect, produces light from imploding bubbles. It occurs in single or multiple
bubble forms, with extremely short light pulses and high temperatures. Various theories attempt to explain
this intriguing phenomenon, which depends on factors like acoustic pressure and liquid composition.

Acoustic Cavitation Fundamentals

Process of acoustic cavitation
• Acoustic cavitation forms, grows, and collapses bubbles in liquid triggered by acoustic waves

• Stages of cavitation: 1. Nucleation initiates bubble formation from existing gas pockets 2. Bubble
growth expands bubbles during rarefaction phase 3. Bubble collapse violently implodes bubbles during
compression phase

• Factors influencing acoustic cavitation:

• Acoustic pressure amplitude determines cavitation intensity

• Frequency of sound waves affects bubble size and collapse dynamics

• Liquid properties impact bubble behavior:

• Surface tension resists bubble formation

• Viscosity dampens bubble oscillations

• Vapor pressure influences bubble growth
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• Temperature alters liquid properties and cavitation threshold

• Dissolved gas content provides nucleation sites and affects bubble composition

• Types of cavitation:

• Stable cavitation produces oscillating bubbles without collapse

• Transient cavitation creates short-lived bubbles that violently implode

• Cavitation threshold represents minimum acoustic pressure needed to initiate cavitation (varies with
liquid properties)

Phenomenon of sonoluminescence
• Sonoluminescence emits light from imploding bubbles in sound-irradiated liquid

• Types of sonoluminescence:

• Single-bubble sonoluminescence (SBSL) produces light from a single, stable bubble

• Multi-bubble sonoluminescence (MBSL) generates light from multiple, transient bubbles

• Characteristics of sonoluminescence:

• Short light pulse duration (picoseconds) indicates rapid energy release

• Broad spectrum emission spans from ultraviolet to visible light

• High temperatures inside collapsing bubbles reach thousands of Kelvin

• Potential mechanisms:

• Hot spot theory attributes light emission to thermal radiation from compressed gas

• Bremsstrahlung radiation results from deceleration of charged particles

• Plasma formation occurs due to extreme conditions during bubble collapse

• Quantum vacuum fluctuations propose light emission from vacuum energy

• Factors affecting sonoluminescence intensity:

• Acoustic pressure influences bubble collapse energy

• Liquid composition affects bubble dynamics and light emission

• Dissolved gas content alters bubble composition and collapse temperature

• Temperature impacts liquid properties and cavitation threshold

Applications and Challenges

Applications of acoustic cavitation
• Ultrasonic cleaning removes contaminants from surfaces (electronics, jewelry, medical instruments)

• Sonochemistry enhances chemical reactions:

• Synthesizes nanoparticles with controlled size and shape
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• Modifies polymers for improved properties

• Wastewater treatment utilizes cavitation for:

• Degrading organic pollutants (dyes, pharmaceuticals)

• Disinfecting water by destroying microorganisms

• Treating sludge to reduce volume and improve dewaterability

• Food processing applications include:

• Extracting bioactive compounds from plant materials

• Emulsifying immiscible liquids for stable mixtures

• Homogenizing dairy products for improved texture

• Pharmaceutical applications leverage cavitation for:

• Developing drug delivery systems with enhanced bioavailability

• Preparing liposomes for encapsulation of active ingredients

• Material processing benefits from cavitation through:

• Dispersing particles in suspensions and slurries

• Deagglomerating nanoparticles for improved properties

• Preparing alloys with unique microstructures

Challenges in cavitation utilization
• Scaling up cavitation processes faces difficulties:

• Maintaining uniform cavitation fields in large volumes proves challenging

• Energy efficiency concerns arise due to increased power requirements

• Control and reproducibility issues stem from:

• Sensitivity to environmental conditions (temperature, pressure)

• Variability in cavitation intensity across reactor volume

• Material limitations pose challenges:

• Erosion of surfaces due to cavitation impacts equipment longevity

• Selecting cavitation-resistant materials increases costs

• Energy input requirements present obstacles:

• High power consumption for sustained cavitation raises operational costs

• Efficient transducer designs needed to improve energy transfer

• Safety considerations must be addressed:

• Potential for free radical generation requires proper handling and containment

• Noise pollution in industrial settings necessitates hearing protection
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• Sonoluminescence limitations hinder practical applications:

• Low light intensity restricts use in imaging or energy harvesting

• Difficulty in sustaining stable single-bubble sonoluminescence limits research

• Measurement and characterization challenges complicate research:

• Specialized equipment needed to study cavitation dynamics (high-speed cameras, hydrophones)

• Complexity in quantifying cavitation effects requires advanced analytical techniques

16.4 Emerging technologies in acoustics
Acoustic metamaterials are revolutionizing sound control. These engineered structures manipulate
acoustic waves in ways natural materials can't, enabling innovations like sonic invisibility cloaks and
superlenses. They're changing how we approach noise control, energy harvesting, and medical imaging.

Research in this field is booming, with scientists exploring tunable metamaterials and 3D-printed
structures. While scaling up prototypes remains a challenge, the future looks bright. From quantum
acoustics to immersive audio experiences, these technologies are set to transform industries from
aerospace to consumer electronics.

Acoustic Metamaterials and Emerging Technologies

Emerging technologies in acoustics
• Acoustic metamaterials engineered structures manipulate sound waves in unconventional ways
beyond natural materials (sonic invisibility cloaks)

• Acoustic cloaking technology renders objects "invisible" to sound waves by bending and redirecting
acoustic energy (submarine stealth)

• Sonic crystals periodic structures control sound propagation through band gaps and wave guiding
(noise barriers)

• Phononic crystals materials with periodic density and elastic property variations modify acoustic wave
propagation (vibration isolation)

• Acoustic black holes structures trap and absorb sound energy through gradual property changes
(anechoic chambers)

Principles of acoustic metamaterials
• Negative refractive index bends sound waves opposite to conventional materials enables
superlensing and cloaking

• Subwavelength resonators structures smaller than manipulated sound wavelength allow fine control of
acoustic properties

• Local resonance exploits internal structure resonant behavior creates low-frequency bandgaps

• Effective mass density manipulates apparent mass density experienced by sound waves alters wave
propagation

• Effective bulk modulus alters material's effective compressibility modifies sound speed and impedance
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• Anisotropic properties directional dependence of acoustic properties enables selective wave
manipulation

Applications of acoustic metamaterials
• Noise control enhances sound barriers with improved absorption and reflection selectively filters
frequencies in industrial settings

• Energy harvesting converts ambient sound into usable energy boosts piezoelectric device efficiency
(urban environments)

• Underwater communication improves sonar technology develops acoustic lenses for focused
transmission (marine exploration)

• Medical imaging enhances ultrasound resolution enables non-invasive therapeutic applications (tumor
treatment)

• Architectural acoustics designs spaces with precise sound control creates silence zones in open areas
(libraries, offices)

Research in emerging acoustic technologies
• Active research areas: 1. Develop tunable and reconfigurable metamaterials 2. Explore 3D-printed
acoustic structures 3. Integrate smart materials and sensors

• Development challenges:

• Scaling up laboratory prototypes to practical applications

• Achieving broadband effectiveness in metamaterials

• Implementing cost-effective manufacturing techniques

• Future prospects:

• Acoustic superlenses for super-resolution imaging surpass diffraction limit

• Quantum acoustics and phonon-based computing explore new information processing paradigms

• Acoustic holography creates immersive audio experiences for virtual reality

• Interdisciplinary collaborations combine acoustics with materials science nanotechnology and artificial
intelligence for adaptive sound control

• Industry impact:

• Aerospace: advances stealth technology reduces aircraft noise

• Telecommunications: enhances signal processing and transmission in challenging environments

• Consumer electronics: improves audio quality in compact devices (smartphones, hearables)


