
                  W
ID

E
S
C
R
E
E
N
R
E
V
IE
W

®
                                                                                  

W
W
W
.W

ID
E
S
C
R
E
E
N
R
E
V
IE
W
.
C
O
M

V
O
L
U
M
E
2
7
, N

U
M
B
E
R
5
, IS

S
U
E
2
2
7
, M

A
Y
2
0
1
8

$5.99 US   $7.99 Canada
Volume 27, Number 5
Issue 227, May 2018



Your Home Theatre

    Let’s look at the basic acoustic input/system/output model.

    An acoustic instrument played in a room, be it a voice, guitar,

flute or whatever, has a particular sound that is controlled by its

size, dimensions, construction, etc. Looking at Figure 1, Box 1 is

the input. This is the raw sound of the instrument. Box 2 represents

the sound of the instrument being modified by the way that it is

played: its intonation altered by how and where it is struck,

strummed, damped, opened, etc. As discussed in the last seg-

ment regarding timbre, the characteristics other then pitch and

loudness, are the attributes that distinguish one instrument from

another. It is the onset, envelopment, fundamental and harmonic

resonance and decay that we recognize. The waveforms and their

spectra are different from each other—same when the same

instrument playing the same note at the same amplitude is modi-

fied by altering (controlling) where and/or how it is being played.

Box 3 represents that modified output of the instrument itself.

    Box 4 is the same signal as Box 3 as it leaves the instruments

and enters the room. The output of the instrument is equal to the

input to the room. Though initially there is a direct-path signal to

the listener, the first signal to arrive, this is not what the listener

hears. Box 5 represents the sound being modified by the room.

Here the signal is added to by a flood of signals not included in

the original signal. It contains constructions and deconstructions,

added resonances, and a long train of reflections smeared across

time (See Figure 2). It may even include buzzes and rattles.

    Box 6 is the sound heard by the listener. This is the tortuous

result from the beating given by the room. This model only pertains

    In the last segment, we looked at psychoacoustics and learned

about our hearing acuity and how the brain processes and reacts

to sound. Through this, we realize how important equipment set-up

and calibration, and room acoustics are towards getting the most

gratification out of our experience. We learned about our hearing

capabilities, limitations, sensitivities, and how easy it is to misinter-

pret or miss altogether, important or interesting information due to

a poor playback set-up, calibration and/or environment.

    Most all of the data regarding our hearing system that we have

discussed so far, has been collected in laboratories under ideal

conditions. These chambers have no reflections, ultra-low noise

floors, using pure, steady-state tones, etc. These studies have

been scientific experiments used to characterize and define the

human hearing experience. Conditions are very different from the

unique real-world scenarios we confront every day when we play

sound in a confined space with varying boundary dimensions,

construction, furnishings, etc. Sound behaves quite differently

when contained, especially in small rooms. The sound energy

does not travel past us, never to be heard again, as in free-space.

Sound wave propagation in an enclosed space is heavily influ-

enced (controlled) by everything encountered on the way to the

listener. 

    1. Sound waves will hit and reflect energy from all objects

encountered.

    2. Sound energy interferes with itself as it bounces around the

room.

    3. Sound energy will be absorbed, reflected, and/or re-directed

by all obstacles encountered.

    4. Sound energy can excite (resonate) objects encountered in

the space.

    In addition, external sounds from projector fans, HVAC, plumb-

ing, even sound from outside the room can influence what is expe-

rienced.

Small Room Acoustics

Figure 1. Acoustic Model.

Figure 2. The Direct sound arrives to the listener first. In this

instance, it is a single bang from a single loudspeaker. Its sound is

uncontaminated by the room. Next to arrive are the few early reflec-

tions, which consist of first and second order reflections from the

room boundaries and furnishings. They are separated both in time

and direction. Finally, the dense late reflections arrive. They are an

envelopment of continued reflections arriving from all directions,

which diminish in energy with time.

Norman Varney
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Your Home Theatre

to the acoustic portion of system influence. It does not consider

errors in equipment, set-up, calibration, or hearing loss. Nor does

it include discreet external noise interference.

    Small room acoustics differ from large room acoustics, like

auditoriums, mainly due to the low frequency issues they face: 1)

they are not large enough for the full wavelength to be supported

(20 Hz is 56.5 feet long). 2) They are too small for the wave to

pass by, so they reflect back on themselves causing resonances,

aka; room modes. Other issues are: quick reverberation build- up,

reflections that are very close in time and energy to the direct

sound, and that just about every sonic characteristic seems ampli-

fied in a small room. It is like looking through a magnifying glass.

And with small scales, small adjustments are very noticeable, and

they often affect other attributes. 

    Our specific type of small room acoustics is for critical listening

of sound reproduction, or playback, rather than for performance,

where reverberation can be supportive and enhancing. In critical

listening environments, the sound is to be neutral, pure, with noth-

ing unique. You can argue that this is an unobtainable goal, how-

ever, it is the goal that we acoustical engineers strive to achieve

as best we can under the constraints we are given to work with.

The client enjoyment factor is the end result.

    You can think of sound energy as something malleable and

controllable, and you can think of the room as its mold or contain-

er. Unlike the outdoors, when you “pour” sound into a container, it

fills up, rather than continuing to flow past. Depending on the con-

struction of the container, the boundaries may flex and leak some

sound, but for the most part, the sound remains inside and has

nowhere to go. From a sound quality point of view, this is not a

good thing and must be dealt with. You can also look at small

room acoustics as having a series of unique ailments that require

individual prescriptions:

    1. Noise Control. Controlled by shell design and construction

for; structureborne and airborne vibrations, flanking, HVAC equip-

ment, etc.

    2. Non-linear bass response. Controlled by room dimensions,

shell construction, listener/loudspeaker locations, and acoustic

treatments.

    3. First order reflections and echoes. Controlled by interior

acoustic treatments.

    4. Reverberation times. Controlled by interior acoustic treat-

ments.

    5. Resonances, buzzes and rattles. Controlled by various

coupling, de-coupling, and/or damping treatments.

Noise Control

    By definition, noise control is the applied technology for obtain-

ing a pre-defined acceptable noise environment, aligned with the

known budgetary and physical constraints. Pre-defined by whom

and under what circumstances should be one of the most impor-

tant discussions to take place between the client and the acousti-

cal engineer. The client does not usually think about the fact that

once sound energy enters the structure, it travels throughout and

is nearly impossible to stop. They aren’t thinking about how com-

mon air ducts will flank the sound from the home theatre to the

baby’s room. They don’t realize that insufficient doors for the home

theatre will leak sound and pipe it down the hallway to the study.

They are not realizing that their idea for a mini-fridge may make an

annoying sound every time it cycles on and off. These are just a

few of the things that can make or break the home theatre, or be

super annoying for the client if not covered during the “discovery”

stage of the project. This is where the knowledge and experience

of the acoustical designer is most critical. He should be raising

complex questions and be able to offer appropriate solutions. He

is the expert.

    Noise control is the same as noise reduction. In coordination

with the client, specific criteria should be determined. With those

specs, mathematical models can be constructed to estimate the

anticipated noise issues and to determine the most economic

solution to meet the specification. The difference between the esti-

mated and the goal is the amount of noise reduction needed to

provide the acceptable environment. We’ll talk about some of

these specs in the next segment.

Structureborne Sound Transmission

    Structureborne sound transmission is mechanical energy that is

imparted directly into the building structure via a steady-type

vibration or impact. It is then communicated through the intercon-

nected structure to other rooms, where the material surface is

forced into vibration, re-radiating the noise. Common examples of

structureborne sound would be: footfalls, loudspeakers resting on

the floor or fastened to the wall, connected plumbing and duct-

work, coupled appliance motors, etc. It can also originate from

outside such as: air or street traffic, thunder, rain, a sonic boom,

etc. Though the structure may be closed up tight, these sound

energies can cause the shell to vibrate enough to be heard or

even felt.

Airborne Sound Transmission

    Airborne sound transmission originates in the air and is then

communicated elsewhere in the building. Examples of airborne

noise include: talking from outside making its way in via a small

gap in the doorjamb, music from a stereo entering ductwork that

has an opening in another space. 

    Airborne Sound Transmission Can Become Structureborne

Sound transmission.

    For example, the sound waves from the stereo traveling in the

Figure 3. Common Structural Sound Transmission Paths for

Coupled Construction.  Once vibration enters a rigidly connected

structure, it travels to all points. Note that the red flanking lines rep-

resent all corners of the room. 
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air may also strike a wall surface, forcing it into vibration, which

generates a new sound source on the other side of the partition.

The sound waves are air pressure variations above and below

atmospheric pressure, which causes the partition’s mass to move,

and though the movement is relatively small, it can be heard in the

other room. The wall acts as a loudspeaker.

Flanking Sound Transmission

    Flanking sound transmission is when sound from one space is

transmitted to another by a path other than the common partition

between them. Flanking transmission paths may be airborne or

structureborne or a combination. (See Figure 3) They can be

transmitted through ceilings, walls and floors that are rigidly con-

nected to each other. Structureborne sound transmission is much

more difficult to control than airborne, especially at low frequen-

cies. Introducing structural breaks along the path, such as isola-

tion joints and resilient connection methods, is a means of control-

ling the energy from being transferred. We will discuss a few

examples in the next segment.

    Noise control may represent a single source or multiple

sources. These may be transferred to other spaces along one or

more paths. We can address noise control at three different points,

or a combination of them:

    1. At the Source. This might include reducing the volume of

sound power at the source, or enclosing it in something heavy

and/or absorptive. It might mean modifying a vibrating panel’s stiff-

ness, mass or size, or applying a damping material. It may include

vibration isolators, or installing a resilient floor, walls and/or ceiling.

    2. Along the Transmission Path. This may include maximizing

the distance between the source and the receiver, adding mass to

boundary surfaces, incorporating isolation breaks, resilient sup-

ports, and sealing all openings, penetrations and cracks and/or

the addition of absorptive materials, etc. 

    3. At the Receiver. Typically earplugs, or some kind of mask-

ing device is often a simple solution. If the receiving end happens

to be the home theatre, you’ll have to rely on points 1 and/or 2.

Non-linear Bass Response

    Linear bass response is what most listeners consider to be the

most important aspect of sound quality. It is very apparent when

the low frequencies sound out of balance. It not only has to do

with tonality, but also dynamics and articulation. Things may

sound thin and weak, and lacking any tactile stimulation. On the

other hand, things may sound boomy with particular notes stand-

ing out from the others. It is not just a matter of the quantity of the

bass information, but of the quality. Accurate weight and impact

give authentic size to the voice of the instrument. Much of a

soundtrack’s power and dynamic range is conveyed in the low-fre-

quency spectrum. The highly coveted punchy bass drum can give

rhythm and drive to a soundtrack, but not when it sounds slow and

bloated, which can be attributed to energy lingering in the room

due to many factors we will discuss here. Of course, the electron-

ics play a role too, as do the loudspeakers, and even the cables

connecting them. Impedance matching between the amplifier,

loudspeaker cables, and loudspeakers is very important to how

the system sounds and performs. An amplifier that is lacking

enough current capability, loudspeakers that are difficult to drive,

a very large room, very loud playback volume, etc. can cause

non-linear bass response, etc.  Loudspeaker manufacturers work

hard to incorporate drivers and enclosure systems that don’t audi-

bly resonate, causing certain notes to sound louder than others.  I

am assuming great-performing, neutral-sounding electronics, just

as we are striving to place them in a neutral environment. The end

result is bass definition with distinct pitch for every note, not simply

a low frequency, along with effortless dynamic range and power

when played at soft, normal and loud volumes.

    Non-linear bass response in the room is a huge topic and I

have to be brief. The bass range is generally considered as 250

Hz and below. Typical rooms may have bass response variances

of easily 30 dB, even 40 dB SPL! There are four primary areas that

control the acoustic bass response in small rooms.

    1. Room Dimensions.

    a. The longest dimension of the room dictates the lowest fre-

quency that can develop and be supported by the boundaries of

the room. 

    b. Larger rooms have fewer problems with bass variations,

as well as avoiding listeners from being close to boundaries,

which is problematic for more reasons than just bass build up. 

    c. Room modes exist regardless of shape or size. They are

room resonances that work with the same principals as woodwind,

brass, some percussion, and string instruments with resonators

like a violin or acoustic guitar. Particular notes, whose wavelengths

mathematically match up with the enclosed dimensions (and mate-

rial characteristics), resonate modes in the system. This is a cou-

pled motion of the boundary plates and the enclosed air. As can

be seen in the photographs, shape plays a role in not only what

modes, but how they are distributed in the space. (See Photo 1) A

rectangular room is much more predictable than an oddly shaped

room. This means that it is more controllable as well.

    So when a frequency whose half wavelength between two paral-

lel surfaces is reflected back, such as the two side walls of a home

theatre, a standing wave (room mode) occurs of the first-order res-

onance. This causes a high-pressure peak at the boundary sur-

faces and a trough, or null, halfway between the walls. The high-

pressure areas will be bass heavy, while the low-pressure areas

will be bass shy. When standing in the middle while playing the

fundamental mode frequency (dictated by the distance between

the walls), you may hear little sound. This is because the oncom-

ing wave is phase cancelling the reflected wave. Move next to the

wall and the bass will be loud. Thus, you can move around in the

room and find huge differences in bass response. A second-order

mode (one wavelength and double the frequency) produces three

high-pressure peaks between the two walls, and two low-pressure

troughs, and so on with multiples of the fundamental mode. (See

Figure 4). This is only of interest up to about 250 Hz, after which

the energies are very small, and the number of modes so numer-

ous and close together that they become indistinguishable. The

same issue applies to all three axes; length, width and height. In

addition, but to a lesser degree, there is the issue of the tangential

and the oblique modes, because they are denser and are of less

energy, due to common construction absorption. The interest is in

even distribution of the modes. For instance, a cube has the worst

distribution of modes, as the three axial dimensions are the same

and produce the same modes, reinforcing each other. The idea is

to have dimensions that displace the modes so that they don’t

reinforce each other. It is more involved, but you should avoid

dimensions that are simple multiples of another. In the typical real

world, the construction of the room may throw the theoretical out
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the window. Dimensional ratios are only a part of the equation.

    2. Shell Construction is a very big part of bass response; the

construction materials and methods, the shape, the penetrations,

resonances, etc. add and subtract bass energy. Imagine how a

concrete bunker sounds compared to rice paper walls. In the first

instance the energy is contained and lingers in the room, and in

the second, it passes right through and has no support. For both

noise control and sound-quality control, we need a shell system

that is somewhere between the two. This requires a fine balance of

incorporating enough mass, stiffness and damping to support just

the right amount of bass energy, with enough flexure to absorb

bass energy, all while being sealed air-tight for noise control. At

the same time, we need to control cavity resonances and vibra-

tions. Understand too that every construction type will offer different

absorption and reflection properties. Different frequencies will be

absorbed, reflected or pass through at different rates. This response

plays along with those governed by the room dimensions.

    3. Listener/Loudspeaker Locations can be calculated from the

room dimensions. Once the room dimensions are determined, the room

mode peaks and trough locations can be estimated so that the listener

and loudspeakers can avoid them. Placing the listener halfway

between the two side walls is unavoidable for good sound quality

because of the importance of symmetry in the horizontal plane. It’s a

room––therefore there will be room modes. Other than that, one can

avoid the other most problematic axial modes for both the loudspeakers

and primary listener. Other listening positions will unavoidably suffer.

As previously mentioned, placing listeners and loudspeakers near

room boundaries will amplify the room’s low-frequency modes. 

    4. Acoustic Treatments for low frequencies are very difficult to

implement due to the large wavelengths involved. Certainly the above

three solutions can be classified as “treatments.” These are the most

effective means of controlling the low frequencies. However, other

types of bass absorbers can be built into, or onto the shell for fine-

tuning and/or when there are unavoidable construction obstacles. 

    a. Resistive Absorbers are porous materials that force air

particles through convoluted pathways that convert the energy into

heat. They work best located where particle velocity is at its maxi-

mum, which from a boundary surface is one-quarter wavelength away.

    b. Diaphragmatic Absorbers, membrane or resonant

devices work where sound pressure is maximum––just the oppo-

site of resistive absorbers. Corners and mid-wall points are the pri-

mary locations.

    The above absorptive and damping type treatments are pas-

sive solutions that lower the pressure maxima and raise the pres-

sure minima. This attenuated smoothing lowers the Q-factor, which

broadens the affected frequency range––all good attributes. There

are other less-common passive means such as; Helmholtz resonators

(high Q), large reflectors or diffusers (too big and makes chaos of

the modes), subwoofer management (limited to 80 Hz, etc.), and

there are active-type devices such as; electronic equalizers, active

Photo 1. Resonant modes of an acoustic guitar visualized by holographic

interferograms. (Richardson and Roberts 1985)
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absorbers using loudspeakers combined with microphones, ampli-

fiers and control networks. This author is a fan of passive treat-

ments because the electronic devices have so many inherent

audible problems. They are what I reach for last, if necessary.

We’ll discuss equalization, etc. in more detail in the calibration

segment.

    To conclude, regarding low-frequency control for natural-fre-

quency response in small rooms:

    • Low frequencies have long wavelengths and lots of energy;

therefore, they are very difficult to control.

    • The construction dimensions, materials, methods, loud-

speaker and listener locations, even the door type and its loca-

tion are major influencers on bass response.

    • There is a delicate balance between noise control and

sound-quality control.

    • Good computer modeling may get you in the ballpark, but

actual on-site test measurements are the only way to know what

you’re dealing with, and/or how well you’re dealing with it. 

First Order Reflection Points And Echoes

    Early Reflections include first order reflections, which are easy

to figure out their location and remedy. For each loudspeaker

and each listening position there is a first reflection point on

each of the six room surfaces. Their time differences vary depend-

ing on the distance between the source and the listener within the

space. In a typically reverberant room, this information tells us

where the source is and where the boundaries are. In a lively

reverberant room, things get convoluted and hard to interpret.

When a reflection is delayed by more than about 30 milliseconds

(33 feet of propagation), an echo may occur. Early reflections

cause interference, which may affect spatial cues and timbre, as

well as speech intelligibility, dynamics, etc. Ideally, the room soni-

cally (and visually) disappears when you are enjoying a movie.

The early reflection intensities at the listening points can be esti-

mated incorporating a few math formulas when you know the out-

put specifications of the loudspeaker and include the noise reduc-

tion coefficients of the building materials, furnishings, total

absorbent surface area, area volume that makes up the room,

geometry using Pythagoras theorem for path length, and the esti-

mated reduction in sound intensity due to the inverse square law,

etc. We’ll get into this more later (without equations), but the goal

is to have these first reflections attenuated by a good 15 dB SPL

or more in order to remove the unwanted influence of the room.

When doing so, you can imagine that it has a strong effect on the

reverberation tail that follows!

    Reverberation is the acoustic energy in a space that lingers on

after the sound source is stopped. It consists of several elements,

including the early reflections and the dense field of reflections that

build up to a steady state until the sound source is removed. After the

stimulus is removed, the reverberant energy will begin to decay over

time into the noise floor of the space. The rate of decay (called RT60)

is typically expressed in seconds for the amount of time the rever-

beration sound-pressure level decays by 60 dB. (See Figure 6). In

actual measurements, this is often interpolated from RT20 or RT30

measurements, and it is certainly the first 20 dB or so that are

most important to us. Because reverberation prolongs the event, it

is most damaging to speech and other short duration events. 

    Remember that when sound energy impinges of an obstacle

that obstacle will alter the energy by absorbing, reflecting and/or

re-directing, or transferring some of it to the other side. For exam-

ple, when sound hits the wall of the room, some of the energy is

reflected by the wall back into the room, some of it is transmitted

Figure 4. Fundamental Axial Room Modes

Figure 5. Room Mode Types. Axial modes include two surfaces,

tangential includes four, and oblique includes all six surfaces.

Their energies typically decline as more surfaces are involved.

Figure 6. The linear time and amplitude evolution of the reverberant

sound field in a room. The reverberant field is the next stage of sound

energy after the early reflections. Between the early reflections and the

build-up of the reverberant field is what is called the Initial Time Delay

Gap (ITG or ITD). In small rooms the ITG is usually obscured by the

rapid build-up of the reverberant field, but in large rooms, it can be very

obvious.
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through to the other side of the wall and re-radiated, and some of

the energy is absorbed by the wall. How much, and what frequen-

cies are effected by which, is a matter of construction materials

and methods. The wall cavity can even be excited and resonate like

a drum in sympathy to the forces impinging upon it, ringing back

into the room, after the source has

stopped. Try hitting your fist softly

between studs of the common

American home, and you’ll typically

hear about a 60 Hz note. This tuning is

a function of the surface mass of the

drywall skin and the thickness of the

3.5-inch airspace causing adiabatic

compression. So, anytime 60 Hz is

played to the walls by the soundtrack,

the walls play back, later in time,

adding their own drone to the mix,

making the sound muddy and inarticu-

late. This actually adds to the reverber-

ation time of the room in that frequency

range. 

    In small rooms the time distance

between the direct sound, the early

reflections and the reverberation tail is

short compared to large rooms. The

reflections consist mostly of mid and

high frequencies and deal with what

are called ray acoustics. Ray (spectral)

acoustics deals with simple geometry

and how the angle of incidence equals

the angle of reflection. Low frequen-

cies either pass through, are unsup-

ported, or set up standing waves

(wave acoustic math formulas). (See

Figure 7)

Reverberation Times

    As mentioned, the reverberant sound or late reflections arrive

after the group of early reflections. These signals can certainly

affect spatial cues and timbre, but they especially affect speech

intelligibility, dynamics and low-level resolution. The time it takes

for reverberation to occur, like early reflections, is a function of: 1)

room size––the smaller the room, the shorter the reverberation.

This is because of the shorter travel time between reflection points.

2) The absorption coefficients found in the space that transform

sound energy into heat energy. Sound will continue to bounce

around until it is absorbed to the point of becoming inaudible. The

more sound absorption in the room, the shorter the reverberation

times are. 

    It is best to talk about reverberation times in plural terms, rather

than a singular time, as is most common. A single number only

tells what the reverberation time is at one specific frequency, usu-

ally 500 Hz or 1,000 Hz. It is often taken using a gun or balloon as

the signal source, which does not allow for reverberation build-up.

This may work for a conference room, but we need to know specif-

ically what the times are across the audible spectrum. This is how

we know what type of acoustic treatment needs to be utilized, how

much of it, and where it needs to go.

    When we address the first order reflection points with acoustic

treatments, we simultaneously address the reverberation times to a

significant extent—a double hit with a single shot. The trick is not

Figure 7. Different mathematical formulas apply to different regions of

the audible spectrum, which are determined by the room dimensions:

A) Frequencies below those supported by the room boundaries––no

room modes. These wavelengths are larger than the room. B) Wave

acoustics, where room modes dominate. The wavelengths are com-

parable to the dimensions of the room. This region begins with, and is

controlled by, the room’s longest dimension. Its upper boundary is

approximate and governed by a formula called the Room Cutoff or

Cross 0ver Frequency, which incorporates the room’s reverberation

times. C) Transitional range where diffusion and diffraction dominate.

Wave acoustics still apply. D) Ray acoustics where specular reflec-

tions dominate. The wavelengths are small compared to the dimen-

sions of the room. 

Figure 8. Actual reverberation measurements of a home cinema rep-

resenting how reverberation time varies with frequency. Note the

unique reverberation signature of the untreated room (yellow line).

This is why every room sounds unique. FRP is a family of engineered

acoustic panels. 
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to overdo it, to do it linearly,

and to do it across a wide

bandwidth. Typical 1-inch and

2-inch fiberglass boards are

only effective down to about

500 Hz, which is only the top

half of a keyboard. (See Figure

8). It makes for severely unbal-

anced sound quality and is

what most people use. When

modeling for reverberation esti-

mation, after first order reflec-

tions are accounted for, there

will be some residual reverber-

ation, as well as the lower-fre-

quency range to address.

Typically, the first order reflec-

tions do not need to address

the bass range. A well-engi-

neered room will have linear

reverberation times down to

about 125 Hz, where a slight

increase is desirable from the

psychoacoustic issue dis-

cussed in the last segment; if

the low frequencies don’t jive

sonically with the visual size of

the space, the brain becomes

confused, sometimes to the

point of making us physically

uncomfortable. So, a little

longer decay below 125 Hz is a good thing. This works in our favor

because of the fact that low frequencies are so difficult to mitigate

to begin with.

Resonances, Buzzes And Rattles

    I’ve discussed how the room can resonate both by room modes and

the cavities of the walls, floor and ceiling. Risers are notorious for

adding resonances to the original soundtrack, as is HVAC ductwork.

Screen housings and amplifier heat sinks can ring at relatively high

frequencies with the clap of the hand. I’ve run into a spring suspension

system in a cinema seat that caused bone conduction anytime 90

Hz was played, which is often (See Photo 2). Resonances can occur

in just about anything that is enclosed on all sides or has one open

side. It can even be simply a plate or bar, like an open shelf, etc. Just

about everything has a resonant frequency that can be excited with

enough energy transferred to it mechanically or via soundwaves.

    Resonances may sympathize and sing along (and later in time)

with the output of the loudspeakers, they can transfer vibrations to

adjacent spaces, or coupled surfaces, and interfere with the per-

formance of the equipment. The solution may be de-coupling, stiff-

ening the support with bracing and/or adding mass, different

means of damping, absorption, etc.

    Buzzes and rattles are resonances to be sure, but are the result

of the moving object hitting another surface. Buzzes are mid to

high in frequency. They can be loudspeaker drivers that need to

be tightened down, small trinkets, HVAC register grills, etc. Rattles

are the same occurrence, but in the low-frequency range. These

are generally larger objects like doors, windows, etc. Installing

some type of resilient material between the two materials is gener-

ally the solution. A tone generator played through the system will

help to easily identify buzzes and rattles.

    Renounces, buzzes and rattles are noises introduced by the

room and its furnishings. They can be a distraction and reminder

that you are not in the movie but only an observer at home who

needs to handle the issue as soon as the movie is over.

    In the next article, I will go into construction specifications,

specifications for electronic components, construction material

testing, and “Ultimate” home theatre acoustic specifications. WSR

______________________________________________________________

    Norman Varney is the owner of AV RoomService, an acoustic

design company that also offers a few acoustical products. Having

been in the noise control and sound quality industries for decades

he has earned awards for acoustical products and room designs

while working for A/V RoomService, Kinetics Noise Control, Owens

Corning Science & Technology Center and MIT. Mr. Varney has

presented white papers to the industry and written articles on

acoustics for numerous publications over the years, as well as par-

ticipated in seminars and panel discussions. He is an active mem-

ber of ASTM (Committee E-33 on Building and Environmental

Acoustics), Acoustic Society of America, Institute of Noise Control

Engineering, AES, NAMM, CEDIA, etc.

Photo 2. Cinema seat spring suspension that caused a 90 Hz annoying

bone conduction to the middle ear. The solution was to damp the sys-

tem with a compliant rubber between the springs and the suspension.
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