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    Authenticity of the artist’s creations in

order to experience the maximum emotional

responses is the goal of the “Ultimate”

Home Theatre. The human response

becomes autonomous when all the parts of

the system are performing at their calibrat-

ed maximum in an acoustically controlled

environment. In other words: joy to the max.

Further investigation is needed to impress

the importance for control of the environ-

ment in order to achieve this goal. In order

to appreciate the need for physical set-up,

equipment calibration, and acoustic treat-

ments, it is good to understand how human

perception governs why we (acoustical

engineers) prescribe the solutions we may

offer for room layout, noise control, and

sound quality. Each project is unique with

its own set of goals and constraints. Our

hearing system operates best under ideally

prescribed conditions that allow us to col-

lect and process sound unimpeded. Most

playback systems in rooms are far from

ideal. Our job is to match up those parame-

ters with value that the customer appreci-

ates. It is my hope this article will instill a

better understanding of the major role

acoustics plays in home theatre enjoyment.

Human perception is what it’s all about.  

    In the last segment we covered basic

physical properties of sound, and the physi-

ological means of perceiving it: A) How

mechanical vibrations disturb air molecules

that propagate and are collected and

acoustically amplified by the outer ear. B)

How that sound energy is converted back

into mechanical vibrations in the middle ear

in order to create fluid waves in the inner

ear to move hair cells, and C) how that trig-

gers the energy to be converted into electri-

cal impulses sent to the brain. The brain

processes and responds chemically with

motor and emotional reactions like heart

rate, laughter, tears, memories, muscle

movement, and speech.

     This background is beneficial as we

delve into psychoacoustics, which is the

branch of cognitive psychology concerned

with the perception of sound and its physio-

logical effects. The reason being that, if you

understand how amazing and complex the

hearing system is, you will appreciate how

important it is to have your playback system

performing correctly and in an environment

that does not get in the way of the art of the

original signals.

    Psychoacoustics includes the effects

that personal expectations, prejudices, and

predispositions may have on listeners.

Personal experiences influence our judg-

ment for evaluating and comparing sonic

qualities and attributes. The expression that

one “hears what one wants (or expects) to

hear” can be applied to psychoacoustics in

a couple of ways:

    1. We may hear what we are told to hear,

as by a stereo salesman describing what to

listen for prior to demonstrating a pair of

loudspeakers. This psychological pre-con-

ditioning plays on cognitive attention, or

even the desire to please or to be pleased. 

    2. We may hear what is actually missing,

as in the low frequencies of the bass drum

in Michael Jackson’s “Billie Jean” played

over tiny loudspeakers. This is neurobiologi-

cal harmonic inference adaptation based

on personal experience and is called

Spectral Compensation.

    Our experience tells us what is missing

and our brain fills in the blanks. This is extra

work for the brain and often may not be

very accurate. Our brain works hard to

make sense of the world around us in order

to thrive, or even just survive. The brain cat-

egorizes sound, estimates its size, its direc-

tion and distance all within 50 milliseconds.

Hearing tells us more about the environment

around us than any of our other senses.

    Our experience also tells us what

sounds normal or abnormal to us. When

talking about sound reproduction, this sub-

jective analysis is based on what we know,

or more accurately, what we have been

exposed to, up to that point in time. If we

grew up listening to loudspeakers that over-

emphasized bass frequencies, we instinc-

tively prefer loudspeakers that sound simi-

larly familiar, believing that they are correct,

because it is all we know. We haven’t been

exposed to natural musical character. This

type of ignorance understandably abounds

in our industry. Those of us who grew up

playing in the school orchestra or concert

band and/or frequently have our ears cali-

brated by listening to unamplified music,

know what accurate sound is. Quality play-

back equipment, set up right, in an acousti-

cally controlled environment is an experi-

ence very few know. It is the type of experi-

ence that allows the processing brain to just

cruise and be fooled. This is when the maxi-

mum number of neurons trigger the release

of chemicals into the body, causing maxi-

mum emotional response. This is an

“Ultimate” Home Theatre experience. 

    So hearing is not just a bunch of physi-

cal events, it is also perceptual events that

conclude with emotional responses. When a

person hears something that energy is

transformed into neural transmissions that

are analyzed, processed, and acted upon

by the brain. Perception is where much

can go wrong due to the many, many

problems acoustics may inflict upon the

original signal. Note that the anatomical

properties of the ear, the physical charac-

teristics of the environment, and the brain,

are all involved in a person’s listening expe-

rience.

    We don’t want to impose unnecessary

work for the brain to process. Our hearing

mechanism does a lot of work of its own

already. For example, the inner ear does a

significant amount of signal processing

when converting soundwaves into neural

stimuli:

    1. Limiting the level of sound that is too

loud. When we encounter loud noise, a

built-in mechanical limiter goes into action.

Muscles in the inner ear contract, which
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stiffens the linkage that transmits sound

energy, thus reducing sensitivity. This

impedance action is called Acoustic Reflex.

Note that this action takes 60 to 120 ms

after the loud sound occurs to be in full

operation. Note also that the attenuation is

only 12 to 14 dB, and only for frequencies

below 1 kHz. Depending on frequency and

background noise levels, etc., this automat-

ic partial protection response begins

between 75 to 85 dB SPL. This reflex caus-

es what is known as ear fatigue. When lis-

tening to loud sounds, the ear needs to rest

and recover in order to hear accurately

again. This is a work-related hazard for

many recording engineers.

    2. The ear has a nonlinear response to

frequencies at different intensity levels; this

nonlinear response is called perceived

loudness (See Figure 1). Note that different

frequencies are perceived at different levels

of sound pressure in the air. If not for this fil-

tering, we would also experience the con-

stant sound of our heart and other organs,

muscles, footfalls, etc. 

    3. The ear has a nonlinear response to

sounds that are close in frequency that pro-

duce phantom beat notes, or intermodula-

tion (IM) distortion. 

    4. Some differences between waveforms

may be imperceptible––somewhat similar to the

data compression techniques used in MP3, etc. 

    The brain offers further signal filtering or

processing:

    5. Selective hearing. We can sleep in

noisy environments; we can slowly awaken

to an alarm clock, pick out a familiar voice

at a crowded party, or become alert to the

many sounds of possible danger. The brain

has the ability to automatically distinguish

between what sounds are important to us

and what are not. These are forms of noise

adaptation. 

    Let’s look at some basic perception

characteristics of normal (untrained) human

hearing:

    • Frequency range: The normal young

human ear can hear sounds in the range of

16 Hz to 20 kHz. It is most sensitive around

4 kHz. (See Figure 1). The upper limit tends

to decrease with age; most adults are

unable to hear above 16 kHz or even 8 kHz.

Frequencies between 3 and 16 Hz can be

felt by the body. 

    • Resolution:

    o Frequency: 3.6 Hz within the octave

of 1000 to 2000 Hz.

    o Localization: Typically, humans can

detect spatial differences in the front hori-

zontal plane of 1 degree for frequencies

around 1 kHz. We locate and map sounds

by deciphering the differences in time

arrivals between our two ears (mostly below

700 Hz.), which is known as interaural time

difference (ITD), and differences in intensi-

ties (mostly above 700 Hz), which is known

as interaural intensity difference (IID) (See

Figure 2.). 

    The brain analyzes subtle differences in

loudness, timing, and even tone between

our two ears and head (known as Head-

Related Transfer Function or HRTF) to allow

us to localize sound direction. Localization

can be described in terms of three-dimen-

sional position: the azimuth or horizontal

angle, the zenith or vertical angle, and the

distance (for static sounds) or velocity (for

moving sounds). Due to the locations and

orientation of our two ears on our head, we

are best at detecting direction in the front

horizontal plane and much less so directly

above, below, and behind us. Sound events

that occur in these areas cause us to turn

our heads to localize and see the source.

Our brain is also able to analyze and rough-

ly estimate sound distance and size based

solely on our cognitive memory experi-

ences.

    In a proper stereo configuration (about a

60 degrees equidistant triangle), we can

discern direction of sounds between the

two loudspeakers. We hear what is referred

to as  phantom imaging. We can also expe-

rience impressions of sound space in front

of, to the sides of, and behind the loud-

speakers. We can even sense proximity-––

some recordings may present a perspective

that the performers are close in front of you,

others far in front of you, or even around

you. This sense of space envelopment has

a lot to do with reverberation, both in the

recording and the listening space. When

the equipment is set up correctly and the

acoustics are under control, it is amazing

what can be experienced as far as three-

dimensional space from just two loudspeak-

ers.

    It is interesting to note that all of us hear

the same sound differently due to the

unique shapes of outer ears. We “learn”

sounds with “our” ears. If we were to re-

shape our ears, we would have to re-learn

sound.

    When two loudspeakers radiating coher-

ent signals (of about 200 Hz. or above)

arrive at the listener, three location resolu-

tions may occur: Note, these effects cannot

occur correctly if you are not positioned

between the loudspeakers precisely, your

system levels and delays are not correctly

calibrated, there are strong room reflec-

tions, and/or any connection from source to

driver is wired 180 degrees out of phase.

    1. A single event appears at a position

determined by the position of the two loud-

speakers, the signals radiated by them, and

possible room reflections. This occurs when

the signal levels or times of arrival differ just

slightly. This 0 to 673 µs time frame offers a

trading region where the auditory system

sums the two-ear event resulting in a single

“phantom” sound source. 

Figure 1. The approximate (and non-linear) range of Equal Loudness Contours of a young

person with excellent hearing. Note that this represents steady-state signals and that tran-

sient signals are more complicated, as the shorter the signal duration, the louder the signal

must be to be perceived as the same loudness. Note also that these contours are different

for different horizontal angles due to the shape and position of our ears, head, torso, etc.
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    2. A single event appears, but its per-

ceived location is governed by the position,

signal radiation and possible room reflec-

tions by only one of the two sound sources.

The other sound source does not contribute

to the perceived location of the event. When

the two signals differ by more than about 1

ms at the position of the receiver, the loca-

tion of the event is usually determined by

the position and signals radiated by the

source whose signals arrive first. This phe-

nomenon occurs between 673 µs and 30

ms and is called “the law of the first wave-

front” (Cremer 1948)

or “the precedence

effect” (Wallach 1949)

or “the Hass effect”

(Haas 1949).

3. Two events

appear. When one of

the source signals is

delayed about 30 ms

to 80 ms, the event is

no longer aurally

fused and the second

event may be per-

ceived as an echo, or

two separate events

(See Figure 3). Even

out to about 200 ms,

blurring and confusion

may occur. Beyond

200 ms should result

in separate events

being heard, even in a

lively reverberant

room.

• Loudness:

The average person is

able to discern a 3 dB difference in Sound

Pressure Level (SPL), however, a trained lis-

tener can hear a 1 dB difference and under

ideal conditions can detect a 0.25 dB

change around 1 kHz. to 4 kHz. The just-

noticeable difference (jnd) in amplitude is

both frequency and amplitude dependent.

For example, for pure sine waves, the jnd

resolution varies from 3 dB for a 1 kHz. tone

at 10 dB SPL, to 0.3 dB when played at 80

dB SPL. As depicted in Figure 1, we do not

detect all frequencies at the same sound

pressure level—especially lower frequen-

cies require more energy before they are

heard. Transient signals require more pres-

sure than static signals in order to sound

the same level. The shorter the signal, the

weaker the perceived loudness (See Figure

4). 

    This is particularly important for speech

intelligibility. For instance, the consonants at

the end of the words bat, bath and bass are

only about 5, 10 and 15 msec. respectively.

They are not only very short but are lower in

amplitude. This presents a problem in fol-

lowing movie dialogue in a room that is too

reverberant, or not calibrated correctly, etc.

The same problem can occur when the

consonant is at the beginning of words like

bed, fed and shed.

    It should also be mentioned that we can

hear bone-conducted sound via air-born

sound passing through the skull. However,

in a free soundfield, this event is perceived

about 50 dB above that for air-born sound,

and it does not play a role in our spatial

hearing under normal circumstances.

    • Pitch: It should be noted that pitch is a

subjective sensation, where frequency is a

physical term. The thorough explanation

between the two is too complex for this arti-

cle. Pitch discrimination relies on frequency,

sound leveI, duration, etc. In general, from

1 kHz. to 4 kHz. at 80 dB, we are able to

jnd approximately 0.5 percent of a pure

tone. It is interesting to know that two indi-

viduals may hear the same sound and yet

assign the pitch differently. In addition, the

same individual may assign it differently

depending on whether the sound is pre-

sented to the right, the left, or both ears.

Pitch can be perceived as shifting with

intensity, i.e. tones of low frequency can be

perceived as falling in pitch (as much as 12

percent with an increase from 40 to 90 dB

SPL), while tones of high frequencies tend

to rise. Tones between 1 to 2 kHz present

very little change. 

    It is also interesting to compare pitch

discrimination to color discrimination. The

visible spectrum extends just over one

octave (red to violet) and includes 128

jnd’s, whereas the auditory spectrum covers

about 10 octaves and about 5,000 jnd’s.

    • Loudness range: 0 dB (threshold of

hearing) to 130 dB (threshold of pain) SPL.

The energy heard of an extremely loud

sound is about 10 billion times greater than

that of the weakest.  

    • Loudness perceptions: a 10 dB dif-

ference is perceived as a doubling, or halv-

ing of the sound level.

    • Reflection perceptions: Further

observations by Hass led to reporting that

before a “second image” was observed

from a delayed (or reflection simulated) sig-

Figure 2. Solving locations of a sound is done by analyzing

the disparity of time and/or intensity between our two ears

separated and blocked by our head.

Figure 3. Delay versus intensity perception from two sound sources: The listener will per-

ceive the sound as located toward the louder source or earlier source from 0 to 673 µs,

and as an echo when delayed 30 to 80 ms. Between these times, if the delayed source is

about 10 dB or more louder, then the brain will suppress the first and attend the second.
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nal, listeners perceived the single image first

becoming more spacious. The spaciousness

increased with the delay increase, until the sec-

ond noticeable change was observed of

increase in size or shift in position of the image

(See Figure 5).

    Further data from Olive and Toole (1989)

indicates that detection thresholds for side walls

and ceiling reflections are almost identical.

They also report that the dominant effect for the

lateral reflections was spaciousness, while the

vertical was timbre. Reflections that occur in

about the first 80 msec are called early reflec-

tions (See Figure 6). They include the first and

second order reflections from each loudspeak-

er, on each room boundary surface of the room,

as well as furnishings, etc. 

    Reflections in a room continue until they are

absorbed or lose enough energy (amplitude) to

become masked (covered) by stronger sounds.

These later reflections are what we typically

constitute as reverberation. Too little reverbera-

tion in a room is uncomfortable. This is because

the brain becomes confused by the difference

between what the ears expect to hear versus

what the eyes see. Experience tells the brain

that this doesn’t compute—the room should be

smaller. I have taken people into a fully ane-

choic chamber who became nauseous due to

the confusion. That is truly a psychoacoustic

phenomenon. Rooms that are too dead are

uncomfortable to converse in––we tend to feel

anxious and claustrophobic––we even talk

unnecessarily louder. Note that we do not feel

sick when listening with headphones or when

we are outside in an open field, with no reflec-

tions. It turns out that we need to maintain a bit

longer reverberation times in the low frequen-

cies (below about 125 Hz) in small rooms in

order to be comfortable. This is very helpful, as

we’ll see in a future article regarding acoustic

room treatments of low-frequency energy. Too

much reverberation is also never a good thing.

In performance venues, it can be useful, but for

critical listening of recordings it is not. It

obscures the spatial cues, timbre, low-level

details, and limits dynamic range, speech intel-

ligibility, etc. that is part of the storytelling expe-

rience. Ideally, we want a smooth reverberation

decay slope, without any peaks of energy from

reflections. As we will discuss in a future article,

typical reverberation measurements are not

enough to understand what is needed to con-

trol the room-reverberation times. An RT60

measurement will indicate the direct energy,

early reflections, and the reverberant tail, but

only indicate time versus amplitude. We also

need to know time versus frequency across the

spectrum. In addition, we need to study these

measurements at different seating locations. 

   • Timbre: the attribute of auditory sensation

used to differentiate two sounds of the same

pitch, loudness and duration. Unlike frequency,

loudness and duration, pitch has no measure-

Figure 4. Shorter duration signals are less audible than longer

signals. This is especially important for speech intelligibility

versus room reverberation times.

Figure 5. Perceptions of lateral reflections to direct sound in a stereo arrangement.  (A)

Threshold of reflection audibility. (B) Image shift/broadening threshold. (C) Lateral

reflection perceived as  echo. (A & B after Olive and Toole, 1989, C after Lochner and

Burger, 1958). It should be noted that the above curves were conducted using a

recording of speech. Other, more transient sounds, as found in movie soundtracks

would likely result in a lowering of the plotted curves above. In addition, where there

will be more than one reflection and they will be lower in amplitude, the fusion interval

will be much longer. Lastly, if we were to conduct the same experiment in real-world

rooms, with typical reverberation times, these detection curves would be raised signifi-

cantly. This all signifies the need for proper acoustic treatments in order for low-level

details to be heard, and not distort the original signal.
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able scale. Instead, it relies on subjective

descriptors for assigning attributes to

recordings, instruments and venues that

may include: mellow, harsh, rounded,

bright, dry, glassy, warm, soft, woody,

reedy, brassy, airy, heavy, open, com-

pressed, etc. Timbre (pronounced tamber),

applies more to complex tones than to pure

tones. An instrument’s attack, build up, sus-

tain and decay of fundamental and harmon-

ic resonances, help us to recognize and

distinguish the sound of, say, an oboe and

a violin both playing the same note. The

short onset and offset differences, especial-

ly the onsets (approximately 10 to 160 ms in

duration), are important for this recognition.

Uncontrolled reverberation times in the

room can “mask” and otherwise interfere

with these subtleties. 

    Tones consisting of only odd harmonics

tend to sound hollow, and if many harmonics

are present, it tends to sound nasally. When

the fundamental dominates, the sound is

rich. When the 6th or 7th harmonics are

predominant, the sound is rough and biting.

    Timbre primarily consists of the instru-

ment’s fundamental resonant frequency,

plus its set of partials (harmonics). During

the transient attack, the partials may devel-

op at different rates and sustain at different

amplitude levels. Some instruments, like the

pipe organ, can develop the second har-

monic before the fundamental. 

    There are many ways to look at timbre in

order to understand how complex a subject

it is. A primary example would be one we

have all heard; an orchestra tune up just

before they perform so that they are all har-

monizing together. This begins with a refer-

ence pitch produced by the First Chair vio-

linist. She or he plays middle A, which is

440 Hz, and then all the other instruments

tune to match it. In the diagram above (See

Figure 6), the construction of that A note

with its associated harmonics is represent-

ed. You can see that even a simple, single

and sustained, open-string note is made up

of many unique features that our brain can

recognize and distinguish from other instru-

ments playing the same note at the same

time. Note that if she or he were to play with

the bow across a different area of the

string, these relationships would change

dramatically. It is also interesting to know

that when these measurements were ana-

lyzed that the half-amplitude decay time for

the fundamental A-string was 0.5 seconds,

which is about five times longer than the

decays for modes 2 and 3, and about 14

times longer than for modes 4 to 10.

    Because timbre is subjective, what we

measure with test instruments in a complex

signal versus what we perceive may not

correlate well, unlike frequency, pitch, loud-

ness and duration, where our hearing sys-

tem is very capable as a measuring tool. It

is here that we often find ourselves con-

fused. Rarely do we encounter steady-state

or pure tones. Complex waveforms are what

we hear pretty much 100 percent of the

time, and they become even more convolut-

ed as they are processed, amplified, and

transduced by the playback equipment,

and propagate into the room. Wouldn’t it be

cool if there could be a standard means to

rate, say, amplifiers timbrely? Currently, we

must rely on audio equipment reviewers

who have particular biases that we don’t

know about, whose room size and

acoustics we know nothing about, whose

loudspeakers may be easier or tougher to

drive than the ones we want to match up

with, etc. There is little to no way to deter-

mine from a spec sheet or review whether a

piece of playback equipment will fill the

room without fatigue, with micro and macro

dynamics, focus, and sense of space, tonal

balance, musicality, etc. The only real way

to know if a piece of electronics is going to

work in your system to your satisfaction is to

audition it in your system. 

    • Perceptual Adaptation: There are

many forms of aural adaptation that our

hearing mechanism uses automatically. We

have briefly discussed the Precedence

Effect, Acoustic Reflux, Spectral

Compensation, distance/size perception

and noise adaptation. Though there are

many other kinds, there is one very impor-

Figure 6. The direct sound is the source loudspeaker traveling directly to the listener. Early

reflections are the first and second order reflections, usually those from the walls, floor,

ceiling and furnishings. Late reverberation is the continuing reflections bouncing around

the room. This sound energy builds in volume and density in time until the source stops.

High-frequency energies naturally tend to decay faster than mid and low frequencies due

to absorption.
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tant one I would like to mention. There is

probably a technical name for this that

eludes me, but what I’m referring to is

something we have all experienced, and

when we do, it is very apparent. It goes

something like this; you’re engrossed in a

movie, feeling a bit agitated for some

unknown reason—there is conflict in the

plot, but this does not quite explain it. The

antagonist has left the scene, yet your

shoulders are still tense. Then, abruptly,

the room’s air conditioning unit stops. You

and those around you suddenly realize

that it was on all along and now it has

stopped. In an instant, everything is calm

and quiet. That background din was not

noticed until it was missing. You had no

idea that it was annoying you until it was

removed. How wonderful it is to have it

gone. This annoyance disrupted your

movie experience and it will take some

time to get back to the “other reality” you

were in. The brain is programmed to be

alert for, and interested in change, but

the ears never rest. The brain adjusts its

own efficiency by tuning out unimportant

information, and the steady-state fan

noise was deemed unimportant to your

interest in the movie. Such noises need to

be controlled so as not to disturb the expe-

rience.

    I hope that this article helped you to real-

ize and understand how important the phys-

ical set up and calibration of the electro-

acoustical system is to audio perception. In

the next article, we will look at how sound

behaves in small rooms. Small room acoustics

(i.e., home theatres) have limitations and

introduce a new set of issues and rules to

deal with. We’ll talk about acoustical require-

ments for “Ultimate” Home Theatre sound

quality and try to correlate what we’ve

learned from psychoacoustic experiments

in the lab to real-world environments. WSR
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Figure 6. Bowing-point resonance response curve based on measured

dampings of the various modes of a violin A string. (From Reinicke 1967)


